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Part 15 FCC Rules

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

This device complies with Part 15 of the FCC Rules. Operation is subject to the following two conditions:

1. This device may not caise harmful interference, and

2. this device must accept any interference received, including interference that may cause undesired operation.

Industry Canada (IC)

This Class [B] digital apparatus complies with Canadian ICES03 & ICRSS247 Rules.

Operation is subject to the following conditions:

1. This device may not cause interference.

2. This device must accept any interference, including interference that may cause undesired operation of the device.

Privacy of communications may not be ensured when using this telephone.

Class B Digital Device or Peripheral

Note: This device is tested and complies with the limits for a Class B digital device, pursuant to Part 15 of the FCC Rules.
These limits are designed to provide reasonable protection against harmful interference in a residential installation.
This equipment generates, uses, and can radiate radio frequency energy and, if not installed and used in accordance
with the instructions, may cause harmful interference to radio communications. However, there is no guarantee that
interference will not occur in a particular installation. If this equipment does cause harmful interference to radio or
television reception, which can be determined by turning the equipment off and on, the user is encouraged to try to
correct the interference by one or more of the following measures:

1. Reorient or relocate the receiving antenna.

2. Increase the separation between the equipment and receiver.

3. Connect the equipment into an outlet on a circuit different from t hat to which the receiver is connected.
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Consult the dealer or an experience radio/TV technician for help.

WEEE Warning

To avoid the potential effects on the environment and human health as a result of the presence of
hazardous substances in electrichand electronic equipment, end users of electrical and electronic
equipment should understand the meaning of the crossed -out wheeled bin symbol. Do not dispose

of WEEE as unsorted municipal waste and have to collect such WEEE separately.

Customer Feedback

We are striving to improve our documentation quality and we appreciate your feedback. Email your
opinions and comments to DocsFeedback@yealink.com
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GNU GPL INFORMATION

Yealink IP phone firmware contains third - party software under the GNU General Public License (GPL). Yealink uses

software under the specific terms of the GPL. Please refer to the GPL for the exact terms and conditions of the license.

The original GPL license, source code of componats licensed under GPL and used in Yealink products can be
downloaded from Yealink web site:

http://www.yealink.com/GPLOpenSource.aspx?BaselnfoCateld=298NewsCateld=293&Cateld=293.
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About This Guide

About This Guide

This guide is intended for administrators who need to properly configure, customize, manage,
and troubleshoot the IP phone system rather than end-users. It provides details on the
functionality and configuration of IP phones.

Many of the features described in this guide involve network settings, which could affect the IP
phonedgs performance in the network. So an understand:i
knowledge of IP telephony concepts are necessary.

Documentations

This guide coversSIPVP-T49G,SIRT48G,SIRT46G,SIRT42G,SIRT41P,SIRT40P,SIRT29G,
SIRT27P, SIRT23P/G SIRT21(P) E2SIRT19(P) E2and CP860IP phones. The following related

documents are available:

Quick Start Guides, which describe how to assemble IP phones and configure the most
basic features available on IP phones.

User Guides, which describe the basic and advanced features available on IP phones.

Auto Provisioning Guide, which describes how to provision IP phones using the
configuration files.

Description of Configuration Parameters in CFG Fileswhich describes all configuration

parameters in configuration files.
<y0000000000xx>.cfg and <MAC>.cfg template configuration files.

IP Phones Deployment Guice for BroadSoft UG One Environments, which describes how to

configure BroadSoft features on the BroadWorks web portal and IP phones.

For support or service, please contact your Yealink reseller or go to Yealink Technical Support
online: http://support.yealink.com/ .

Conventions Used in Yealink Documentations

Yealink documentations contain a few typographic conventions.

You need to know the following basic typographic conventions to distinguish type s of in-text

information:
Convention Description
Highlights the web/phone user interface items such as menus,
Bold menu selections, soft keys,or directory names when they are
involved in a procedure or user action (e.g.,Click on



http://support.yealink.com/
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Convention Description

Settings ->Upgrade ).
Also used to emphasize text (e.g.,Important! ).

Used to show the format of examples (e.qg., htto(s).//[IPv6
address}, or to show the title of a section in the reference
ltalics documentations available on the Yealink Technical Support
Website (e.qg., Triggering the IP phone to Perform the Auto
Provisioning).

Used for cross references to other sections within this

documentation (e.g.,refer to Ring Toneson page 813), for
Blue Text ) ] ]
hyperlinks to non-Yealink websites (e.g, RFC 331% or for

hyperlinks to Yealink Technical Support website

Used for hyperlinks to Yealink resources outside of this
documentation such as the Yealink documentations (e.g.,
Yealink SIPT2 Series T19(P) E2 T4

Series CP860 W56P _IP_Phones Auto_Provisioning Gyide

Blue Text in Italics

In This Guide

The information detailed in this guide is applicable to firmware version 80 . The firmware format
is like x.x.x.x.romThe second x from left must be equal to 80 (e.g., the firmware version of

SIRT23G IP phone: 44.8®.60.rom). This administrator guide includes the following chapters:

Chapt @mnodud QveyiewDZ descri bes the SIP components

Chapt &ettin@Start§dDZ descri bes how t o i nscorfigulatioa nd
methods and resource files.

connect

Chapter 3,]Configuring Basic Feature®Z descri bes how to configure

phones.

Ch apt €onfigdring Advanced FeaturedDZ descri bes how to configure

features on IP phones.

Ch apt €onfighring Audio FeaturedZ descri bes how to configure

IP phones.

Chapter 6, Cgnfiguring Video FeaturesDZ descr i bes h o widéodeataresorf i gur e

IP phones.

Chapter 7, Cgnfiguring Security FeatureddZ descri bes how to configure

on IP phones.

Chapter 8, TrgubleshootingDZ descri bes how to troubl eshoot

common troubleshooting solutions.

Chapter9, AppendixDZ pr ovi des the gl ossary, reference

compliant with RFC 3261 SIP call flows and the sample configuration files.

vi


http://www.ietf.org/rfc/rfc3315.txt
http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage
http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage
http://www.ietf.org/rfc/rfc3261.txt

About This Guide

Summary of Changes

This section describes the changes to this gude for each release and guide version.

Changes for Release 80, Guide Version 80.132

The following sections are new for this version:

Local Conferenceon page 385

Output Resolution on page 500

Static NAT on page 724

Video Conferencing on page 758
Configuring Cloud Settings on page 760
Configuring H.323 Settings on page 775
Dual-Stream Protocol on page 798
H.323 Tunneling on page 802

H.460 Firewall Traversabn page 806
Intelligent Firewall Traversalon page 808

H.2350n page 809
Major updates have occurred to the following sections:

Physical Features of IFPhoneson page 4
Verifying Startup on page 38

Reading Icons on page 39

ScreenSaver on page 116

Power Savingon page 123

Configuring Cloud Settings on page 760
Call Displayon page 166
SearchSourcein Dialing on page 261
Auto Answer on page 300

SIPIP Direct Auto Answeron page 307
Allow SIPIP Callon page 308

Automatic Call Distribution (ACD)on page 552
Reserved Portson page 719

Audio Codecs on page 841

Jitter Buffer on page 863

vii
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Getting Information from Talk Statistics on page 953
Appendix D: Configuring DSS Keyon page 987

Appendix F: Configurations Defined Never be Saved to<MAC> -local.cfg file on page 1007

Changes for Release 80, Guide Version 80.131

The following section s are new for this version:

Site Name on page 137

Idle Clock on page 138
Major updates have occurred to the following sections:

Reading Icons on page 39

SIPIP Direct Auto Answeron page 307

Allow SIPIP Callon page 308

DTMFon page 451

NAT Traversalon page 727

Rport on page 739

Audio Codecs on page 841

Video Codecson page 876

Secure RealTime Transport Protocol on page 908

Appendix F: Configurations Defined Never be Saved to<MAC> -local.cfg file on page 1007

Changes for Release 80, Guide Version 80.1 30

The following section is new for this version:
Power Savingon page 123
Major updates have occurred to the following sections:

Reading Icons on page 39
ScreenSaver on page 116
NTP Time Serveion page 176
Key As Sendon page 232
Call Parkon page 431
DTMFon page 451

Ring Toneson page 813

Power and Startup Issueson page 978

viii
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Appendix C: TrustedCertificates on page 986

Changes for Release 80, Guide Version 80.95

Major updates have occurred to the following sections:

Transport Layer Security on page 897

Appendix C: Trusted Certificates on page 986

Changes for Release 80, Guide Version 80.91

The following section is new for this version:
OnscreenKeyboard Input Method Customization on page 208
Major updates have occurred to the following sections:

Reading Icons on page 39

Obtaining Configuration Files and Resouce Fileson page 54
Configuring Transmission Methods of the Internet Port and PC Porton page 88
Wi-Fion page 142

Customizing Softkey Layout Template File on page 223

Customizing a Local Contact File (Color Screen Phones)n page 274
Recent Call In Dialingon page 422

Bandwidth on page 493

External Monitor on page 499

Shared Call Appearance(SCA)on page 560

VQ-RTCPXFon page 695

Sending Volume on page 838

Audio Codecs on page 841

Video Codecson page 876

Appendix F: Configurations Defined Never be Saved to <MAC> -local.cfg file on page 1007

Changes for Release 80, Guide Version 80.90

The following section is new for this version:
Exporting All the Diagnostic Fileson page 960
Major updates have occurred to the following sections:

Expansion Module on page 17
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Connecting the Handset and Optional Headset (not Applicable to CP860 IP Phones)yn
page 28

Connecting the Power and Network on page 30

Configuring Transmission Methods of the Internet Port and PC Porton page 88
Backlight on page 132

Incoming Intercom Calls on page 470

BusyLamp Field (BLF)on page 528

Voice Quality Monitoring on page 692

Sending Volume on page 838

Capturing Packetson page 945

Changes for Release 80, Guide Version 80.82

Major updates have occurred to the follow ing sections:

Verifying Startup on page 38
Reading Icons on page 39

Incoming Intercom Calls on page 470

Changes for Release 80, Guide Version 80. 81

Documentations of the newly released SIPVP-T49G IPphones have also been added.The

following sections are new for this version:

Answer By Handon page 492

Bandwidth on page 493

Screenshot and Recordingon page 496

Reserved Portson page 719

Configuring Video Features on page 867

Getting Information from Talk Statistics on page 953

Major updates have occurred to the following sections:

Connecting the IP Phoneson page 19

Wi-Fion page 142

Customizing Softkey Layout Template File on page 223
Customizing a Directory Template Fileon page 258
Voice Quality Monitoring on page 692

Quality of Serviceon page 712
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TR069 Device Managementon page 742
Audio Codecs on page 841

Capturing Packets on page 945
Troubleshooting Solutions on page 961
Appendix B: Time Zoneson page 985

Appendix F: Configurations Defined Never be Saved to <MAC> -local.cfg file on page 1007

Changes for Release 80, Guide Version 80. 80

This version is updated to incorporate CP860 IP phones.Documentations of the newly released
SIRT40P IP phones have also been addedThe following sections are new for this version:

Conventions Used in Yealink Documentationson page v
Wi-Fion page 142
Major updates have occurred to the following sections:
Expansion Module on page 17
Bluetooth on page 139
Auto Answer on page 300
Session Timeron page 350
Dialog Info Call Pickup on page 419
Methods of Transmitting DTMF Digit on page 451
Busy Lamp Field(BLF)on page 528
Multicast Paging on page 582
Action URI on page 638
VPN on page 687
Quality of Service on page 712
NAT Traversalon page 727
IPv6 Supporton page 748
Distinctive Ring Toneson page 818
Viewing Log Fileson page 929
Troubleshooting Solutions on page 961

Appendix F: Configurations Defined Never be Saved to<MAC> -local.cfg file on page 1007

Xi
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Changes for Release 80, Guide Version 80. 60

Documentations of the newly released SIRT19(P) E2 IP phones have also been added’he

following sections are new for this version:
Ringing Timeout on page 474
Shared Call Appearance(SCA)on page 560
Bridge Lines Appearance (BLApn page 572
Short Message Service (SMSpn page 581
Appendix F: Configurations Defined Never be Saved to<MAC> -local.cfg file on page 1007

Major updates have occurred to the following sections:

Documentations on page v

Expansion Module on page 15

Reading Icons on page 39
Configuration Files on page 50
Obtaining Configuration Files and Resouce Fileson page 54
Auto Answer on page 300

Do Not Disturb (DND) on page 325
Return Code When Refuseon page 342
Call Forward on page 360

LDAPon page 513

Action URLon page 619

Action URI on page 638

Server Redundancyon page 648

Changes for Release 80, Guide Version 80.21

The following sections are new for this version:

Expansion Module on page 15

Obtaining Configuration Files and Resouce Fileson page 54
DHCP Optionon page 74

Bluetooth on page 139

Enable Page Tipson page 150

Label Length on page 152

Account Registration on page 153

Display Method on Dialing on page 170

Xii
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Redial Toneon page 294

Ringer Device for Headseton page 296
SIPIP Direct Auto Answeron page 307
Allow SIPIP Callon page 308

Accept SIPTrust ServerOnly on page 310
TransferMode via Dsskey on page 393
Allow TransExistCall on page 395

Call Number Filter on page 430

Call Timeout on page 473

Send user=phone on page 474

SIP Send MACon page 477

SIP Send Lineon page 479

Reserve # inUser Name on page 482
Password Dialon page 484

Unregister When Reboot on page 486
100 Reliable Retransmissionon page 488
Reboot in Talking on page 490

Logon Wizard on page 615

Auto-Logout Time on page 884

Appendix E Auto Provisioning Flowchart (Keep userpersonalized configuration settings)

on page 1006

Major updates have occurred to the following sections:

DHCPon page 70
Time and Date on page 175
Language on page 193

Input Method on page 203

Logo Customization on page 217
Softkey Layouton page 221

Dial Planon page 237

Directory on page 258
SearchSourcein Dialing on page 261
Local Directory on page 271

SIP Session Timeon page 347

Call Hold on page 353

Xiii
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DTMFon page 451
Remote Phone Book on page 506

VLAN on page 674

Network Address Translation on page 723
Comfort Noise Generation on page 861
Phone Lockon page 886

Troubleshooting Methods on page 929

Troubleshooting Solutions on page 961

Changes for Release 80, Guide Version 80. 20

This version is updated to incorporate SIRT48G IP phones. Documentations of the newly
released SIPT27P and SIPT21(P) E2 IP phones have also been added.

Major updates have occurred to the following sections:

Reading Icons on page 38
Configuration Files on page 50
Backlight on page 132

Time and Date on page 174

Auto Answer on page 300

Return Code When Refuseon page 342
DTMFon page 451

Phone Lockon page 886

Appendix B: Time Zoneson page 985

Changes for Release 80, Guide Version 80.6

This version is updated to incorporate SIRT46G, SIPT42G, SIPT41P and SIPT29GIP phones.

The following sections are new for this version:

Wallpaper on page 112
Hide Features Access Coden page 550
Major updates have occurred to the following sections:
DHCPon page 70
Call Displayon page 166
Input Method on page 203

BLF Liston page 540

Xiv
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IPv6 Supporton page 748

Viewing Log Fileson page 929
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Product Overview

Product Overview

This chapter contains the following information about IP phones:

VolIP Principle
SIPComponents
SIP IP Phone Models

Expansion Module

VoIP Principle

VolP

VolIP (Voice over Internet Protocol) is a technology using the Internet Protocol instead of
traditional Public Switch Telephone Network (PSTN) technology for voice communications.

It is a family of technologies, methodologies, communication protocols, and trans mission
techniques for the delivery of voice communications and multimedia sessions over IP networks.
The H.323 and Session Initiation Protocol (SIP) are two popular VoIP protocols that are found in

widespread implementation.

H.323

H.323 is a recommendation from the ITU Telecommunication Standardization Sector (ITUT)
that defines the protocols to provide audio -visual communication sessions on any packet
network. The H.323 standard addresses call signaling and control, multimedia transport and
control, and bandwidth control for point -to-point and multi -point conferences.

It is widely implemented by voice and video conference equipment manufacturers, is used
within various Internet real-time applications such as GnuGK and NetMeeting and is widely
deployed by service providers and enterprises for both voice and video services over IP

networks.

SIP

SIP( Session Initiation Protocol) is the Internet Engir
multimedia conferencing over IP. It is an ASCHbased, application-layer control protocol

(defined in RFC 326) that can be used to establish, maintain, and terminate calls between two

or more endpoints. Like other VolIP protocols, SIP is designed to address functions of signaling

and session management within a packet telephony network. Signaling allows call information

to be carried across network boundaries. Session management provides the ability to control

attributes of an end -to-end call.


http://www.ietf.org/rfc/rfc3261.txt
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SIP provides capabilities to:

Determine the location of the target endpoint -- SIP supports address resolution, name

mapping, and call redirection.

Determine media capabilities of the target endpoint -- Via Session Description Protocol
(SDP), SIP determines the Jlowest | evel DZof common
Conferences are established using only media capabilities thatcan be supported by all

endpoints.

Determine the availability of the target endpoint -- A call cannot be completed because
the target endpoint is unavailable, SIP determines whether the called party is already on
the IP phone or does not answer in the allotted number of rings. It then returns a message

indicating why the target endpoint is unavailable.

Establish a session between the origin and target endpoint -- The call can be completed,
SIP establishes a session between endpoints. SIP also supports midall changes, such as
the addition of another endpoint to the conference or the chang e of a media characteristic

or codec.

Handle the transfer and termination of calls -- SIP supports the transfer of calls from one
endpoint to another. During a call transfer, SIP simply establishes a session between the
transferee and a new endpoint (specified by the transferring party) and terminates the
session between the transferee and the transferring party. At the end of a call, SIP

terminates the sessions between all parties.

SIP Components

SIP is a peerto-peer protocol. The peers in a session are called User Agents (UAs). A user agent

can function as one of following roles:

User Agent Client (UAC)-- A client application that initiates the SIP request.

User Agent Server (UAS}- A server application that contacts the user when a SIP request is

received and that returns a response on behalf of the user.

User Agent Client (UAC)

The UAC is an application that initiates up to six feasible SIP requests tahe UAS. The six

requests issued by the UAC are: INVITE, ACK, OPTIONS, BYE, CANCEL and REGISTER. When the
SIP session is being initiated by the UAC SIP component, the UAC determines the information
essential for the request, which is the protocol, the port and the IP address of the UAS to which

the request is being sent. This information can be dynamic and will make it challenging to put

through a firewall . For this reason, it may be recommended to open the specific application type

on the firewall. The UAC isalso capable of using the information in the request URI to establish

the course of the SIP request to its destination, as the request URI always specifies the host

which is essential. The port and protocol are not always specified by the request URI. Tha if the
request does not specify a port or protocol , a default port or protocol is contacted. It may be

preferential to use this method when not using an application layer firewall. Application layer
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firewalls like to know what applications are flowing th rough which ports and it is possible to use
content types of other applications other than the one you are trying to let through what has
been denied.

User Agent Server (UAS)

UAS isa server that hosts the application responsible for receiving the SIP requests from a UAC,
and on reception it returns a response to the request back to the UAC. The UAS may issue
multiple responses to the UAC, not necessarily a single response. Communicatiorbetween UAC

and UAS is client/server and peertogpeer.

Typically, a SIP endpoint is capable of functioning as both a UAC and a UAS, but it functions only
as one or the other per transaction. Whether the endpoint functions as a UAC or a UAS depends
on the UA that initiates the request.

SIP IP Phone Models

This section introduces SIPVP-T49G,SIRT48G,SIRT46G,SIRT42G,SIRT41P,SIRT40P,
SIRT29G,SIRT27P, SIRT23P/G, SIRT21(P) E2SIRT19(P) E2and CP860IP phone models. These
IP phones are endpointsin the overall network topology , which are designed to interoperate
with other compatible equipment s including application servers, media servers,
internet-working gateways, voice bridges, and other endpoints. TheselP phones are
characterized by a large rumber of functions, which simplify business communication with a

high standard of security and can work seamlessly with a large number of SIP PBXs

IP phones provide a powerful and flexible IP communication solution for Ethernet TCP/IP
networks, delivering excellent voice quality. The high-resolution graphic display supplies
content in multiple languages for system status, call log and directory access. IPphones also
support advanced functionalities, including LDAP, Busy Lamp Field Sever Redundancyand

Network Conference.

IP phones comply with the SIP standard RFC 326), and they can only be used within a network
that supports this model of phone.

For a list of key features available onYealink IPphones running the latest firmware, refer to Key

Features of IP Phores on page 15.

In order to operate as SIP endpoints in your network successfully,IP phones must meet the

following requirements:

A working IP network is established.
VolIP gateways are configured for SIP.
The latest (or compatible) firmware of IP phones is available.

A call server is active and configured to receive and send SIP messages.


http://www.ietf.org/rfc/rfc3261.txt
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Physical Features of IP Phones

This section lists the available physical features é SIPVP-T49G SIRT48G,SIRT46G, SIPT42G,
SIRT41P,SIRT40P,SIRT29G, SIPT27P, SIPT23P/G SIRT21(P) E2SIRT19(P) E2and CP860IP
phones.

SIPVP-T49G

Yealink

i3:35

Tho Ot 16

Physical Features:

- 8DZ280 x 800 pixel color touch screen with backlight

- 17 VolIP accounts Broadsoft Validated/Asterisk® Compatible

- HD Voice: HD Codec, HD Handset, HD Speaker

- 3-way video conference, 5-way mixing audio and video conference
- 21 dedicated hard keys

- 1*RJ9 (4P4C) handset port

- 1*RJ9 (4P4C) headset port

- Support Bluetooth headset and Bluetooth-Enabled mobile phone
- 2*RJ45 10/1001000Mbps Ethernet ports

- 1*HDMI port

- 6 LEDs: *power, 1*mute, 1*headset, 1*speakerphone, 1*message, 1*camera
- Power adapter: AC 100~240V input and DC12V/2A output

- 1*Built-in USR2.0 port, support USB flash drive

- 1*Built-in USB3.0 port, support camera

- Built-in Wi-Fi, support 802.11a/b/g/n
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SIP-T48G

yea//n/(

Physical Features:

- 7DZ Bx0180 pixel color touch screen with backlight

- 24 bit depth color

- 16 VolP accounts Broadsoft Validated/Asterisk® Compatible
- HD Voice: HD Codec, HD Handset, HD Speaker

- 26 dedicated hard keys

- 1*RJ9 (4P4C) handset port

- 1*RJ9 (4P4C) headset port

- 2*RJ45 10/1001000Mbps Ethernet ports

- 1*RJ12 (6P6C) expansion module port

- 4 LEDs: *power, 1*mute, 1*headset, 1*speakerphone

- Power adapter: AC 100~240V input and DC 5V2A output
- Power over Ethernet (IEEE 802.3af)

- Built-in USB port, support Bluetooth headset and Wi-Fi

- Wall Mount
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SIP-T46G

Physical Features:

- 4.3DZ480 x 272 pixel color display

- 24 bit depth color

- 16 VolP accounts Broadsoft Validated/Asterisk® Compatible
- HD Voice: HD Codec, HD Handset, HD Speaker

- 36 dedicated hard keys and 4 context-sensitive soft keys

- 1*RJ9 (4P4C) handset port

- 1*RJ9 (4P4C) headset port

- 2*RJ45 10/1001000Mbps Ethernet ports

- 1*RJ12 (6P6C) expansion module port

- 14 LEDs: *power, 10*line, 1*mute, 1*headset, 1*speakerphone
- Power adapter: AC 100~240V input and DC 5V/2A output

- Power over Ethernet (IEEE 802.3af)

- Built-in USB port, support Bluetooth headset

- Wall Mount

wi th

backl ight
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SIP-T42G

Yeay;, e

Physical Features:

- 192 x 64 graphic LCD

- 12 VolP accounts Broadsoft Validated/Asterisk® Compatible
- HD Voice: HD Codec, HD Handset, HD Speaker

- 30 dedicated hard keys and 4 context-sensitive soft keys

- 1*RJ9 (4P4C) handset port

- 1*RJ9 (4P4C) headset port

- 2*RJ45 10/1001000Mbps Ethernet ports

- 1*RJ12 (6P6CEHS36headset adapter port

- 10 LEDs: *power, 6*line, 1*mute, 1*headset, 1*speakerphone
- Power adapter: AC 100~240V input and DC 5V1.2A output
- Power over Ethernet (IEEE 802.3af)

- Wall Mount
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SIP-T41P

Physical Features:

- 192 x 64 graphic LCD

- 6 VolP accounts Broadsoft Validated/Asterisk® Compatible
- HD Voice: HD Codec, HD Handset, HD Speaker

- 30 dedicated hard keys and 4 context-sensitive soft keys

- 1*RJ9 (4P4C) handset port

- 1*RJ9 (4P4C) headset port

- 2*RJ45 10/10Mbps Ethernet ports

- 1*RJ12 (6P6CEHS36 headset adpter port

- 10 LEDs: *power, 6*line, 1*mute, 1*headset, 1*speakerphone
- Power adapter: AC 100~240V input and DC 5V1.2A output
- Power over Ethernet (IEEE 802.3af)

- Wall Mount
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SIP-T40P

Yealink

10 =

Physical Features:

- 132 x 64 graphic LCD

- 3 VolP accounts Broadsoft Validated/Asterisk® Compatible
- HD Voice: HD Codec, HD Handset, HD Speaker

- 27 dedicated hard keys and 4 context-sensitive soft keys

- 1*RJ9 (4P4C) handset port

- 1*RJ9 (4P4C) headset port

- 2*RJ45 10/10Mbps Ethernet ports

- 1*RJ12 (6P6CEHS36 headset adaptemport

- 4 LEDs: *power, 3*line

- Power adapter: AC 100~240V input and DC 5V600mA output
- Power over Ethernet (IEEE 802.3af)

- Wall Mount
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SIP-T29G

Physical Features:

- 4.3DZ480 x 272 pixel color display with backlight
- 24 bit depth color

- 16 VolP accounts Broadsoft Validated/Asterisk® Compatible
- HD Voice: HD Codec, HD Handset, HD Speaker

- 37 dedicated hard keys and 4 context-sensitive soft keys

- 1*RJ9 (4P4C) handset port

- 1*RJ9 (4P4C) headset port

- 2*RJ45 10/1001000Mbps Ethernet ports

- 1*RJ12 (6P6C) expansion module port

- 13 LEDs: *power, 10*line, 1*headset, 1*message

- Power adapter: AC 100~240V input and DC 5V/2A output

- Power over Ethernet (IEEE 802.3af)

- Built-in USB port, support Bluetooth headset

- Wall Mount

10
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SIP-T27P

Physical Feature s:

- 240 x 120 graphic LCD

- 6 VolP accounts,Broadsoft Validated/Asterisk® Compatible
- HD Voice: HD Codec, HD Handset, HD Speaker

- 35 dedicated hard keys and 4 context-sensitive soft keys

- 1*RJ9 (4P4C) handset port

- 1*RJ9 (4P4C) headset port

- 2*RJ4510/100M bps Ethernet ports

- 1*RJ12 (6P6Cgxpansion module port

- 11 LEDs:*power, 8*line, 1*headset, 1*message

- Power adapter: AC 100~240V input and DC 5V/1.2A output
- Power over Ethernet (IEEE 802.3af)

- Wall Mount

11
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SIP-T23P/G

Physical Features:

- 132 x 64 graphic LCD with 4level grayscales

- 3 VolP accounts,Broadsoft Validated/Asterisk® Compatible

- HD Voice: HD Codec, HD Handset, HD Speaker

- 27 dedicated hard keys and 4 context-sensitive soft keys

- 1*RJ9 (4P4C) handset port

- 1*RJ9 (4P4C) headset port

- 2*RJ45 10/100/1000Mbps Ethernet ports (1000Mbps is only applicable to SIRT23G IP

phones)
- 5 LEDs: *power, 3*line, 1*message
- Power adapter: AC 100~240V input and DC 5V600mA output
- Power over Ethernet (IEEE 802.3af)

- Wall Mount

12
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SIP-T21(P) E2

Physical Feature s:

- 132 x 64 graphic LCD

- 2 VolP accounts Broadsoft Validated/Asterisk® Compatible

- 26 dedicated hard keys and 4 context-sensitive soft keys

- 4 LEDs: *power, 2*line, 1*message

- HD Voice: HD Codec, HD Handset, HD Speaker

- 1*RJ9 (4P4C) handset port

- 1*RJ9 (4P4C) headset port

- 2*RJ45 10/100Mbps Ethernet ports

- Power adapter: AC 100~240V input and DC 5V600mA output
- Power over Ethernet (IEEE 802.3afhot applicable to SIRT21 E2IP phones)
- Wall Mount

13
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SIP-T19(P) E2

Physical Feature s:

- 132 x 64 graphic LCD

- Single VolP account, Broadsoft Validated/Asterisk® Compatible

- 24 dedicated hard keys and 4 context-sensitive soft keys

- 1 LED: ¥power

- HD Voice: HD Codec, HD Handset

- 1*RJ9 (4P4C) handset port

- 1*RJ9 (4P4C) headset port

- 2*RJ45 10/100Mbps Ethernet ports

- Power adapter: AC 100~240Vinput and DC 5V/600mA output

- Power over Ethernet (IEEE 802.3afhot applicable to SIRT19 E2IP phones)

- Wall Mount



Product Overview

CP860

Physical Features:

- 192 x 64 graphic LCD

- One VolIP account

- 20 dedicated hard keys and 4 context-sensitive soft keys
- HD Voice: HDCodec

- 1 mobile phone/PC port: 3.5mm

- 1*RJ45 10/100Mops Ethernet port

- 2*EXT mic ports

- 1*USB2.0 port

- Security lock port

- 3 LED indicators

- Power adapter (optional): AC 100~240V input and DC 5V2A output

- Power over Ethernet (IEEE 802.3af)

Key Features of IP Phon es

In addition to physical features introduced above, IP phones also support the following key
features when running the latest firmware:

Phone Features

- Call Options : emergency call, call waiting call hold, call mute, call forward, call
transfer, call pickup, three-way conference, five-way mixing audio and video
conference (up to three-way video conference, only applicable to SIP VRT49G IP
phones).

- Basic Features: DND, auto redial, live dialpad, dial plan, hotline, caller identity, auto

15
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answer.

- Advanced Features: BLF, server redundancy, distinctive ring tones, remote phone
book, LDAP.

Codecs and Voice Features

- Wideband codec: G.722 Opus (Opus is only applicable to SIP VPT49G IP phones)

- Narrowband codec: G.711,G.726, G.729, iLBG3.723 (G723 is not applicable to
SIRT40R T27R T23P/T23G/T21(P) E2T19(P) EAP phones)

- VAD, CNG, AEC, PLC, AJB, AGC

- Full-duplex speakerphone with AEC

- Built in microphone array, 360 degree vdce pickup (only applicable to CP860 1P
phones)

Video Features (only applicable to SIP VP-T49G IP phones)

- Video codec: H264HP,H264 and H263
- Image codec: JPEG, PNG, BMP
- Adaptive bandwidth adjustment
- Video Resolution: FullHD 1080P at 30fps (1920x1080)
Network Features
- SIP vl (RFQ543), v2 (RF(3261)
- NAT Traversal: STUN mode
- DTMF: NBAND, RFC2833, SIP INFO
- Proxy mode and peer-to-peer SIP link mode

- IP assignment: Static/DHCP/PPPoEPPPOE isiot applicable to SIP-T42G/T41P/CP860
IP phones)

- VLAN assignment: LLDP/Static/DHCP/CDP

- Bridge mode for PC port (not applicable to CP860 IP phones)
- HTTP/HTTPS server

- DNS client

- NAT/DHCP server

- IPv6 support

- Wi-Fi (only applicable to SIP VRT49G/SIRT48GIP phones)
Management

- FTP/TFTP/HTTP/PnP aut@rovision

- Configuration: browser/phone/auto -provision

- Direct IP call without SIP proxy

- Dial number via SIPserver

- Dial URL via SIP server

- TR 069



Product Overview

Security

- HTTPS (server/client)

- SRTP (RFB711)

- H.235(T-REGH.235.9

- Transport Layer Security (TLS)

- VLAN (802.1q), QoS

- Digest authentication using MD5/MD5 -sess
- Secure configuration file via AES encryption
- Phone lock for personal privacy protection

- Admin/ User configuration mode

- 802.1X authentication

Expansion Module

This sectionintroduces EXP20and EXP40 expansion modles. EXP20is only applicable to
SIRT29G and SIRT27P IP phones. EXP4® only applicable to SIP-T48G andSIRT46G IP

phones.

EXP20

Yealink

Lynn #—
iff Steven

& Rossini Bevan

Physical Features:

- Rich visual experience with 160 x 320 graphic LCD

- 20 physical keys each with a duaicolor LED

17
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- 20 additional keys through page switch

Daisy-chain 6 modules up to 120 keys
- Expansion module (U 2) is powered by the host phone

- 2*RJ12 (6P6C) portsfor data in and out

EXP40

Physical Features:

- Rich visual experience with 160 x 320 graphic LCD

- 20 physical keys each with a duatcolor LED

- 20 additional keys through page switch

- Supports up to 6 modules daisy-chain

- Power adapter: AC 100~240V input and DC 5VL1.2A output
- 2*RJ12 (6P6C) portsfor data in and out

- Wall Mount

18
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Getting Started

This chapter provides basic information and installation instructions of SIP
VP-T49G/SIRT48G/T46G/T42G/T41PT40P/T29G/T27P/T23P/T23GT21(P) EZI19(P) E2CP860
IP phones.

This chapter providesthe following sections:

Connecting the IP Phones

Initialization Process Overview

Verifying Startup

Reading Icons

Configuration Methods

Obtaining Configuration Files and Resouce Files
Keep User Personalized Settings

Provisioning Server

Configuring Basic Network Parameters

Upgrading Firmware

Connecting the IP Phones

This section introduces how to install SIP
VP-T49G/SIRT48G/T46G/T42G/T41PT40P/T29G/T27P/T23P/T23GT21(P)E2T19(P) E2CP860

IP phoneswith components in packaging contents.

1.

P wDd

o

Note

Attach the stand and the optional wall mount bracket (not applicable to CP860 IP phones)
Insert the camera (only applicableto SIP VRT49G IPphones)

Connect the handset and optional headset (not applicable to CP860 IP phones)

Connect the power and network

Connect the optional extension microphones kit (only applicable to CP860 IP phones)

Connect the optional USB flash drive (only applicable to SIPVP-T49G andCP860 IP

phones)
Connect the optional PC ormobile device (only applicable to CP860 IP phones)

Connect the optional external monitor (only applicable to SIP VRPT49G IPphones)

The optional accessories are not includel in packaging contents. You need to purchase them
separately if required.

19
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Attach ing the Stand and the Optional Wall Mount Bracket (not
Applicable to CP860 IP Phones)

To attach the stand and the optional wall mount bracket

For SIP VPT49G

Ve

Desk Mount Method

Note Wall Mount Method is not applicable to SIP VRT49G IP phones.
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For SIRT48G:

® = =

S /// ST LA

==L

/////////////////////
Desk Mount Method

Desk Mount Method

AN s
B @GR

Hl@lmh
@ Ee

Wall Mount Method (Optional)

Note The top two slots on SIP-T48G IP phones are plugged up by silica gel. You need to pull out silica
gel before attaching the wall mount bracket.
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For SIRT46G
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Wall Mount Method (Optional)
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For SIRT42G/T41P/T40P:

S LSS L LA

Desk Mount Method

Wall Mount Method (Optional)
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For SIRT29GT27P:

—= —
@ — —
— =
///////////////////
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A P
Desk Mount Method

Desk Mount Method

——i=

Wall Mount Method  (Optional)
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For SIRT23P/T23G:

=.2

e
Desk Mownt Method

Desk Mount Method

EA LA L L L AL L AL

Wall Mount Method

Wall Mount Method  (Optional)
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For SIRT21(P) E2

@ 7
e
Mount Method
Desk Mount Method
%“: @ o——
o .
e -
F:;‘:_ :—1 e _-\__‘

Wall Mount Method  (Optional)

26
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Wall Mount Method
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For SIRT19(P) E2:

LEEEEA ST

Desk Mount Method

Desk Mount Method

| '_ J\\ > N
(B B
I i
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VR§ t
9 e it

LR

Wall Mount Method (Optional)

P LA IS

Wall Mount Method

Note The hookswitch tab has alip which allows the handset to stay on-hook when the IP phone is
mounted vertically.

For more information on how to mount the IP phone to a wall, refer to Yealink Wal Mount Quick
Installation Guide.

27


http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage
http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage

28

Administrator @ Guide for SIRT2 SeriegT19(P) E2T4 SerieCP860IP Phones

Inserting the Camera (O nly Applicable to SIP VP-T49G IP
Phones)

To insert the camera :

For SIP VPT49G
P —
(% )
=/
g = 7
] — . . -l
T H Adjust Shutter Switch ]
| il —T I ‘.., ",
| T !{6&5@*’?
: | @ (=)
I | A
— —m
|
Adjust Camera Angle ‘
L & ==

Connecting the Handset and Optional Headset (not Applicable
to CP860 IP Phones)

To connect the handset and optional headset

For SIP VPT49G

q

0
—

Ny

0
.

U U

Jl Wireless Headset Adapter EHS36
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For SIRT42G/T41HT40P:

| loooeog

For SIRT27P:

Note Wireless headset adapter EHS36 or Bluetooth USBlongle BT40 should be purchased separately.

For more information on how to use the EHS360n the IP phone, refer to Yealink EHS36 User
Guide.

Bluetooth USB dongle BT40can only be used on the SIRT48G/T46G/T29GIP phones. For more
information on how to use the Bluetooth on SIRT48G/T46G/T29GIP phones, refer to Yealink
Bluetooth USB Dongle BT40 User Guide

The EXT port on SIPT48G/T46GIP phones can also be used to connect the expansion module
EXP40The EXT port on SIPT29G/T27P IP phones can also be used to connect the expansion
module EXP20.For more information on how to connect the EXP40/EXP20, refer to Yealink
EXPRspecific user guide.

For SIRT23P/T23GT21(P) E2

29
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For SIRT19(P) E2:
IL{

(r ¥ 7
J R,
=l

Connecting the Power and Network

30

AC Power (Optional)
To connect the AC power and network :

1) Connectthe DC plug of the power adapter to the DC5V (for
SIRT48G/T46G/T42G/T41P/T40P/T29G/T27P/T23P2BG/T21(P) E2/T19(P) E2/CP860) or
DC12V for SIP VRT49Q port on the IP phone and connect the other end of the power
adapter into an electrical power outlet.

2) Conned the included or a standard Ethernet cable between the Internet port on the [P
phone and the one on the wall or switch/hub device port.

For SIP VPT49G

A
8
2
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For SIRT48G/T46G/T42G/T4A1P/T40P/T29G/T27P/T23P/T23GIT21(P) E2/T19(P) E2:

PC Connection
(Optional)

—
o ==
Power Adapter
{DC 5V)
Note You can also connect the SIP VPT49G or SIPT48G IP phone to a wireless network according to

your office environment. For more information, refer to Yealink phone-specific user guide.

For CP860:

=) o o

| = m/D

Power Adapter ﬂ
(DC 5V)

Note The IP phone should be used with Yealink original power adapter only. The use of the third-party
power adapter may cause the damage to the phone.

Power over Ethernet

With the included or a regular Ethernet cable, IP phones can be powered from a PoEcompliant
switch or hub.

Note PoE is not applicable to the SIP VRT49G, SIPT21 E2 and SIPT19 E2IP phones.
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To connect the PoE:

1) Connect the Ethernet cable between the Internet port on the IP phone and an available port
on the in-line power switch/hub.

For SIRT48G/T46G/T42G/T41P/T40PT29G/T27P/T23P/T23G/T21P E2/T19BE2:

=

[ |I'I‘MII‘|I_I PC )

.‘
._J

PokE | F'mr over
Ethemet ) Oplion

u_ J

IEEE BO2 3af compliant

PC Connection
PokE HubSwitch

(Optional)

For CP860:

0

Internet

=

IEEE 802.3af compliant
PoE Hub/Switch

Note Ifinl i ne power switch/hub is provided, you dor
adapter. Make sure the switch/hub is PoEcompliant.

The IP phone can also share the network with another network device such asa PC(personal
computer). It is an optional connection.

Important! Do not unplug or remove the power while the IP phone is updating firmware and
configuration s.
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Connecting the Optional Extension Microphones ( Only

Applicable to CP860 IP Phones)

You can mnnect optional extension microphones to enhance the room coverage of the
conference phone. The Yealinkprovided extension microphone kit contains two extension
microphones.

To connect the extension microphones :

1) Connect the free end of the optional extension microphone cable to one of the MIC ports

on the phone.

Connecting the Optional USB Flash Drive (Only Applicable to

SIP VP-T49G and CP860 IP Phones)

You can connect a USB flash drive to record and play back callsiFor SIP VRT49G IPphones, you
can also connect a USB flah drive to display pictures on your phone and capture screenshots.
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To connect a USB flash drive :

1) Insert a USB flash drive into the USB port on the phone.
For SIP VPT49G

For CP860:

o Internet

3

Connecting the Optional PC or Mobile Device (Only Applicable

to CP860 IP Phones)

You can connect a PC or mobile device to listen to the PC or mobile audio using your

conference phone.
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To connect a PC or mobile device :

1) Connect one end of the 3.5mm jack cable to the PC/mobile port on the phone, and connect
the other end to the headset jack on the mobile device or the AUX/MIC jack on the PC.

— —— pesv

_— _— oo Internet

PC/Mobile

Connecting the Optional External Monitor (Only Applicable to

SIP VP-T49G IP Phones)

You can connect an external monitor to the IP phone to have a clearer view withthe far site

during a video call.
To connect an external monitor

1) Remove one piece of the fastenerogs | iner; take the
attach the fastener to the camera from the top; connect one end of the USB3.0 cable to the
camera.

2) Remove the other piece of 't he toftheextereahreonitbors | i ner ; at f
attach the camera to the external monitor by pressing two sides of Dual Lock together. You
are advised to attach the camera to the external monitor whose back is straight.

3) Connect the other end of the USB3.0 cable to the IP phone.
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4) Connect one end of the HDMI cable to the HDMI port on the phone, and connect the other

end to the HDMI port on the external monitor.

Note The Extended Display Accessorie€D10which is not included with your IP phone is required for
connecting the external monitor. Contact your reseller to purchase it separately.For more
information, refer to Yealink Extended Display AccessoriesQuick Installation Guide for SIP
VP-T49G

The following tips you need to know when mounting the camera to the external monitor

a) Be aware ofattaching the camera to the external monitor from the back of the monitor and

make sure the camera lens is on the same side with the monibr screen

b) Confirm that the camera is vertical and not askew when using Dual Lock to attach the

camera to the external monitor otherwise the near-site video image will be crooked.

c) Make sure that you firstly press the back of the camera when you rotate the camera. It can

reduce the risk of falling off.

d) Be aware thatthe stick area of two sides of Dual Lock(on the camera and external monitor)

is as large as possible.

e) Ensure that you insert forcibly until the camera indicator LED is solid green; and the
embossing on the camera does not need to insert into the groove on the IP phone if you

want to insert the camera back to the IP phone and do not torn the 3M Dual Lock.

Initialization Process Overview

The initialization process of the IP phone is responsible for network connectivity and operation
of the IP phone in your local network.

Once you connect your IP phone to the network and to an electrical supply, the IP phone begins

its initialization process.

During the initialization process, the following events take place:
Loading the ROM file

The ROM file resides in the flash memory of the IP phone. The IP phone comes from the factory
with a ROM file preloaded. During initialization, the IP phone runs a bootstrap loader that loads

and executes the ROM file.
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Configuring the VLAN

If the IP phone is connected to a switch, the switch notifies the IP phone of the VLAN
information defined on the switch (if using LLDP or CDP). The IP phone can then proceed with

the DHCP request for its network settings (if using DHCP).
Querying the DHCP (Dynamic Host Configuration Protocol)  Server

The IP phone is capable of querying a DHCP server. DHCP is enablazh the IP phone by default.

The following network parameters can beobtained from the DHCP server during initialization:

IP Address

Subnet Mask

Gateway

Primary DNS(Domain Name Server)
Secondary DNS

You need to configure network parameters of the IP phone manually if any of them is not
supplied by the DHCP server.For more information on configuring network parameters

manually, refer to Configuring Network Parameters Manually on page 80.
Contacting the provisioning server

If the IP phone is configured to obtain configurations from the provisioning server, it will
connect to the provisioning server and download the configuration file(s) during startup. T he IP
phone will be able to resolve and update configurations written in the configuration file (s). If the
IP phone does not obtain configurations from the provisioning server, the IP phone will use

configurations stored in the flash memory.
Updating firmware

If the access URL of firmwareis defined in the configuration file, the 1P phone will download
firmware from the provisioning server. If the MD5 value of the downloaded firmware file differs

from that of the image stored in the flash memory, the IP phone will perform a firmware up date.
Downloading the resource files

In addition to configuration file(s), the IP phone may require resource files before it can deliver
service. These resource files are optional, but if some particular features are being deployed,

these files are required.

The followings show examples of resource files:

Language packs
Ring tones

Contact files
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Verifying Startup

Note

38

After connected to the power and network, the IP phone begins the initializing process by
cycling through th e following steps:

1. The power indicator LEDilluminates solid red.

2. The message] We | c loitiakizingA lgasewaitDppears on the LCD screenwhen the IP
phone starts up.

If you are using SIP VPT49G/CP860 IP phones, the setup wizard may appear on the LCD
screen after startup. If not, go to the next step.

For more information on the setup wizard, refer to Yealink SIP_ /749G User_ Guider
Yealink CP860 User Guide.

3.  The main LCD screerdisplays the following:

Time and date

Soft key labels

4. Press theOK/S key or tap Menu ->Status to check the IP phone status, the LCD screen
displays the valid IP address, MAC addressfirmware version, etc.

If the IP phone has successfully passe through these steps, it starts up properly and is ready for
use.
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Reading Ico ns

Icons associated with different features may appear on the LCD screen. The following table provides a description for each ion on IP phones.

T23P/T23
T49G T48G T46G T42G/T41P T40P T29G T27P GIT21(P) T19(P) E2 CP860 Description
E2
G w E (g w |:| L ] L ] @ Network is unavailable.
o= 5 ™ : — a ™y ™y Registers successfully(SIP
- o ) (O3 © © account, private line)
- Registers successfully(Cloud
< / / / / / / / / /
account)
Registers successfully (H.323
(Crp / / / / / / / / /
account)
. ~ ~— Registration failed (SIP/Cloud
& <= Q Ol O N o
account)
- istration failed (H.323
(h / / / / / / / / / o (
account)
- - - =t 8 . Y 1 ® 8 Ryistering (SIP/Cloud accoun)
(Flashing) (Flashing)
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T23P/T23
T49G T48G T46G | TA2GIT4IP | T4OP | T20G | T27P | grpp) | TIO(P)E2 | CP86O Description
E2
D% / / / / / / / / / Rgistering (H.323 account)
< 9 <) ) W | | Q) W) W) W0 :z;r::s—free speakerphone
. ) VS Q) \. ‘. Q) \ \ \ / Handset mode
‘A o O n L n ﬂ n / Headset mode
Qo ] [ Voice Mail
e =] / X< B | XS < < D=<] | TextMessage
g g AA AA ﬁ\ Auto Answer
= - =] DND (-] Do Not Disturb
S »’ »’ c* c - (ag (ag (ag > | cal Foward
/ / / /

Camerais not detected

Call Hold (video)
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T23P/T23
T49G T48G T46G T42G/T41P T40P T29G T27P GIT21(P) T19(P) E2 CP860 Description
E2
O) (11 QO O 0 O O (@ | calHod @audio-only)
I’ |’ |’ |’ |’ |’ o
2] 1] 4 4 4 4 Call Mute (audio-only)
/ / / / / / / / / Call is encrypted (video)
/ / / / / / / / / Call is encrypted (audio-only)
K |3_'}< I‘X DQX H:?: I:]Qx Equ E]qx []Qx Ringer volume is 0
@ é a @ a B B B Phone Lock
o Received Calls (SIP/H.323
t" * \ \ * \ \ \ \ account)
7 Placed Calls (SIP/H.323
t,. f \ \ * \ \ \ \ account)
w t.F a \’ V‘ « v V' V' Vv Missed Calls (SIP/H.323

account)
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T23P/T23
T49G T48G T46G T42G/T41P T40P T29G T27P GIT21(P) T19(P) E2 CP860 Description
E2
Forwarded Calls (SIP/H.323
- & 9 | e e c | oo
/ / / / / / / / / Received Calls (Cloud account)
/ / / / / / / / / Placed Calls (Cloud account)
< "", / / / / / / / / / Missed Calls (Cloud account)
Forwarded Calls (Cloud
/ / / / / / / / /
account)
< e
' . 6 @ 6 6 / 6 Recording box is full
uﬁ ) uﬁ ) H x ‘ H l ‘ / ‘ A call cannot be recorded
@ @ et @ . o . . / . Recording starts successfully

\

|

Recording cannot be started
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T23P/T23
T49G T48G T46G T42G/T41P T40P T29G T27P GIT21(P) T19(P) E2 CP860 Description
E2
l\clj_ ] k& ) H p p H p ﬁ / /@ Recording cannot be stopped
' V VPN WVWN | WV | VPN | VPN / VPN | VPN is enabled
3 / / 3 / / / / Bluetooth mode is on
( Bluetooth headset is both
9 3 e / / Bk / / / / _
) ) paired and connected
Bluetooth-Enabled mobile
/ / / / / / / / / phone is both paired and
connected
”.E? / / / / / / / / Wi-Fi connection is successful
> x / / / / / / / / Wi-Fi connection failed
/ / E / / / / / / Conference
—— A A e A A A A The default local contact icon

The default local caller photo
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T23P/T23
T49G T48G T46G T42G/T41P T40P T29G T27P GIT21(P) T19(P) E2 CP860 Description

E2

The default Bluetooth-Enabled
mobile phone caller photo

/ / / / / / / / / )
and Bluetooth-Enabled mobile

phone contacts icon

The default Cloud caller photo

E
~
~
~
~
~
~
~
~
~

and Cloud contacts icon

o o % / / / / / / / / DSS Key
Line key type is Line
- > % / / % / / / / (SIP/H.323 line is seized or in a
call)
Line key type is Line (Cloud
- / / / / / / / / / o y'yp . (
line is seized or in a call)
Line key type is Line (Do Not
= s / / / / / /
= - Q Q Disturb for SIP line)
Line key type is Line (Do Not
> / / / / / / / / / ne ey P _ (
’ Disturb for Cloud line)
— Line key type is Line (Call
©F / / / / / /
= - = = Forward for SIP line)
— Line key type is Line (Call
" / / / / / / / / / yop . (
Forward for Cloud line)
Line key type is Speed
/ / / / / / yp P

Dial/3rd-Party VMR
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state)

Line key type is Call Park (call

T23P/T23
T49G T48G T46G T42G/T41P T40P T29G T27P GIT21(P) T19(P) E2 CP860 Description
E2
Line key type is BLF/BLF List
/ / / / / /
i i R 3 (BLF/BLF list idle state)
Line key type is BLF/BLF List
L L& | & / / sope s0
- (BLF/BLF list ringing state)
Line key type is BLF (BLF hold
' / / / / / /
L 2 a‘ state)
Line key type is BLF/BLF List
s | 50 & | l&] ] / / Ve s
(L ~f (BLF/BLF list calling state)
_ & / ) & / ) ) ) Line key type is BLF/BLF List
—Z - (BLF/BLF list failed state)
N i 25 2 Line key type is BLF List (BLF
» %dﬁ / / %J’ / / / / _
a list call park state)
) QLo L5 / / I8 / / / / Line key type is Voice Mail
" %ﬁj’ / / %ﬁﬁ / / / / Line key type is Direct Pickup
& %ﬁj’ / / %:IE / / / / Line key type is Group Pickup
i i Line key type is Call Park (park
O ) . / / . / / / / successfully/call park idle
e
¢ &

park ringing state)
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T23P/T23
T49G T48G T46G T42G/T41P T40P T29G T27P GIT21(P) T19(P) E2 CP860 Description
E2
(& e / / / / / / Park failed
L -
/ / / / / / / Line key type is Retrieve
i - / / / / / / Line key type is Intercom

Line key type is DTMF/Prefix

Line key type is Local
Group/XML Group

Line key type is XML Browser

Line key type is LDAP

Line key type is Conference

Line key type is Forward

Line key type is Transfer

FleldEl el Gk R

EEEE“"I%*H‘I%*E@*%

Line key type is Hold
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T23P/T23
T49G T48G T46G T42G/T41P T40P T29G T27P GIT21(P) T19(P) E2 CP860 Description
E2
A% / / L& / / / / Line key type is DND
) L5 / / L& / / / / Line key type is Recall
L5 / / L& / / / / Line key type is SMS
Line key type is Record/URL
L& / / LY / / / / P
Record
Line key type is Record/URL
@ (®) o / / & / / / / Record (recording starts

successfully)

Line key type is Multicast
Paging/Group Listening

Line key type is Hot Desking

Line key type is Zero Touch

Line key type is URL

Line key type is Phone Lock

- |leleElee

- |lele e ele

Line key type is Mobile
Account (Bluetooth-Enabled
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T49G

T48G

T46G

T42G/T41P

T40P

T29G

T27P

T23P/T23
GIT21(P)
E2

T19(P) E2

CP860

Description

mobile phone is connected

successfully)

> )

Line key type is Mobile
Account (Bluetooth-Enabled
mobile phone connection
failed)

<

(Flashing)

Line key type is Mobile
Account (Bluetooth-Enabled
mobile phone is connecting)

Line key type is
Videoconference

Line key type is Call Stats

The ACD state is available

EF and x

G and

G and

G and x

G and x

G and x

The ACD state is unavailable

The ACD state is Wrap up

Log out of the ACD system

& W -

D) @

Moo -

|| @ P -

Mo -

» I

D) =

D) &

The shared lingbridged line is
idle
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T23P/T23
T49G T48G T46G T42G/T41P T40P T29G T27P GIT21(P) T19(P) E2 CP860 Description
E2
‘Ej - The shared line receives
- a7 L / / (8 / / / / |
) ] ring-back tone

(Flashing) (Flashing)

‘Ej L The shared line receives an

¢ A% L / / % / / / / T
) ] incoming call

(Flashing) (Flashing)

d"‘ _-f“ ) } / } ) ) The shared line is in

L % % conversation
F— = The shared line conversation is
g i % / / g / / / / _
(1] A0 placed on public hold
- / / / / / / / / "'E' USBflash drive is detected
— / / / / / / / / @-- USB flash drive is detecting

(Flashing)

[H] (D) m i N I T B i i ui// [ | High Definition Voice

External monitor (EXT Displa:
/ / / / / / / / / ( play)

is connected
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Configuration Methods

IP phones can be configured automatically through configuration files stored on a central
provisioning server, manually via phone user interface or web user interface, or by a

combination of the automatic and manual methods.

The recommended method for configuring IP phones is automatically through a central
provisioning server. If a central provisioning server is not available, the manual method will allow

changes to most features.

The following sections describe how to configure IP phonesusing each method.
Phone User Interface
Web User Interface

Configuration Files

Phone User Interface

An administrator or a user can configure and use IP phonesvia phone user interface. Access
specific features is restricted to the administrator. The default password is
j a d m(casgsensitive). Not all features are available on phone user interface. For more

information, refer to Yealink phone-specific user guide.

Web User Interface

An administrator or a user can configure IP phonesvia web user interface. The defaultuser

nameand password for the administrator ftdmnDdbg i nto the
(case sensitive). Most features are availablefor configuring via web user interface. IP phones

support both HTTP and HTTPS protocols for accessing the web user interface. For more

information, refer to Web Server Typeon page 169.

Configuration Files

An administrator can deploy and maintain a mass of IP phones usng configuration files . The

configuration files consist of:

Common CFG file
MAC-Oriented CFG file

MAC-local CFG file
Common CFG file

A Common CFG file contains parameters that affect the basic operation of the IP phone, such as
language and volume. It will be effectual for all IP phones of the same model. Thecommon CFG
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file has a fixed name for eachIP phone model. The name of the Common CFG file for each IP

phone model is:
SIPVP-T49G: y000000000051.cfg
SIRT48G: y000000000M®B5.cfg
SIRT46G: y000000000028.cfg
SIRT42G: y000000000029.cfg
SIRT41P: y000000000036.cfg
SIRT40P: y0O00000000054.cfg
SIRT29G: y000000000046.cfg
SIRT27P: y00000000045.cfg
SIRT23P/G: y000000000044.cfg
SIRT21(P) E2y000000000(2.cfg
SIRT19(P) E2y000000000(3.cfg

CP860 y000000000037.cfg
MAC-Oriented CFG file

A MAC-Oriented CFG filecontains parameters unique to a particular phone. It will only be
effectual for a specific IP phone. The MAC-Oriented CFG file is namedafter the MAC addressof
the IP phone. For example,if the MAC address of an IP phone is00156574B150, the name of the
MAC-Oriented CFG filemust be 00156574b150.cfg (case sensitive).

MAC-local CFG file

A MAC-local CFG file contains changes that users make via web user interface and phone user
interface. It will only be effectual for a specific IP phone. The MAC-local CFG file is namedafter
the MAC addressof the IP phone. This file is stored locally on the IP phone and can also be

uploaded to the provisioning server.

Most configurations made by users via web user interface and phone user interface can be
saved to the <MAC>-local.cfg file, but some configurations listed as below are defined never to

be saved to the <MAC>-local.cfq file:

Configurations associated with the password.
For example,

#Configure the password for PPPoE connection.(PPPoE is not appliable to
SIRT42G/T41P/CP860 IP phones)

network.pppoe.password =

Configurations requiring a reboot during auto provisioning.
For example,

#Configure the IP address mode.

network.ip_address_mode=
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The following specified configuration s.
#Configure always forward feature.
forward.always.enable =
forward.always.target =
forward.always.on_code =
forward.always.off_code =
#Configure busy forward feature.
forward.busy.enable =
forward.busy.target =
forward.busy.on_code =
forward.busy.off_code =
#Configure no answer forward feature.
forward.no_answer.enable =
forward.no_answer.target =
forward.no_answer.timeout =
forward.no_answer.on_code =
forward.no_answer.off_code =
#Configure DND feature.
features.dnd.enable =
features.dnd.on_code =
features.dnd.off_code =

#Configure always forward feature for account X. (t is not applicable to SIP-T19(P) E2 and
CP860 IP phonesX stands for the serial number of account)

account.X.always_fwd.enable =
account.X.always_fwd.target =
account.X.always_fwd.on_code =
account.Xalways_fwd.off_code =

#Configure busy forward feature for account X. (It is not applicable to SIP-T19(P) E2 and

CP860 IP phonesX stands for the serial number of account)
account.X.busy_fwd.enable =

account.X.busy_fwd.target =

account.X.busy_fwd.on_code =
account.X.busy_fwd.off_code =

#Configure no answer forward feature for account X. (It is not applicable to SIP-T19(P) E2
and CP860 IP phonesX stands for the serial number of account)

account.X.timeout_fwd.enable =
account.X.timeout_fwd.target =

account.X.timeout_fwd.timeout =
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account.X.timeout_fwd.on_code =
account.X.timeout_fwd.off_code =

#Configure DND feature for account X. (It is not applicable to SIP-T19(P) E2 and CP860 IP

phones. X stands for the serial number of acoount)
account.X.dnd.enable =

account.X.dnd.on_code =
account.X.dnd.off_code =

#Configure the access URL of the firmware file.
firmware.url =

#Configure the access URL of configuration files.

auto_provision.server.url=

The following configurations are defin ed to be bundled together. If a user modifies one of the

configurations in a group via web user interface and phone user interface, the other

configurations in this group can also be saved to the <MAC> -local.cfg file (if the configuration

valueisblank, w i t e DZNULL %DZ i nto the configuration) in addi!

#Groupl: Configure line key. (Line key is not applicable to SIPT19(P) E2and CP860IP phones. X

stands for the serial number of line key)
linekey.X.line =

linekey.X.value =
linekey.X.pickup_value =
linekey.X.type =
linekey.X.xml_phonebook =
linekey.X.label =

#Group2: Configure programable key. (X stands for the serial number of programable key)
programablekey.X.type =
programablekey.X.line =
programablekey.X.value =
programablekey.X.xml_phonebook =
programablekey.X.history_type =
programablekey.X.label =

#Group3: Configure expansion module key. (Expansion module key is only applicable to the
SIRT48G/T46G/T29G/T27P IP phones. X stands for the serial number of expansion made, Y

stands for the serial number of expansion key)
expansion_module.X.key.Y.type =
expansion_module.X.key.Y.line =
expansion_module.X.key.Y.value =
expansion_module.X.key.Y.pickup_value =

expansion_module.X.key.Y.label =
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expansion_module.X.key.Y.xmlphonebook =

The MAC-local CFG file enables the phone tokeep user personalized settings. For more
information on how to keep user personalized settings, refer to Keep UserPersonalized Settings

on page 57.
Central Provisioning

IP phones can be centrally provisioned from a provisioning server using the configuration files
(<y0000000000x% .cfg and <MAC>.cfg). You canuse a textbased editing application to edit
configuration files, and then store configuration files to a provisioning server. For more

information on the provisioning server, refer to Provisioning Serveron page 67.

IP phones can obtain the provisioning server address during startup. Then IP phones download
configuration files from the provisioning server, resolve and update the configurations written in
configuration files. This entire process is called auto provisioning. For more information on auto
provisioning, refer to Yealink SIPT2 Series T19(P) E2_ T4

Series CP860 _W56P _IP_Phones _Auto_Provisioning_GLuide

Obtain ing Configuration Files and Resou rce Files

54

When configuring particular features, you may need to upload resource files (e.g., local contact
directory, remote phone book) to IP phones. If the resource file is to be used for all IP phones of
the same model, the resource file access URL is ést specified in the <y0000000000xx>.cfg file.

However, if you want to specify the desired phone to use the resource file, the resource file

access URL should be specified in the <MAC>.cfg file.

The names of the Yealinksupplied template files are:

Templat e File File Name

Common CFG file Common.cfg

Configuration Files
MAC-Oriented CFG file | MAC.cfg

AutoDST Template AutoDST.xml

For example,
000.GULI.English.lang

Language Packs
1.English_note.xml

Resource Files 1.English.js

Keypad Input Method
File (not applicable to ime.txt
SIP VRT49G IP phones)

Onscreen Keyboard
Input Method Files

For example,
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Templat e File

File Name

(only applicable to SIP
VP-T49G IP phones)

keyboard_lang.xml
keyboard_ime_1.xml
keyboard_ime_num.xml

keyboard_layout_1.xml

Replace Rule Template

dialplan.xml

Dial-now Template

dialnow.xml

Softkey Layout
Template

CallFailed.xml
Callln.xml
Connecting.xml

Dialing.xml (not applicable to
SIP VRT49Gand SIRT48GIP

phones)
RingBack.xml

Talking.xml

Directory Template

favorite_setting.xml (not
applicable to SIP VRT49GIP

phones)

Super Search Template

super_search.xml

Local Contact File

contact.xml

Remote Phone Book
Template

Department.xml

Menu.xml

You can ask the distributor or Yealink FAEor template files. You can also obtainthe template

files online: http://support.yealink.com/documentFront/forwardToDocumentFr ontDisplayPage.
To download template files:

1. Goto Yealink Document Download page and select the desired phone model.

2. Download and extract the combined configuration files to your local system.
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The following illustration shows the template files available for SIP-T23G IP phones running
firmware version 80.

Yealink |Support Download FAQ Forum Downlo~ Search

¥

IP Phone SIP-T23G
Last modified date: 2015/08/11 views: 1984

Datasheet Datasheet  Yealink SIP-T23G Datasheet.pdf
Firmware & Release Mote
Setup & Maintenance X X

Firmware  Yealink_SIP_phones_Release_Notes_of_Version80.pdf New
Documents

& Release T23-44.80.0.70.zip MNew
Dther Documents Note ~44.80.0.70.2Ip - Hew
User Documents 44.80.0.60.zip New

44.,80.0.5.zip
Setup & Yealink_SIP-T23P & T23G_Quick_Start_Guide_V80_s0.pdf

Maintenance ) .
Documents Yealink_SIP-T23P & T23G_Quick_Start_Guide_V80_20.pdf

Other Yealink Phonebook Generation Tool User Guide_V80_60.pdf
Documents . } . .

Yealink Configuration Encryption Tool V80_60.zip

Yealink Configuration Encryption Tool.zip

CE-T23G.pdf

User Yealink_SIP-T23P & T23G_User_Guide_V80_60.pdf

Documents . . . L
Yealink_SIP-T2_Series_T19(P) E2_T4_Series_IP_Phones_Administrator_

Guide_V80_60.pdf

Yealink_SIP_Phones_Description of Configuration Parameters in CFG File
5_V80_60.zip

Yealink_SIP-T2_Series_T19(P) E2_T4_Series_IP_Phones_XML_Browser_
Developer's_Guide_V80_&0.pdf

Yealink AutoProvisioning Template V80.zip

Yealink_SIP-T2 Series_T19(P) E2_T4 Series_IP_Phones_Auto_Provisioni
ng_Guide_v80_60.pdf

3. Open the folder you extracted and identify the template file you will edit according to the
table introduced above.

For some features, you can customize the filename as required. The following table lists the
special characters supported by Yealink IP phones:
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Server
Platform HTTP/HTTPS TFTP/FTP
Support: ~ '@ $" ()_ | Support: ~ 1 @$" ()
-, 5[ ncluding | - T1{} %8 = +
Windows space) (including space)
Not Support: | <>:" Not Support: |< > :"
IN*?2#% &=+ I\*2?2#
Support: ~ 1@ $" () _
. . Support: ~ 1@ $" ()
- <> . cs oy
Linux (including space) —- 0 -
& = + (including space)
Not Support: /\ *?#
Not Support: /\ *?#
%& = +
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Keep User Personalized Settings

Generally, the administrator deploys phones in batch via auto provisioning, yet some users
would like to keep the personalized settings (e.g., ringtones, dial plan, time formatand DSS
keys), after auto provisioning. These specific scenarios are applicabléo SIP

VP-T49G SIRT4A8G/T46G/T42G/T41PTA0P/T29G/T27P/T23P/T23G/T21(P) HZ19(P) E2CP860
IP phones running firmware version 80 or later. The following demonstrated specific scenarios

are taking SIRT46G/T23G IP phones as example for reference.

Note YealinkIP phones support FTP, TFTP, HTTP and HTTPS protocols for uploading the MAGcal
CFG file. This section takes the TFTP protocol as an example. Before performing the following,
make sure the provisioning server supports uploading.

If you are using the HTTP/HTTPSserver, you can specify the way the IP phone uploads the
MAC-local CFG file to the provisioning server. It is determined by the value of the parameter
jauto_provision.custom.upl oad_met hodDZ

Configuration Parameters

The following table lists the configuration parameters used to determine the phone behavior for
keeping user personalized settings:

Parameter s Permitted Values Default

auto_provision.custom.protect Oorl 0

Description :

Enables or disables the IP phone tokeep user personalized settings after auto provisioning.
0-Disabled

1-Enabled

If it is set to 1 (Enabled), personalized settingsconfigured via web or phone user interface will be

kept after auto provisioning.
Web User Interface:
None

Phone User Interface:

None

auto_provision.custom.sync Oorl 0

Description :

Enables or disables the IP phone to periodically (every 5 minutes) upload the <MAC>local.cfg file

to the provisioning server, and download the <MAC> -local.cfg file from the provisioning server

57



Administrator @ Guide for SIRT2 SeriegT19(P) E2T4 SerieCP860IP Phones

Parameter s Permitted Values Default

during auto provisioning.
0-Disabled
1-Enabled

If it is set to 1 (Enabled), the IP phone will periodically upload the <MAC> -local.cfg file to the
provisioning server to back up this file. During auto provisionin g, the IP phone will download the

<MAC> -local.cfg file from the provisioning server to override the one stored on the phone.

If it is set to O (Disabled), the IP phone will not upload the <MAC>-local.cfg file to the
provisioning server. During auto provisioning, the IP phone will not download the

<MAC> -local.cfg file from the provisioning server.
Web User Interface:

None

Phone User Interface:

None

auto_provision.custom.upload_method Oor1l 0

Description :

Configures the way the IP phone uploads the <MAC>-local.cfg file to the provisioning server (for

HTTP/HTTPS server only).
0-PUT
1-POST

Note : It works only if the value of the parameter Jauto_provision.custom.synd®Z i s s et
(Enabled).

Web User Interface:
None
Phone User Interface:

None

t

For more information on how to configure these parameters in different scenarios, refer to the

following introduced scenarios.

Scenario A Keep user personalized configuration settings

Scenario (A) Keep user personalized configuration settings (IP phones
are running firmware version prior to X.73.0.1)

The administrator wishes to upgrade firmware from the old version to the latest version
Meanwhile, keep user personalized settings after auto provisioning and upgrade . This
scenario is only applicable to SIP -T48G/T46G/ T42G/T41P IP phones.
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Scenario Conditions:

The current firmware version of the SIRT46G IP phone is 28.71.0.181. This firmware version
does not support keeping user personalized settings and generating a <MAC>-local.cfg

file.

The target firmware version of the SIPT46G IP phone is 28.80.0.60. This firmware version

supports keeping user personalized settings after auto provisioning or upgrade.
The MAC address of the SIPT46G IP phone: 001565221229

Provisioning server URL: ftp://192.168.1.211

Place the target firmware to the root directory of the provisioning server.

Create a new directory "ProvisioningDir_new" under the root directory of the provisioning

server.

Note The IP phone with old firmware does not support keeping user personalized settings after auto
provisioning and upgrade. You can configure the value of the parameter
Jjauto_provision.custom. pr ot e &eedber persohalizedsettingse conf i gur ati
after auto provisioning and upgrade.

Do the following operations:

1. Place the configuration files (yO00000000@8.cfg and 001565221229.cfg) that you want the
I P phone to download to the new directory JProvisi:i
server.

2. Add/Edit the following parameter in the y0000000008.cfg file or 001565221229.cfg file
you want the IP phone to download:

auto_provision.custom.protect = 1

3. Create a blank confi gBraffgbnorf itllee Jryddt0 0DIO0OOt0or y c
provisioning server and add the following parameters to this file.

firmware.url = tftp://192.168.1.211/28.80.0.60.rom

auto_provision.server.url =tftp://192.168.1.211/ProvisioningDir_new

Note If your IP phone is running firmware version prior to 61, the IP phone can only recognize the old
(M1) configuration file for auto provisioning, so the blank configuration file created above uses
the M1 template.

4. Trigger the IP phone to perform the auto provisioning process. For more information on
how to trigger auto provisioning process, refer to Triggering the IP Phone to Perform the
Auto Provisioning section in Yealink SIPT2 Series T19(P) E2_T4
Series CP860 _W56P_IP_Phones_Auto_Provisioning_Guide

During auto provisioning, the IP phone first downloads the y000000000028.cfg file, and
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then downloads firmware from the root di rectory of the provisioning server.

The IP phone reboots to complete firmware upgrade, and then starts auto provisioning
process again which is triggered by phone reboot (the power on mode is enabled by

default). It downloads the y000000000028.cfg and 001565221229.cfg files in sequence from
the new directory JProvisioningDir_newbDZof
001565221229 local.cfg file exists on the IP phone, the IP phone automatically generates a
001565221229 local.cfg file which saves the personalizal settings of the old firmware.

The IP phone updates configurations in the downloaded configuration files orderly to the IP
phone system. As the value of the parameter
the phone also updates the configurations stored in the 001565221229-local.cfg file on the
phone. As a result, the personalized settings of the old firmware are remained after upgrade

and auto provisioning.

Note If a configuration item is both in the downloaded MAC -local.cfg file and Common CFG file/
MAC-Oriented CFG file, setting of the configuration item in the MAC -local CFG file will be written
and saved to the IP phone system.

Scenario (B) Keep user personalized configuration settings (IP phones
are running firmware version X.80.0.1 or later)

The administrator wishes to upgrade firmware from the old version to the latest version

Meanwhile, keep user personalized settings after auto provisioning and upgrade .
Scenario Conditions:

SIRT23G IP phone current firmware version: 44.80.0.1. This firmware supportkeeping

personalized settings and generating a <MAC>-local.cfg file.

SIRT23G IP phone target firmware version: 44.80.@B0. This firmware supports keeping

personalized settings and generating a <MAC> -local.cfg file.
SIRT23G IP phone MAC: 001565770984
Provisioning server URL: ftp://192.168.1.211

Place the target firmware to the root directory of the provisioning server.

The old firmware version supports keeping personalized settings and generating a

<MAC>-local.cfg file. To keep user personalized settings after auto provisioning and upgrade,

t

he pr o
jaut o_|
] a

you need to configure t beprwvigitnecustonndrotectbZzet gtleer aime t e r

configuration file.
Do one of the following operations:
Scenario Operations |:

1. Add/Edit the following parameters in the yO00000000044.cfg file or 001565770984.cfg file
you want the IP phone to dow nload:

auto_provision.custom.protect=1
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auto_provision.custom.sync=1
firmware.url = tftp://192.168.1.211/44.80.060.rom

2. Trigger the IP phone to perform the auto provisioning process. For more information on
how to trigger auto provisioning process, refer to 7riggering the IP Phone to Perform the
Auto Provisioning section in Yealink SIPT2 Series T19(P) E2_T4
Series CP860 W56P _IP_Phones Auto_Provisioning _GLide

During auto provisioning, the IP phone first downloads the y000000000044.cfg file, and

then downloads firmware from the root direct ory of the provisioning server.

The IP phone reboots to complete firmware upgrade, and then starts auto provisioning
process again which is triggered by phone reboot (the power on mode is enabled by
default). It downloads the y000000000044.cfg, 001565770984.cfg and the

001565770984 local.cfg file in sequence from the provisioning server, and then updates
configurations in these downloade d configuration files orderly to the IP phone system. The
IP phone starts up successfully, and the personalized settings in the

001565770984 local.cfg file are kept after auto provisioning.

When a user customizes feature configurations via web/phone user interface, the IP phone
will save the personalized configuration settings to the 001565770984-local.cfg file on the

IP phone, and then periodically (every 5 minutes) upload this file to the provisioning server.

Note If a configuration item is both in the downloaded MAC-local.cfg file and Common CFG file/
MAC-Oriented CFG file, setting of the configuration item in the MAC -local CFG file will be written
and saved to the IP phone system.

Scenario Operations l:

1. Add/Edit the following par ameters in the y000000000044.cfg file or 001565770984.cfg file

you want the IP phone to down load:

auto_provision.custom.protect=1
auto_provision.custom.sync=0

firmware.url = tftp://192.168.1.211/44.80.060.rom

2. Trigger the IP phone to perform the auto provisioning process. For more information on
how to trigger auto provisioning process, refer to Triggering the IP Phone to Perform the
Auto Provisioning section in Yealink SIPT2 Series T19(P) E2_T4
Series CP860 W56P _IP_Phones_Auto_Provisioning_Guide

During auto provisioning, the IP phone first downloads the y000000000044.cfg file, and

then downloads firmware from the root directory of the provisioning server.

The IP phone reboots to complete firmware upgrade, and then starts auto provisioning
process again which is triggered by phone reboot (the power on mode is enabled by
default). It downloads the y000000000044.cfg and 001565770984.cfg files in sequence, and
then updates configurations in the downloaded configuration files orderly to the IP phone

system. As the value of the parameter Jauto_provi si
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configurations in the 001565770984-local.cfg file saved on the IP phone are also updated.

The IP phone starts up successfully, and personalized settings ard&ept after auto
provisioning. When a user customizes feature configurations via web/phone user interface,
the IP phone will save the personalized settings to the 001565770984 local.cfg file on the IP

phone only.

Note In this scenario, the IP phone will not upload the MAC-local.cfg file to provisioning server and
request to download the MAC -local.cfg file from provisioning server during auto provisioning.

If a configuration item is both in the MAC -local.cfg file on the IP phone and Common CFG file/
MAC-Oriented CFG file downloaded from auto provisioning server, setting of the configuration
item in the MAC-local CFG file will be written and saved to the IP phone system.

I f value of uth provigienrcustore.grogectD] ias s e personalized setting$ie
the 001565770984 local.cfg file will be overridden after auto provisioning, no matter what the
value of the parameter Jauto_provision.custom.syncDZ,]

Note If a configuration is modified via both web user interface and phone user interface, the later
modification will prevail.

For more information on the flowchart of keep user personalized configuration settings, refer to
Appendix E Auto Provisioning Flowchart (Keep userpersonalized configuration settings) on page
1006.

Scenario B Clear user personalized configuration settings

The administrator or user wishes to clear user personalized configuration settings via

phone user interface.
Scenario Conditions:

SIRT23G IP phone MAC: 001565770984
The current firmware of the phone is 44.80.060 or later.
Provisioning server URL: ftp://192.168.1.211

auto_provision.custom.protect = 1

Note The Reset Local Configuration option on the web/phone user interface is available only if the
value of the parameter Jauto_provision.custom.protect DZ

If the value ofthepar amet er jauto_provision.custom.syr
001565770984 local.cfg file on the provisioning server will be also cleared after resetting
personalized settings of the phone.
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Scenario Operations:
You can clear the personalized settings of the phone via phone or web user interface.
To clear personalized configuration  settings via phone user interface:

1. PressMenu ->Settings ->Advanced Settings (default password: admin).
2. SelectReset Local Configuration .

The LCD s cr eResetlopal configutatoonsy DZ

———Advanced Settings——

== O P e e e R e e e

Reszet local configurations?

3.  Press theOK soft key.

The LCD screen promgdtlsyDZDel et ed successfu
To clear personalized configuration settings via web user interface:

1. Click on Settings ->Upgrade .
2. ClickReset Local Config .

The web user interf aceresptthelotplcafigiraion®Z you sur e t

Yealink | 2

Account Features Settings Directory
Preference NOTE
Version
Time & Date Reset to Factory Setting
Firmware Version 44.80.0.60 Resets the IP phone to factory
" configurations.
Call Display Hardware Version 44.0.0.16.0.0.0 ¢
. Reboot
Upgrade =Dy B AT Reboots the IP phone.
Reset Local Configuration Reset Local Confi =
Auto Provision a - | Upgrading Firmware
Reboot Reboot Upgrades firmware manually.
Configuration
Select and Upgrade Firmware No file selected. You can click here to get
o des.
Dlal Plan Upgrade mare guides.
3. Click OK.

Configurations in the 001565770984 local.cfg file saved on the phone will be cleared. If the
IP phone is triggered to perform auto provisioning after resetting local configuration file, it
will download the configuration files from the provisioning server and update the
configurations to the phone system. As there is no configuration in the

001565770984 local.cfg file, configurations in the yO00000000044.cfg/001565770984.cfg

file will take effect.
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Scenario C Keep user personalized settings after factory reset

The IP phone requires factory reset when it has a breakdown, but the user wishes to keep

personalized settings of the phone after factory reset.
Scenario Conditions:
SIRT23G IP phone MAC: 001565770984
Provisioning server URL: ftp://1 92.168.1.211
auto_provision.custom.sync = 1
auto_provision.custom.protect = 1

Note As the parameter Jjauto_provi 900166577@984dotabcfgfilsgnn c
the IP phone will be uploaded to the provisioning server at tftp://192.168.1.211.

Scenario Operations:

You cankeep the personalized settings of the phone after factory reset via phone or web user

interface.
To reset the phone to factory via phone user interface:

1. PressMenu ->Settings ->Advanced Settings (default password: admin).
2. SelectReset to Factory .

The LCD screen prompts JReset to factory setti

——Advanced Settings

Fm o o e ot e et e et e e e

Reset to factory setting?

3. Press theOK soft key.

The LCD screen prompts JResetting to factory,

The LCD screen prompts JWelcome InitializingApleas:

To reset the phone to factory via web user interface:

1. Click on Settings ->Upgrade .

2. ClickReset to Factory Setting to reset the phone.
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The web user interface prompts J Do you

want to r es

Yealink | 2

Account DSSKey Settings

Version

Reboot Upgrades firmware manually.

Configuration

Select and Upgrade Firmware \ Browse: |No file selected. ‘ You can click here to get
- more guides.

Preference NOTE

Time & Date Reset to Factory Setting
Firmware Version 44.80.0.60 Resets the IP phone to factory
. configurations.
Call Display Hardware Version 44.0.0.16.0.0.0
- Reboot

Upgrade Reset to Factory Setting Reset to Factory Setting | Reboots the IP phone.

. Reset Local Configuration Reset Local Config _
Auto Provision Upgrading Firmware

3. Click OK.

After startup, all configurations of the phone will be reset to factory defaults. Configurations

in the 001565770984-local.cfg file saved on the IP phone will also be cleared. But
configurations in the 001565770984-local.cfg file stored on the provisioning server
(tftp:// 192.168.1.217) will not be cleared after reset.

To retrieve personalized settings of the phone after factory reset:

1. Set the values of the parameters Jauto_

jauto_provision.custom. protectDZto Begol

001565770984.cfg).

2. Trigger the phone to perform the auto provisioning process.

provision. c

in the conf

The IP phone will download the 001565770984 local.cfg file from the provisioning server,

and then update configurations in it during auto provisioning. As a result, the personalized

settings of the phone are retrieved after factory reset.

Scenario D Import or export the local configuration file

Note

The administrator or user can export the local configuration file  to check the personalized

settings of the phone configured by the user, or import the local configuration file to

configure or change settings of the phone.
Scenario Conditions:
SIRT23G IP phone MAC: 001565770984

The current firmware of the phone is 44.80.060 or later.

Provisioning server URL: ftp://192.168.1.211

As the personalized settings of the base station cannot be changed via auto provisioning when
the value of the parameter Jjsettwofl,disaotiousioshangen
the settings in the <MAC> -local.cfg file before importing it.

.custom. prote
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Scenario Operations:

To export local configuration file via web user interface:

1. Click on Settings ->Configuration

2. SelectLocal Configuration from the p ull-down list of Export CFG Configuration File , and

then click Export to open file download window, and then save the 001565770984 local.cfg

file to the local system.

Yealink | 23

Preference
Time & Date
Call Display
Upgrade

Auto Provision
Configuration
Dial Plan

Voice

Ring

Tones

Softkey Layout
TROG9

Voice Monitoring

Account Network

Export or Import Configuration

DSSKey Features

Browse.. | No file selected.

Export CFG Configuration File

Local Configuratior + |

Import CFG Configuration File

Pcap Feature

Export System Log

System Log Level

Export All Diagnostic Files

No file selected.
Local Configuratior +

Start Stop

@ Local O Server O Ftp/Tftp Server

Export

w

Start Stop

Cancel

Settings

Directory Security

‘Configuration

1P phones can provide feedback
in a variety of forms such as log
files, packets, status indicators
and so on, which can help an
administrator more easily find
the system problem and fox it.

- Log Files

* Capturing Packets
* Configuration File
(*.cfg/*.bin)

You can click here to get
more guides.

The administrator or user can edit the 001565770984 local.cfg file after exporting.
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To import local configuration file via web user interface:

1. Click on Settings ->Configuration .

2. Inthe Import CFG Configuration File field, click Browse to locate the
001565770984 local.cfg file from your local system and select Local Configuration from

the pull-down list.

Yealink | 2

Account Network DSSKey Features Settings Directory
preference Export or Import Configuration No file selected. NOTE
Time & Date ‘Configuration
1P phones can provide feedback
. i f forms such as log
Call Display in a variety of
files, packets, status indicators
Export CFG Configuration File Local Configuratior + and so on, which can help an
Upgrade administrator more easiy find
the system problem and fix it.
Auto Provision Import CFG Configuration File No file selected.  Log Files
N * Capturing Packets
Configuration Local Configuratior ~ - Configuration Fle
(*.cfg/*.bin)
Dial Plan
You can click here to get
. Pcap Feature Start Sto Export a g
Voice . E more guides.
Export System Log @ Local © Server ©) Ftp/Tftp Server
Ring
Tones
System Log Level 3 -
Softkey Layout
Y Lay! Export Al Diagnostic Files Start Stop
TRO69
3. Click Import .

The configurations in the imported 001565770984-local.cfg file will override the one in the
existing local configuration file. The configurations only in the existing local configuration
file will not be cleared. The configurations in the new 001565770984 local.cfg file will be

saved to the phone flash and take effect.

Note I f the value of the parameter Jauto_provisic
001565770984 local.cfg file is successfully imported, the new 001565770984local.cfg file will be
uploaded to the provisioning server and overrides the existing one on the server.

Provisioning Server

Supported Provisioning Protocols

IP phones perform the auto provisioning function of downloading configuration files,
downloading resource files and upgrading firmware. The transfer protocol is used to download
files from the provisioning server. IP phones support several transport protocols for provisioning,
including FTP, TFTP, HTTP, and HTTPS protocdd you can specify the transport protocol in
the provisioning server address, for example, http://xxxxxxx. If not specified, the TFTP protocol is
used. The provisioning server address can be IP address, domain name or URL. If a user name
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Note

and password are specified as part of the provisioning server address, for example,
http://user :pwd@server/dir, they will be used only if the server supports them.

A URL should contain forward slashes instead of back slashes and should not contain spaces
Escape characters are not supported.

If a user name and password are not specifiedas part of the provisioning server address, the User
Name and Password of the provisioning server configured on the phone will be used.

There are two types of FTP methodKactive and passive.IP phones arenot compatible with
active FTP.

Setting up the Provisioning Server

Note

The provisioning server can be on the local LAN or anywhere on the Internet. Use the following
procedure as a recommendation if this is your first provisioning server setup. For more

information on how to set up a provisioning server, refer to Yealink SIPT2 Series T19(P) E2 T4
Series CP860 W56P_IP_Phones Auto Provisioning Guide

To set up the provis ioning server:

1. Install a provisioning server application or locate a suitable existing server.
2. Create an account and home directory.

3. Set security permissions for theaccount.

4. Create configuration files and edit them as desired.

5.  Copy the configuration files and resource filesto the provisioning server.

For more information on how to deploy IP phones using configuration files, refer to Deploying

Phones from the Provisioning Serveron page 68.

Typically all phones are configured with the same server account, but the server acount provides
a means of conveniently partitioning the configuration. Give each account a uniqgue home
directory on the server and change the configuration on a per-line basis.

Deploying Phones from the Provisioning Server

68

The parameters in the newdownloaded configuration files will override the duplicate
parameters in files downloaded earlier. During auto provisioning, IP phones download the
common configuration file first, and then the MAC-oriented file. Therefore any parameter in the

MAC-oriented configuration file will override the same one in the common configuration file.

Yealink supplies configuration files for each phone model, which is delivered with the phone
firmware. The configuration files, supplied with each firmware release, must be ugd with that
release. Otherwise, configurations may not take effect, and the IP phone will behave without
exception. Before you configure parameters in the configuration files, Yealink recommends that

you create new configuration files containing only thos e parameters that require changes.
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To deploy IP phones from the provisioning server:

1. Create per-phone configuration files by performing the following steps:

a) Obtain a list of phone MAC addresses (the bar code label on the back of the IP phone

or on the outside of the box).

b) Create perphone <MAC> .cfg files by using the MAC-Oriented CFGfile from the

distribution as templates.
c) Edit the parameters in the file as desired.

2. Create new common configuration files by performing the following steps:

a) Create <y0000000000xx>.cfg files by using the Common CFGfile from the distribution

as templates.
b) Edit the parameters in the file as desired.
3. Copy configuration files to the home directory of the provisioning server.

4. Reboot IP phonesto trigger the auto provisioning process.

IP phones discover the provisioning server address, and then download the configuration files

from the provisioning server.

For more information on configuration files, refer to Configuration Files on page 50. For

protecting against unauthorized access, you can encrypt configuration files. For more

information on encrypting configuration files, refer to Encrypting Configuration Files on page

911.

During the auto provisioning process, the IP phone supports the following methods to discover

the provisioning server address:

Zero Touch: Zero Touch feature guides you to configure network settings and the
provisioning server address via phone user interface after startup.

PnP: PnP feature allows IP phones to discover the provisioning sever address by
broadcasting the PnP SUBSCRIBE messagliring startup.

DHCP: DHCP option can be used to provide the address or URL of the provisioning server

to IP phones. When the IP phone requests an IP address using the DHCP protocol, the

resulting response may contain option 66 or the custom option (if configured) that

contains the provisioning server address.

Static: You can manually configure the server address via phone user interface or web user

interface.

For more information on the above methods, refer to Yealink SIPT2 Series T19(P) E2 T4
Series CP860 W56P_IP_Phones _Auto_Provisioning _GLide
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Configuring Basic Network Parameters

In order to get your IP phones running, you must perform basic network setup, such as IP
address and subnet mask configuration. This section describes how to configure basic network

parameters for IP phones.

Note This section mainly introduces IPv4 network parameters. IP phonesalso support IPv6. For more
information on IPv6, refer to IPv6 Supporton page 748.

DHCP

DHCP (Dynamic Host Configuration Protocol) is a network protocol used to dynamically allocate
network parameters to network hosts. The automatic allocation of network parameters to hosts
eases the administrative burden of maintaining an IP network. IP phones comply with the DHCP
specifications documented in RFC 2131. If using DKCP, IP phones connected to the network
become operational without having to be manually assigned IP addresses and additional

network parameters.

Procedure

DHCP can be configured using the configuration files or locally.

Configure DHCP on the IP phone.
Configuration File <MAC>.cfg Parameter:

network.internet_port.type

Configure DHCP on the IP phone.
Navigate to:

For
SIRT48G/T46G/T42G/T41P/T40P/T2
9G/T27P/T23P/T23G/T21(P)

Web User Interface E2/T19(P) E2/CP860:

Local http://<phonelPAddress> /servlet?p
=network&g=load

For SIP VPT49G

http://<phonelPAddress>/serviet?m
=mod_data&p=network&g=load

Phone User Interface Configure DHCP on the IP phone.
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Details of Configuration Parameter

Parameter Permitted Values Default

network.internet_port.type 0,1or2 0

Description :

Configures the Internet (WAN) port type for IPv4.

0-DHCP

1-PPPoE (not applicable to SIPT42G/T41RCP860 IP phones)
2-Static IP Address

Note : It works only if the value of the parameter] net wor k. i p_addr ess _|
(IPv4) or 2 (IPv4 & IPv6). If you change this parameter, the IP phone will reboot to make the
change take effect.

Web User Interface:
Network->Basic->IPv4 Config
Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin) ->Network ->WAN
Port->IPv4

To configure DHCP via web user interface:

1. Click on Network ->Basic.

2. Inthe IPv4 Config block, mark the DHCP radio box.

Yealink | 2

Account

- Internet Port
Basic
Mode(IPv4/IPve) Pt [+]
PC Port DHCP
IPv4 Config DHCP (Dynamic Host
Ad d Configuration Protocol) is a
HELEE @ DHCP network protocol used to
dynamically allocate network
@ Static IP Address parameters to IP phones.
l— Static IP Address
TP Address Specifies the network
arameters of IP phones
Subnet Mask Eﬂnualrv. P
Gateway PPPoE
B B It allows users to share a
Static DNS © on @ off common DSL connection to the
Internet.
Primary DNS

3. Click Confirm to accept the change.
A dialog box pops up to prompt that settings will take effect after a reboot.

4. Click OK to reboot the phone.
To configure DHCP via phone user interface:

1. PressMenu ->Settings ->Advanced Settings (default password: admin)
->Network ->WAN Port ->1Pv4.
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2. SelectDHCP IPv4 Client and then press the Enter soft key.

3. Press theSave soft key to accept the change.

The IP phone reboots automatically to make settings effective after a period of time.

Static DNS

72

Static DNS address(es) can be configured and useaven though DHCPis enabled.

Procedure

Static DNS can be configured using the configuration files or locally.

<y0000000000x% .cfg

Configure the static DNS feature.
Parameter :

network.static_dns_enable

Configuration File

<MAC>.cfg

Configure static DNS address.
Parameters:
network.primary_dns

network.secondary_dns

Web User Interface

Local

Configure the static DNS feature.
Configure static DNS address.
Navigate to:

For
SIRT48G/T46G/T42G/T41P/T40P/T2
9G/T27P/T23P/T23G/T21(P)
E2/T19(P) E2/CP860:

http://< phonelPAddress>/serviet?p
=network&q=load

For SIP VPT49G

http://<phonelPAddress>/serviet?m

=mod_data&p=network&qg=load

Phone User Interface

Configure the static DNS feature.

Configure static DNS address.

Details of Configuration Parameters:

Parameter s Permitted Values Default

network.static_dns_enable

Oorl 0

Description :

Triggers the static DNS feature to on or off.
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Parameter s Permitted Values Default

0-Off

1-On

If it is set to 0 (Off), the IP phone will use the IPv4 DNSobtained from DHCP.

If itis set to 1 (On), the IP phone will use manually configured static IPv4 DNS.
Note:l't works only if the value of the paraf
(DHCP).If you change this parameter, the IP phone will reboot to make the change take
effect.

Web User Interface:

Network->Basic->IPv4 Config->Static DNS

Phone User Interface:

Menu-> Settings->Advanced Settings (default password: admin)>Network ->WAN
Port->IPv4->DHCP IPv4 Client>Static DNS

network.primary_dns IPv4 Address Blank

Description :

Configures the primary IPv4 DNSserver.

Example:

network.primary_dns = 202.101.103.55

Note : It works only if the value of the parameter "network.static_dns_enable" is set to 1 (On).
If you change this parameter, the IP phone will reboot to make the change take effect.

Web User Interface:

Network->Basic->IPv4 Config->Static IP Address>Primary DNS

Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin) ->Network ->WAN
Port->IPv4->DHCP IPv4 Client>Static DNS (Enabled)->IPv4 Pri.DNS

network.secondary_dns IPv4 Address Blank

Description :

Configures the secondary IPv4 DNS server.

Example:

network.secondary_dns = 202.101.103.54

Note : It works only if the value of the parameter "network.static_dns_enable" is set to 1 (On).

If you change this parameter, the IP phone will reboot to make the change take effect.

Web User Interface:

Network->Basic->IPv4 Config->Static IP Address>Secondary DNS
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Parameter s

Permitted Values

Default

Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin) ->Network ->WAN
Port->IPv4->DHCP IPv4 Client>Static DNS (Enabled)->IPv4 Sec.DNS

To configure static DNS address when DHCP is used via web user interface:

1. Click on Network ->Basic.

In the IPv4 Config block, mark the DHCP radio box.

2.
3. Inthe Static DNS block, mark the On radio box.
4,

Enter the desired values in the Primary DNS and Secondary DNS fields.

Yealink | 2z«

Account Network

Internet Port

Primary DNS

Secondary DNS

Basic

Mode(TPvd/IPvE) i [=]
PC Port

IPv4 Config
Advanced ® DHP
7 Static IP Address

1P Address

Subnet Mask

Gateway

Static DNS @ on © off

202.101.103.55

202.101.103.54

© pPPoE
User Name

Password

DHCP

DHCP (Dynamic Host
Configuration Protocol) is 3
network protocol used to
dynamically allocate network
parameters to IP phones.

Static IP Address
Specifies the network
parameters of IP phones
manually.

PPPoE

It allows users to share a
common DSL connection to the
Internet.

1Pv6 Support

IPv6 is developed to deal with
the long-anticipated problem of
IPv4 address exhaustion.

You can click here to get
more guides.

5. Click Confirm to accept the change.

A dialog box pops up to prompt that settings will take effect after a reboot.

6. Click OK to reboot the phone.

To configure static DNS when DHCP is used via phone user interface:

1. PressMenu ->Settings ->Advanced Settings (default password: admin)
->Network ->WAN Port ->1Pv4->DHCP IPv4 Client.

2. Press@ or@ , or theSwitch soft key to select Enabled from the Static DNS field.

3. Enter the desired valuein the IPv4 Pri.DNS and IPv4 Sec DNS field respectively.

4. Press theSave soft key to accept the change.

The IP phone reboots automatically to make settings effective after a period of time.

DHCP Option

DHCP provides a framework for passing information to TCP/IP network devicesNetwork and

other control information are carried in tagged data items that are stored in the options field of
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the DHCP message. The data items themselves are also called options.

DHCP can be initiated by simply connecting the IP phone with the network. IP phones broadcast

DISCOVER messages to request the network information carried in DHCP options, and the

DHCP server responds with specific values in corresponding options.

The following table lists common DHCP options supported by IP phones.

Parameter DHCP Option Description
Subnet Mask 1 Specify the clientodos su
) Specify the offset of the client's subnet in seconds
Time Offset 2 ) ) ]
from Coordinated Universal Time (UTC).
Specify a list of IP addresses for routers onthe
Router 3 .
client@s subnet.
Time Server 4 Specify a list of time servers available to the client
Domain Name 6 Specify a list of domain name serversavailable to
Server the client.
Specify a list of MIT-LCS UDP servers available to
Log Server 7 ]
the client.
Host Name 12 Specify the name of the client.
) Specify the domain name that client should use
Domain Server 15 ) )
when resolving hostnames viaDNS.
Broadcast ’8 Specify the broadcast address in use on the
Address client's subnet.
Network Time 42 Specify a list of NTP servers available to the client
Protocol Servers by IP address
Vendor-Specific ) o ]
) 43 Identify the vendor -specific information.
Information
Vendor Class )
- 60 Identify the vendor type.
Identifier
Identify a TFTP server wherthe 'sname’ field in
TFTP Server
66 the DHCP header has been used for DHCP
Name .
options.
) Identify a boot file when the 'file' field in the
Boot file Name 67

DHCP header has been used for DHCP options.

For more information on DHCP options, refer to
http://www.ietf.org/rfc/rfc2131.txt?number=2131 or
http://lwww.ietf.org/rfc/rfc2132.txt?number=2132 .

If you do not have the ability to configure the DHCP options for discovering the provisioning
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server on the DHCP server, an alternate method of automatically discovering the provisioning
server address is required. Connecting to the secondary DHCP server that responds to DHCP
INFORMqueries with a requested provisioning server address is one possibility. For more
information, refer to http://www.ietf.org/rfc/rfc3925.txt?number=3925 .

DHCP Option 66 and Option 43
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Yealink IPphones support obtaining the provisioning server address by detecting DHCP options

during startup.

The phone will automatically detect the option 66 and option 43 for obtaining the provisioning
server address. DHCP option 66 is used to identify the TFTPesver. DHCP option 43 is a
vendor-specific option, which is used to transfer the vendor-specific information.

To use DHCP option 66 or DHCP option 43, make sure the DHCP Active feature is enabled
Procedure

DHCP active can be configured using theconfiguration files or locally.

Configure DHCP active.
Configuration File <y0000000000xx%.cfg Parameter :

auto_provision.dhcp_option.enable

Configure DHCP active.
Navigate to:

For
SIRT48G/T46G/T42G/T41P/T4A0P/T29G
[T27P/T23P/T23G/TA(P) E2/T19(P)
Local Web User Interface E2/CP860:

http:// <phonelPAddress>/servlet?p=s
ettings-autop&g=load

For SIP VPT49G

http:// <phonelPAddress>/serviet?m=
mod_data&p=settings -autop&g=load

Details of Configuration Parameter

Parameter Permitted Values Default

auto_provision.dhcp_option.enable Oorl 1

Description :
Triggers the DHCP Option feature to on or off.
0-Off

1-On
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Parameter Permitted Values Default

If itis set to 1 (On), the IP phone will obtain the provisioning server address by detecting
DHCP options.

Web User Interface:

Settings->Auto Provision->DHCP Active

Phone User Interface:

None

To configure the DHCP active feature via web user interface:

1.  Click on Settings ->Auto Provision .

2. Mark the On radio box in the DHCP Active field.

Log Out

Yealink | . PR

| Directory || Security |

Auto Provision NOTE

|| Account || Network || || | Settings

L___SIP

Preference
PP Active @ on © off
Time & Date Auto Provision
bHCP Active @ on © off The IP phone can interoperate
N with provsioning server using
Call Display Custom Option(128~254) auto provisioning for deploying
the IP phones.
Upgrade DHCP Option Value yealink

When the IP phone triggers to
perform auto provisioning, it will

Auto Provision Server URL request to download the
User Name configuration files from the
- provisioning server, During the
Configuration auto provisioning process, the
Password IP phone will download and
Dial Plan update configuration files to the
Attempt Expired Time(s) 5 phone flash.
EE FrrE AR You can click here to get
Ring MAC-Oriented AES Key =R
Zero Active Diszbled
Tones [=]
Wait Time(1~100s) 5
Softkey Layout _ _
Power On @ on © off
TRO69 Repeatedly © on @ off
Voice Monitoring Interval{Minutes) 1440
Weekly @ on @ off

3. ClickConfirm to accept the change.

DHCP Option 42 and Option 2
Yealink IP phones supportusing the NTP serveraddress offered by DHCP.

DHCP option 42 is used to Pecify a list of NTP servers available to the client by IP addressNTP
servers should be listed in order of preference. DHCP option 2 is used to pecify the offset of the

client's subnet in seconds from Coordinated Universal Time (UTC).

To update time with the offset time offered by the DHCP server, make sure the DHCP Time
feature is enabled at the web path Settings ->Time & Date ->DHCP Time. For more

information on how to configure DHCP time feature, refer to NTP Time Serveron page 176.

DHCP Option 12 Hostname on the IP Phone

This option specifies the host name of the client. The name may or may not be qualified with the
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local domain name (based on RFC 2132). See RFC 1035 for charactegstrictions.

Procedure

DHCPoption 12 hostname can be configured using the configuration fil es or locally.

Configuration File

<y0000000000xx»%.cfg

Configure the DHCP option 12
hostname.

Parameter :

network.dhcp_host_name

Local Web User Interface

Configure the DHCP option 12

hostname.
Navigate to:

For
SIRT48G/T46G/T42G/T41P/T40P/T2
9G/T27P/T23P/T23G/T21(P)
E2/T19(P) E2/CP860:

http:// <phonelPAddress>/servilet?p
=features-general&g=load

For SIP VPT49G

http://<phonelPAddress>/serviet?m

=mod_data&p=features -general&q

=load
Details of Configuration Parame
Parameter Permitted Values Default
String within 99 Refer to the
network.dhcp_host_name )
characters following content

Description :

Configures the DHCP option 12 hostname on the IP phone.

For SIP VP-T49G IP phones:
The default value is SIP VPT49G.
For SIP-T48G IP phones:

The default value is SIPT48G.
For SIP-T46G IP phones:

The default value is SIPT46G.
For SIP-T42G IP phones:

The default value is SIPT42G.

For SIP-T41P IP phones:
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Parameter Permitted Values Default

The default value is SIPT41P.
For SIP-T40P IP phones:

The default value is SIRT40P.

For SIP-T29G IP phones:

The default value is SIRT29G.
For SIP-T27P IP phones:

The default value is SIPT27P.
For SIP-T23P IP phones:

The default value is SIPT23P.
For SIP-T23G IP phones:

The default value is SIPT23G.
For SIP-T21(P) E2 IP phones:
The default value is SIPT21P_E2.
For SIP-T19(P) E2 IP phones:
The default value is SIPT19P_E2.
For CP860 IP phones:

The default value is CP860.

Note : If you change this parameter, the IP phone will reboot to make the change take effect.

Web User Interface:
Features>General Information->DHCP Hostname
Phone User Interface:

None

To configure DHCP option 12 hostname on the IP phone via web user interface:

1. Click on Feature->General Information .
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2. Enter the desired host name in the DHCP Hostname field.

Log Out
-
Yealink |z
Account Network DSSKey Features i Directory Security
Gel | Infe i
Forward&DND feral fmormation RO
Call Waiting Enabled E
General Call Waiting
Information Call Waiting On Code It allows IP phones to receive 2
new incoming call when there is
- Call Waiting Off Code already an active call.
Audio
Auto Redial Disabled LB E |
Intercom uro fedi sane B It allows IP phones to
y . automatically redial a busy
Auto Redal Interval (1~300s) 10 number after the first attempt.
UEITEES Auto Redial Times (1~300) 10 Key As Send
N Assigns "#" or "*" as the send
Call Pickup key.
- Hotline
Hemiole i) IP phone will automatically dial
out the hotline number when
Phone Lock SEEELE e Enabled El lfting the handset, pressing the
speakerphone key or the line
DHCP Hostname SIP-T23G key.
ACD
Reboot in Taking Diszbled [~] Call Completion
It allows users to monitor the
SMs Hide Feature Access Codes Disabled busy party and establish 3 call
when the busy party becomes
Action URL Display Method on Dialing User Mame avaiable to receive a call.
Power LED b Disabled You can click here to get
more guides.
Notification Popups

3. Click Confirm to accept the change.
A dialog box pops up to prompt that settings will take effect after a reboot.

4. Click OK to reboot the phone.

Configuring Network Parameters Manually

If DHCP is disabled or IP phones cannot obtainnetwork parameters from the DHCP server, you
need to configure them manually. The following parameters should be configured for IP phones
to establish network connectivity:

IP Address
Subnet Mask
Default Gateway
Primary DNS

Secondary DNS

Procedure

Network parameters can be configured manually using the configuration files or locally.

Configure network parameters of

the IP phone manually.
Parameters:
Configuration File <MAC>.cfg network.internet_port.type
network.ip_address_mode
network.internet_port.ip

network.internet_port.mask
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network.internet_port.gateway
network.primary_dns

network.secondary_dns

Configure network parameters of
the IP phone manually.

Navigate to :

For
SIRT48G/T46G/T42G/T41P/T40P/T2
9G/T27P/T23P/T23G/T21(P)

Web User Interf
ebLserinteriace E2/T19(P) E2/CP860:

Local http://<phonelPAddress>/serviet?p

=network&q=load
For SIP VPT49G

http://<phonelPAddress>/serviet?m
=mod_data&p=network&qg=load

Configure network parameters of
Phone User Interface
the IP phone manually.

Details of Configuration Parameters:

Parameter s Permitted Values Default

network.internet_port.type 0,1lor2 0

Description :

Configures the Internet (WAN) port type for IPv4.

0-DHCP

1-PPPoHEot applicable to SIP-T42G/T41FCP860IP phones)
2-Static IP Address

Note:Itworksonlyi f t he value of the parameter ] ne
(IPv4) or 2 (IPv4 & IPV6). If you change this parameter, the IP phone will reboot to make the

change take effect.

Web User Interface:
Network->Basic->1Pv4 Config
Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin)->Network ->WAN
Port->1Pv4

network.ip_address_mode 0,1or2 0

Description :
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Parameter s Permitted Values Default

Configures the IP address mode.

0-1Pv4

1-1Pv6

2-1Pv4 & IPv6

Note: If you change this parameter, the IP phone will reboot to make the change take effect.
Web User Interface:

Network->Basic->Internet Port-> Mode(IPv4/IPv6)

Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin)->Network ->WAN
Port->IP Mode

network.internet_port.ip IPv4 Address Blank

Description :

Configures the IPv4 address.

Example:

network.internet_port.ip = 192.168.1.20

Note:l't wor ks only if the value of the para
(IPv4) or 2 (IPv4 &IPv6), and "network.internet_port.type" is set to 2 (Static IP Address)If

you change this parameter, the IP phone will reboot to make the change take effect.
Web User Interface:

Network->Basic->1Pv4 Config-> Static IP Address>IP Address

Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin)->Network ->WAN
Port->IPv4->Static IPv4 Client->1Pv4

network.internet_port.mask Subnet Mask Blank

Description :

Configures the IPv4 subnet mask.

Example:

network.internet_port.mask = 255.255.255.0

Note: | t works only if the value of the para
(IPv4) or 2 (IPv4 & IPv6), and "network.internet_port.type" is set to 2 (Static IP Address])f
you change this parameter, the IP phone will reboot to make the change take effect.

Web User Interface:
Network->Basic->1Pv4 Config-> Static IP Address>Subnet Mask

Phone User Interface:
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Parameter s Permitted Values Default

Menu->Settings->Advanced Settings (default password: admin)->Network ->WAN
Port->IPv4->Static IPv4 Client->Subnet Mask

network.internet_port.gateway IPv4 Address Blank

Description :

Configures the IPv4 default gateway.

Example:

network.internet_port.gateway = 192.168.1.254

Note:l' t wor ks only if the value of the para
(IPv4) or 2 (IPv4 & IPv6), and "network.internet_port.type" is set to 2 (Static IP Address)f
you change this parameter, the IP phone will reboot to make the change take effect.

Web User Interface:
Network->Basic->1Pv4 Config-> Static IP Address>Gateway
Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin)->Network ->WAN
Port->IPv4->Static IPv4 Client->Default Gateway

network.primary_dns IPv4 Address Blank

Description :

Configures the primary IPv4 DNS server.
Example:

network.primary_dns = 202.101.103.55

Note:l't wor ks only if the value of the para
(IPv4) or 2 (IPv4 & IPv6), and "network.internet_port.type" is set to 2 (Static IP Address)f

you change this parameter, the IP phone will reboot to make the change take effect.
Web User Interface:

Network->Basic>1Pv4 Config->Static IP Address>Primary DNS

Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin)->Network ->WAN
Port->IPv4->Static IPv4 Client->IPv4 PriDNS

network.secondary_dns IPv4 Address Blank
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Parameter s Permitted Values Default

Description :

Configures the secondary IPv4 DNS server.
Example:

network.secondary_dns = 202.101.103.54

Note:l't works only if the value of the pararf
(IPv4) or 2 (IPv4 &IPv6), and "network.internet_port.type" is set to 2 (Static IP Address)If
you change this parameter, the IP phone will reboot to make the change take effect.

Web User Interface:
Network->Basic->1Pv4 Config-> Static IP Address>Secondary DNS
Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin)->Network ->WAN
Port->IPv4->Static IPv4 Client->IPv4 SecDNS

To configure the IP address mode via web user interface:

1. Click on Network ->Basic.

2. Select desired value from the pull-down list of Mode (IPv4/IPv6) .

Yealink s

Account

Basic Internet Port NOTE
Mode(IPv4/IPvE) Pvd & IPvE Iz‘ |
PC Port DHCP
1Pv4 Config DHCP (Dynamic Host
d d Configuration Protocol) is 3
Advance: @ DHCP network protocol used to
dynamically allocate network
) Static IP Address parameters to IP phones.
l— Static IP Address
IP Address Specifies the network
parameters of IP phones
Subnet Mask mrenuzly.
Gateway PPPoE
_ ~ It allows users to share a
Static DNS © on @ off common DSL connection to the
Internet.
Primary DNS
Secondary DNS IPv6 Support
IPv6 is developed to deal with
the long-anticipated problem of
1Pv4 address exhaustion.

3. Click Confirm to accept the change.
A dialog box pops up to prompt that settings will take effect after a reboot.

4. Click OK to reboot the phone.
To configure a static IP v4 address via web user interface:

1. Click on Networ k->Basic.

2. Inthe IPv4 Config block, mark the Static IP Address radio box.
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3. Enterthe desired values in the IP Address, Subnet Ma sk, Gateway , Primary DNS and

Secondary DNS fields.

Yealink |3

Account Network
Basic Internet Port
Mode(IPv4/IPvE) IPvd & IPvE Iz‘
PC Port
1Pv4 Config
Advanced ) DHCP
@ Static IP Address
IP Address 192.168.1.10
Subnet Mask 255.255.255.0
Gateway 192.168.1.254
Static DNS @ on off
Primmary DNS 202.101.103.55
Secondary DNS 202.101.103.54
) PPPOE
User Name
Password ~ |ssssssss

DHCP

DHCP (Dynamic Host
Configuration Protocol) is 3
network protocol used to
dynamically allocate network
parameters to IP phones.

Static IP Address
Specifies the network
parameters of IP phones
manually.

PPPOE
It allows users to share a
commen DSL connection to the
Internet.

IPv6 Support

1Pv6 is developed to deal with
the long-anticipated problem of
1Pv4 address exhaustion.

You can click here to get
more guides.

4. Click Confirm to accept the change.
A dialog box pops up to prompt that settings will take effect after

5.  Click OK to reboot the phone.

To configure the IP address mode via phone user interface:

areboot.

1. PressMenu ->Settings ->Advanced Settings (default password: admin)

->Network ->WAN Port .

2. Press@ or® to selectlPv4 or IPv4 & IPv6 from the IP Mode field.

3. Press theSave soft key to accept the change.

The IP phone reboots automatically to make settings effective after a period of time.

To configure a static IP v4 address via phone user int erface:

1. PressMenu ->Settings ->Advanced Settings (default password: admin)

->Network ->WAN Port ->1Pv4->Static IPv4 Client .

2. Enterthe desired value in the IPv4, Subnet Mask, Default Gateway and IPv4 Pri.DNS and

IPv4 SecDNS field respectively.

3. Press theSave soft key to accept the change.

The IP phone reboots automatically to make settings effective after a period of time.

PPPOE

PPPOE (Pointto-Point Protocol over Ethernet) is a network protocol used by Internet Service

Providers (ISPs) to provide DigitalSubscriber Line (DSL) high speed Internet services. PPPoE

allows an office or building -full of users to share a common DSL connection to the Internet.

PPPOoE connection is supported by the IP phone Internet port. Contact your ISP for the PPPoE
user name and password. PPPOE is not applicable to $-T42G,SIRT41Pand CP860IP phones.
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Procedure

PPPoE can be configured using the configuration files or locally.

<MAC>.cfg

Configure PPPoE on the IP phone.
Parameter:

network.internet_port.type

Configuration File

<y0000000000x% .Cfg

Configure the user name and
password for PPPoE on the IP
phone.

Parameters:
network.pppoe.user

network.pppoe.password

Web User Interface

Local

Configure PPPOE on the IP phone.

Configure the user name and
password for PPPoE on the IP
phone.

Navigate to :

For
SIRT48G/T46G/T40P/T29G/T27P/T2
3P/T23G/T21(P) E2/T19(P) E2:
http://<phonelPAddress>/serviet?p
=network&q=load

For SIP VPT49G

http://<phonelPAddress>/serviet?m
=mod_data&p=network&qg=load

Phone User Interface

Configure PPPOE on thelP phone.

Configure the user name and
password for PPPoE on the IP

phone.

Details of Configuration Parameters:

Parameter s

Permitted Values Default

network.internet_port.type

0,1o0r2 0

Description :
Configures the Internet (WAN) port type for IPv4.
0-DHCP

1-PPPoE (not applicable to SIPT42G/T41RFCP860IP phones)
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Parameter s Permitted Values Default

2-Static IP Address

Note:l't works only if the value of the pararf
(IPv4) or 2 (IPv4 & IPv6). If you change this parameter, the IP phone will reboot tomake the
change take effect.

Web User Interface:
Network->Basic->1Pv4 Config
Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin)->Network ->WAN
Port->IPv4

String within 32
network.pppoe.user Blank
characters

Description :

Configures the user name for PPPoE connection.
Example:

network.pppoe.user = Xmyl0592123

Note:l' t wor ks only if the value of the para
(IPv4) or 2 (IPv4 &IPv6), and "network.internet_port.type" is set to 1 (PPPoE)If you change
this parameter, the IP phone will reboot to make the change take effect. It is not applicable
to SIP-T42G, SIPT41P and CP860 IP phones.

Web User Interface:
Network->Basic->IPv4 Config->PPPoE>User Name
Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin)->Network ->WAN
Port->IPv4->PPPoE IR4 Client->PPPoE User

String within 99
network.pppoe.password Blank
characters

Description :

Configures the password for PPPOE connection.
Example:

network.pppoe.password = yealink123

Note:l't wor ks only if the value of the para
(IPv4) or 2 (IPv4 & IPv6), and "network.internet_port.type" is set to 1 (PPPoE)f you change
this parameter, the IP phone will reboot to make the change take effect. It is not applicable
to SIP-T42G, SIPT41P and CP860 IP phones.

Web User Interface:

Network->Basic->1Pv4 Config->PPPoE>Password
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Parameter s Permitted Values Default

Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin) ->Network ->WAN
Port->IPv4->PPPoE IR4 Client->PPPoE PWD

To configure PPPoEvia web user interface:

1. Click on Network ->Basic.

2. Inthe IPv4 Config block, mark the PPPoEradio box.

3. Enter the user name and password incorresponding fields.

Yealink |12z«

Account Network
- Internet Port
Basic
Made(IPv4/IPve) Pt [+]
PC Port DHCP
1Pv4 Config DHCP (Dynamic Host
Ad d Configuration Protocol) is a
CALZE “ DHCP network protocol used to
dynamically allocate network
") Static IP Address parameters to IP phones.
l— Static IP Address
IP Address Specifies the network
T f IP ph
Subnet Mask sty pnones
Gateway PPPoE
B It allows users to share a
Static DNS on @ off common DSL connection to the
Internet.
Primary DNS
Secondary DNS IPv6 Support
1Pv6 is developed to deal with
the long-anticipated problem of
1Pv4 address exhaustion.
© PPPOE
You can click here to get
User Name Xmyl0592123 maore guides.
Password | essesees

4. Click Confirm to accept the change.
A dialog box pops up to prompt that settings will take effect after a reboot.

5. Click OK to reboot the phone.
To configure PPPoEvia phone user interface:

1. PressMenu ->Settings ->Advanced Settings (default password: admin)
->Network ->WAN Port ->1Pv4->PPPoEIPv4 Client .

2. Enter the user name and password incorresponding fields.

3. Press theSave soft key to accept the change.

The IP phone reboots automatically to make settings effective after a period of time.

Configuring Transmission Methods of the Internet Port and PC

Port

Yealink SIPVP-T49G/SIRT48G/T46G/TAZ5/T41P/TA40P/T29G/T27P/T23P/T23G/T21(P) ER19(P)
E2 IP phones support two Ethernet ports: Internet port and PC port. The CP860 IPphones have

Internet port only. Three optional methods of transmission configuration for IP phone Internet
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or PC Ethernet ports:

Auto-negotiate
Half-duplex
Full-duplex

Auto-negotiate is configured for both Internet and PC po rts on the IP phone by default.

Auto -negotiat e

Auto-negotiate means that two connected devices choose common transmission parameters
(e.g., speed and duplex mode) to transmit voice or data over Ethernet. This process entails
devices first sharing transmission capabilities and then selecting the highest performance
transmission mode supported by both. You can configure the Internet port and PC port on the
IP phone to automatically negotiate during the transmission.

Half -duplex

Half-duplex transmission refers to transmitting voice or data in both directions, but in one
direction at a time; this means one device can send data on the line, but not receive data
simultaneously. You can configure the half-duplex transmission on both Internet port and PC
port for the IP phone to transmit in 10Mbps or 100Mbps.

ﬁl—)
IR S

Internet Port
SW
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Full-duplex

Full-duplex transmission refers to transmitting voice or data in both directions at the same time;

this means one device can send data on the line while receiving data. You can configure the

full-duplex transmission on both Internet port and PC port for the IP phone to transmit in
10Mbps, 100Mbps or 1000Mbps (1000Mbps is only applicable to SIP
VP-T49G/SIRT48G/T46G/T42GT29G/T23GCP860 IP phones)

Internet Port

SW

PC Part

Procedure

The transmission methods of Ethernet ports can be configured using the configuration files or

locally.

Configuration File

<y0000000000xx% .cfg

Configure the transmission methods of
the Internet (WAN) port.

Parameters:
network.internet_port.speed_duplex

network.pc_port.speed_duplex

Local

Web User Interface

Configure the transmission methods of
the Internet (WAN) port.

Navigate to :

For
SIRT48G/T46G/T42G/T41P/T40P/T29G/
T27P/T23P/T23G/T21(P) E2/T19(P)
E2/CP860:

http://<phonelPAddress>/servlet?p=net

work-adv&g=load
For SIP VPT49G

http://<phonelPAddress>/serviet?m=m
od_data&p=network -adv&q=load
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Details of Configuration Parameters:

Parameter s Permitted Values Default

network.internet_port.speed_duplex 0,1,2,3,40r5 0

Description :

Configures the transmission method of the Internet (WAN) port.
0-Auto Negotiate

1-Full Duplex 10Mbps

2-Full Duplex 100Mbps

3-Half Duplex 10Mbps

4-Half Duplex 100Mbps

5-Full Duplex 1000Mbps (nly applicable to SIP
VP-T49G SIRT48G/T46G/T42G/T29G/T23G/CP860 IP phongs

Note : For SIP VRT49G/SIRT48G/T46G/T42G/T29G/T23G IP phonesjou can set the
transmission speed to 1000Mbps/Auto Negotiate to transmi t in 1000Mbps if the IP phone is
connected to the switch supports Gigabit Ethernet. We recommend that you do not change
this parameter. If you change this parameter, the IP phone will reboot to make the change

take effect.

Web User Interface:

Network->Advanced->Port Link->WAN Port Link
Phone User Interface:

None

network.pc_port.speed_duplex 0,1,2,3,40r5 0

Description :

Configures the transmission method of the PC(LAN) port.
0-Auto Negotiate

1-Full Duplex 10Mbps

2-Full Duplex 100Mbps

3-Half Duplex 10Mbps

4-Half Duplex 100Mbps

5-Full Duplex 1000Mbps (nly applicable to SIP VRT49G/SIRT48G/T46G/T42G/T29G/T23G
IP phones)

Note: |t works only if the value of the par
Negotiate). It is not applicable to CP860 IP phones.For SIP
VP-T49G/SIRT48G/T46G/T42G/T29G/T23G IP phonesjou can set the transmission speed
to 1000Mbps/Auto Negotiate to transmit in 2000Mbps if the IP phone is connected to the
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Parameter s Permitted Values Default

switch supports Gigabit Ethernet. We recommend that you do not change this parameter. If
you change this parameter, the IP phone will reboot to make the change take effect.

Web User Interface:
Network->Advanced->Port Link->PC Port Link
Phone User Interface:

None

To configu re the transmission methods of Ethernet ports via web user interface:

1. Click on Network ->Advanced .
2. Select the desired value from the pull-down list of WAN Port Link .

3. Select the desired value from the pull-down list of PC Port Link.

Log Out

Yealink | 23

DSSKey Features Settings Directory Security

. LLDP

Active Enabled [=]
PC Port VLAN
Packet Interval (1~3600s) 60 It 5 used to logically divide 2
Advanced physical network into several
cop broadcast domains. VLAN
membership can be configured
! bled through software Instead of
hetive Dissbled [=] physically relocating devices or
CONMeCtns.

Packet Interval (1~3600s) 60

VLAN The priority of VLAN assignment
method (from highest to
lowest) :LLDP/CDP->manual

WAN Part Active Disabled [=] configuration->DHCE VLAN

VID (1-4094) 1 NAT Traversal

It s a general term for
techniques that establsh and
mentzain IP connections
traversing NAT gateways. STUN
5 one of the NAT traversal
techniques.

Port Link

‘You can configure NAT travarsal

WAN Part Link Auto Negotste [=] for the I phane.

a ality of Service 5]
PC Port Link Auto Negotate [=] e !‘h‘: S pm(\?rf’e )
different priorities for different
packets in the network,
allawing the transport of traffic
Voice Qo5 (0~63) 46 with specel requirements,

Vaice QoS

SIP QoS (D~63) 6 Web Server Type
It determnes access protocol
Local RTP Port and port of the IP phone's wab
user interface.
Max RTP Port (1~65535) 12780
BDZF?U( Aumg‘nnlt:;tlgn
i Bt (Lt 3y 7 It offers an authentication
Min RTP Port (1~65535) 11780 R T B
ven connect/link to a LAN or WLAN.

VEN
Active Enabled [=] It provides remote offices or
nciidual users with secure

Browse... accass to their organization's
- network,
Upload
P P [ You can dick here to get
L Confirm | L Cancel more guides.

Upload VPN Config

4. Click Confirm to accept the change.
A dialog box pops up to prompt that settings will take effect after a reboot.

5. Click OK to reboot the phone .

Configuring PC Port Mode

The PC port on the back of the IP phone is used to connect a PCYou canenable or disable the
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PC (LAN) port onthe IP phonesvia web user interface or using configuration files. PC port is not

applicable to CP860 IP phones.

Procedure

PC port mode can be configured using the configuration files or locally.

Configuration File <y0000000000x»%.cfg

Parameter:

Configure the PC (LAN) rt.

network.pc_port.enable

Local Web User Interface

For

load

Configure the PC (LAN) port

Navigate to :

SIRT48G/T46G/T42G/T41P/T40P/T2
9G/T27P/T23P/T23G/T21(P)
E2/T19(P) E2:
http://<phonelPAddress>/serviet?p
=network -pcport&q=Iload

For SIP VPT49G

http://<phonelPAddress>/servlet?m
=mod_data&p=network -pcport&q=

Details of Configuration Parameter

Parameter

Permitted Values

Default

network.pc_ port.enable

Oorl

Description :
Enables or disables the PC (LAN) port.
0-Disabled

1-Auto Negotiate

Note: It is not applicable to CP860 IP phones. If you change this parameter, the IP phone will

reboot to make the change take effect.
Web User Interface:

Network->PC Port->PC Port Active
Phone User Interface:

None

To enable the PC port via web user interface:

1. Click on Network ->PC Port.
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2. SelectAuto Negotiat e from the pull -down list of PC Port Active .

Yealink |«

Account DSSKey Features Settings Directory Security

Basic PC Port Active NOTE

| PC Port Active Auto Negotiate E |
PC Port PC Port Mode
The PC port on the back of the
avane IP phone is used to connect a
PC.
You czn enable or disable the
PC (LAN) port.

You can click here to get
more guides.

3. Click Confirm to accept the change.
A dialog box pops up to prompt that settings will take effect after a reboot.

4. Click OK to reboot the phone.
To disable the PC port via web user interface:

1. Click on Network ->PC Port.

2. SelectDisabled from the pull -down list of PC Port Active .

Log Out

Yealink | 2

Account DSSKey Features Settings Directory Security

Basic PC Port Active NOTE

| PC Port Active Disabled |
PC Port PC Port Mode
The PC port on the back of the
Advanced IP phone is used to connect a
PC.
You can enable or disable the
PC (LAN) port.

You can click here to get
more guides.

3. Click Confirm to accept the change.
A dialog box pops up to prompt that settings will take effect after a reboot.

4. Click OK to reboot the phone.

Upgrading Firmware

This section provides information on upgrading the IP phone firmware. Two methods of

firmware upgrade:

Manually, from the local system for a single phone.

Automatically, from the provisioning server for a mass of phones.

The following table lists the associated and latest firmware name for each IP phone model (X is

replaced by the actual firmware version).

IP Phone Model

Associated Firmware Name

Firmware Name Example

SIP VRT49G

51.x.x.x.rom

51.22.05.rom
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IP Phone Model Associated Firmware Name Firmware Name Example
SIRT48G 35.x.x.x.rom 35.80.0130.rom
SIRT46G 28.x.x.Xx.rom 28.80.0130.rom
SIRT42G 29.x.X.X.rom 29.80.0130.rom
SIRT41P 36.x.X.X.rom 36.80.0130.rom
SIRT40P 54.x.x.x.rom 54.80.0130.rom
SIRT29G 46.xX.X.X.rom 46.80.0130.rom
SIRT27P 45.x.X.X.rom 45.80.0130.rom

SIRT23P/G 44 x.X.X.rom 44.80.0130.rom
SIRT21(P) E2 52.x.x.x.rom 52.80.0130.rom
SIRT19(P) E2 53.x.x.x.rom 53.80.0130.rom
CP860 37.x.x.x.rom 37.80.0.10.rom
Note You can download the latest firmware online:

http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage .

Do not unplug the network and power cables when the IP phone is upgrading firmware.

Upgrading Firmware via Web User Interface

To manually upgrade firmware via web user interface, you need to store firmware to your local

system in advance.
To upgrade firmware manually via web user interface:

1. Click on Settings ->Upgrade .
2. Click Browse to locate the required firmware from your local system.
3. ClickUpgrade.

Adialog box popsupt o prompt J Firmware of the SIP Phone

minutes to compl ete. Pl ease don't power off! Dz

Yealink |

Account Network DSSKey Features Settings Directory

Preference NOTE
Version
Time & Date Reset to Factory Setting

Firmware Version 44.80.0.60 Resets the IP phone to factory
i configurations.
Call Display Hardware Version 44.0.0.16.0.0.0

Reboot
Upgrade Reset to Factory Setting Reset to Factory Setting Reboots the IP phone.
. Reboot Reboot =
Auto Provision Firmware
Select and Upgrade Firmware | Bromse— | No file selected. ‘ Upgrades firmware manually.
Configuration
Upgrade You can click here to get
Dial Plan more guides.
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4. Click OK to confirm the upgrade.

Note Do not close and refresh the browser when the IP phone is upgrading firmware via web user

interface.

Upgrading Firmware from the Provisioning S erver

IP phones support using FTP, TFTP, HTTéhd HTTPS protocolsto download configuration files

and firmware from the provisioning server, and then upgrade firmware automatically.

IP phones can download firmware stored on the provisioning server in one of two ways:

Check for configuration files and then download firmware during startup.

Automatically check for configuration files and then download firmware at a fixed interval

or specific time.

Method of checking for configuration files is configurable.

Procedure

Configuration changes can be performed using the configuration files or locally.

Configuration
File

<y0000000000xx>.cfg

Configure the way for the IP phone to
check for configuration files.

Parameters:
auto_provision.power_on
auto_provision.repeat.enable
auto_provision.repeat.minutes
auto_provision.weekly.enable
auto_provision.weekly.begin_time
auto_provision.weekly.end_time

auto_provision.weekly.dayofweek

Specify the access URL of firmware.
Parameter:

firmware.url

Local

Web User Interface

Configure the way for the IP phone to
check for configuration files.

Navigate to :

http://<phonelPAddress >/servlet?p=setti
ngs-autop&g=Iload
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Upload firmware.

Navigate to :

For
SIRT48G/T46G/T42G/T41P/TA0P/T29G/T
27P(T23P/T23G/T21(P) E2/T19(P)
E2/CP860:
http://<phonelPAddress>/serviet?p=setti
ngs-upgrade&g=load

For SIP VPT49G
http://<phonelPAddress> /servlet?m=mo
d_data&p=settings -upgrade&g=Iload

Details of Configuration Parameters:

Parameter s

Permitted Values Default

auto_provision.power_on

Oorl 1

Description :
Triggers the power on feature to on or off .
0-Off

1-On

If it is setto 1 (On), the IP phone will perform an auto provisioning process when powered

on.
Web User Interface:

Settings->Auto Provision->Power On
Phone User Interface:

None

auto_provision.repeat.enable

Oorl 0

Description :

Triggers the repeatedly feature to on or off.

0-Off
1-On

If it is set to 1 (On), the IP phone will perform an auto provisioning process repeatedly.

Web User Interface:
Settings->Auto Provision->Repeatedly
Phone User Interface:

None
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Parameter s Permitted Values Default

auto_provision.repeat.minutes Integer from 1 to 43200 1440

Description :

Configures the interval (in minutes) for the IP phone to perform an auto provisioning
process repeatedly.

Note : It works only if the value of the parameter] aut o_pr ovi si on. repe
(On).

Web User Interface:
Settings->Auto Provision->Interval(Minutes)
Phone User Interface:

None

auto_provision.weekly.enable Oorl 0

Description :

Triggers the weekly feature to on or off .

0-Off

1-On

If it is setto 1 (On), the IP phone will perform an auto provisioning process weekly.
Web User Interface:

Settings->Auto Provision->Weekly

Phone User Interface:

None

auto_provision.weekly.begin_time Time from 00:00 to 23:59 00:00

Description :

Configures the begin time of the day for the IP phone to perform an auto provisioning

process weekly.

Note : It works only if the value of the parameterj] aut o_provi si on. week
(On).

Web User Interface:
Settings->Auto Provision->Time
Phone User Interface:

None

auto_provision.weekly.end_time Time from 00:00 to 23:59 00:00
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Parameter s Permitted Values Default

Description :

Configure s the end time of the day for the IP phone to perform an auto provisioning process

weekly.

Note : It works only if the value of the parameter] aut o_provi si on. week
(On).

Web User Interface:
Settings->Auto Provision->Time
Phone User Interface:

None

. 0,1,2,3,4,5,6o0ra
auto_provision.weekly.dayofweek o . 0123456
combination of these digits

Description :

Configure s the days of the week for the IP phone to perform an auto provisioning process
weekly.

0-Sunday

1-Monday

2-Tuesday

3-Wednesday

4-Thursday

5-Friday

6-Saturday

Example:

auto_provision.weekly.dayofweek =01

It means the IP phone will perform an auto provisioning process every Sunday and Monday.
Note : It works only if the value of the parameter] aut o_provi si on. week
(On).

Web User Interface:

Settings->Auto Provision->Day of Week

Phone User Interface:

None

firmware.url URL within 511 characters Blank
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Parameter s Permitted Values Default

Description :

Configures the access URL of the firmware file.

Example:

firmware.url = http://192.168.1.20/ 44.80.060.rom

Note: If you change this parameter, the IP phone will reboot to make the change take effect.
Web User Interface:

Settings->Upgrade->Select and Upgrade Firmware

Phone User Interface:

None

To configure the way for the IP phone to check for configuration files via web user

interface:

1. Click on Settings ->Auto Provision .

2. Make the desired change.

Yealink | s

Auto Provisson
e : e 8
PP Active ® 0n oY
Time & Date Auto Provision
DHCP Actve % 0n off The I phone can nteroperate
with provsicang server using
Call Display Custom Opton(128~254) A0 peovsonng for deployng
the IP phones,
Upgrade ton V. o
Pa DHCP Option Value yealnk When the P phone triggers 10
a5 ot Ut perform xto provsionng, & wil
Auto Provision Server URL recuest to downbbad the
User Name configuration fies from the
‘ provsonng server, Durng the
Configuration L0 provSonNg process, the
Password Lansad 1P phone wil download and
Dial Plan update configuration fies to the
Attempt Expred Tme(s) S phone fash,
olce o n PEROUIR
Vi Common AES Key @) You can click here to get
Ring MAC-Oriented AES Key Jo— e guidex:
Zero Actwe Disabied -
Tones A
WWat Tne(1~100s) 5
Softkey Layout
Power On o on o
TROGS Repeatedyy on @ off
Voice Monitoring tenal{Mnutes) 1440
0 " & Off
sip Weeldy on @ o
Tme 0 0 00 : 00
4] Sunday
| Manday
4 Tuesday
Day of Week ¥ Wednesday
4! Thursday
Y. Fday
7] Saturday
Autoprovison How
Confrm Gancel

3. ClickConfirm to accept the change.

When t he

] P o weOn, tiedPOmoneswill ehedk canfiguration files stored on the

provisioning server during startup and then will download firmware from the server.
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Configuring Basic Features

This chapter provides information for making configuration changes for the following basic
features:

Power Indicator LED
Notification Popups
Contrast

Wallpaper

ScreenSaver

Power Saving

Backlight

Site Name

Idle Clock

Bluetooth

Wi-Fi

Enable Page Tips

Label Length

Account Registration
Call Display

Display Method on Dialing
Web ServerType

Time and Date
Language

Input Method

Logo Customization
Softkey Layout

Key As Send

Dial Plan

Hotline

Off Hook Hot Line Dialing
Directory
SearchSourcein Dialing

SaveCallLog
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Call List Show Number
Missed Call Log

Local Directory

Live Dialpad

Call Waiting

Redial Tone

Ringer Device for Headset
Auto Redial

Auto Answer

SIPIP Direct Auto Answer
Allow SIPIP Call

Accept SIPTrust ServerOnly
Call Completion

Anonymous Call
Anonymous Call Rejection
Do Not Disturb

Busy Tone Delay

Return Code When Refuse
EarlyMedia

180 Ring Workaround

Use Outbound Proxyin Dialog
SIPSessionTimer
SessionTimer

CallHold

Call Forward

Call Transfer

Local Conference

Network Conference
Feature Key Synchronization
Transferon Conference Hang Up
TransferMode via Dsskey
Allow TransExistCall
Directed Call Pickup

Group Call Pickup
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Dialog Info Call Pickup
RecentCall In Dialing

ReCall

Call Number Filter

Call Park

Calling Line Identification Presentation
Connected Line Identification Presentation
DTMF

Allow Mute

Intercom

Call Timeout

Ringing Timeout

Send user=phone

SIPSend MAC
SIPSendLine

Reserve# in User Name
PasswordDial

Unregister When Reboot
100 Reliable Retransmission
Reboot in Talking

Answer By Hand

Bandwidth

Screenshot and Recording
External Monitor

Output Resolution

Power Indicator LED

Power indicator LED indicates power status and phore status. It is not applicable to CP860 IP
phones. There are six configuration options for power indicator LED:

Common Power Light On
Common Power Light On allows the power indicator LED to be turned on.
Ringing Power Light Flash

Ringing Power Light Flashallows the power indicator LED to flash when the IP phone receives an

incoming call.
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Voice/Text Mail Power Light Flash

Voice/Text Mail Power Light Flashallows the power indicator LED to flash when the IP phone

receivesa voice mail or a text message.

Mute Power Light Flash

Mute Power Light Flashallows the power indicator LED to flash when a call is muted.
Hold/Held Power Light Flash

Hold/Held Power Light Flashallows the power indicator LED to flash when a call is placed on
hold or is held.

Talk/Dial Power Light On

Talk/Dial Power Light On allows the power indicator LED to be turned on when the IP phone is
busy.

Procedure

Power indicator LED can be configured using the configuration files or locally.

Configure the power indicator LED.
Parameters:

phone_setting.common_power_led_en

able

phone_setting.ring_power_led_flash_e

nable
Configuration File <y0000000000x% .cfg phone_setting.mail_power_led_flash_e
nable
phone_setting.mute_power_led_flash_
enable
phone_setting.hold_and_held_power_|
ed_flash_enable
phone_setting.talk_and_dial_power_le
d_enable
Configure the power indicator LED.
Navigate to :
For
SIRT48G/T46G/T42G/T41P/T40P/T29
Local Web User Interface G/T27P[T23P/T23G/T21(P) E2/T19(P)
E2

http://<phonelPAddress>/servlet?p=f

eatures-powerled&qg=load

For SIP VRT49G
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http://<phonelPAddress>/servlet?m=

mod_data&p=features -powerled&q=I

oad
Details of Configuration Parameters:
Permitted
Parameter s Default
Values
phone_setting.common_power_led_enable Oorl 0

Description :
Enables or disables the powerindicator LED to be turned on.

For SIP VP-T49G/ SIP-T48G/T46G/T42G/T41P/T4A0P/T29G/T27P/T23P/T23G/T21(P) E2 IP
phones:

0-Disabled (power indicator LED is off)
1-Enabled (power indicator LED is solid red)

For SIP-T19(P) E2 IP phones:

0-Disabled (power indicator LED is off)
1-Enabled (power indicator LED is solid yellow)
Note : It is not applicable to CP860 IP phones.
Web User Interface:

Features>Power LED>Common Power Light On
Phone User Interface:

None

phone_setting.ring_power_led_flash_enable Oorl 1

Description :

Enables or disables the power indicator LED to flash when the IP phone receives an incoming
call.

For SIP VP-T49G/ SIP-T48G/T46G/T42G/T41P/T40P/T29G/T27P/T23P/T23G/T21(P) E2 IP
phones:

0-Disabled (power indicator LED does not flash)

1-Enabled (ower indicator LED fast flashes (300ms) red)
For SIP-T19(P) E2 IP phones:

0-Disabled (power indicator LED does not flash)

1-Enabled (power indicator LED fast flashes (300ms)yellow)
Note : It is not applicable to CP860 IP phones.

Web User Interface:
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Permitted
Parameter s Default
Values
Features>Power LED>Ringing Power Light Flash
Phone User Interface:
None
phone_setting.mail_power_led_flash_enable Oor1l 1
Description :

Enables or disables the power indicator LED to flash when the IP phone receives a voice mail

or a text message.

For SIP VP-T49G/ SIP-T48G/T46G/T42G/T41P/T40P/T29G/T27P/T23P/T23G/T21(P) E2 IP
phones:

0-Disabled (power indicator LED does not flash)

1-Enabled (power indicator LED dow flashes (1000ms) red
For SIP-T19(P) E2 IP phones:

0-Disabled (power indicator LED does not flash

1-Enabled (power indicator LED dow flashes (1000ms)yellow)
Note : It is not applicable to CP860 IP phones.

Web User Interface:

Features>Power LED>Voice/Text Mail Power Light Flash
Phone User Interface:

None

phone_setting.mute_power_led_flash_enable Oorl 0

Description :
Enables or disables the power indicator LED to flash when a call is mutd.

For SIP VP-T49G/ SIP-T48G/T46G/T42G/T41P/T4A0P/T29G/T27P/T23P/T23G/T21(P) E2 IP

phones:

0-Disabled (power indicator LED does not flash

1-Enabled (power indicator LED fast flashes (300ms) red
For SIP-T19(P) E2 IP phones:

0-Disabled (power indicator LED does not flash)

1-Enabled (power indicator LED fast flashes (300ms)yellow)
Note : It is not applicable to CP860 IPphones.

Web User Interface:

Features>Power LED >Mute Power Light Flash

Phone User Interface:
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Permitted
Parameter s Default
Values
None
phone_setting.hold_and_held_power_led_flash_enable Oor1l 0
Description :

Enables or disables the power indicator LED to flash when a call is placed on holdor is held.

For SIP VP-T49G/ SIP-T48G/T46G/T42G/T41P/T40P/T29G/T27P/T23P/T23G/T21(P) E2 IP
phones:

0-Disabled (power indicator LED does not flash)

1-Enabled (power indicator LED fast flashes (500ms) red
For SIP-T19(P) E2 IP phones:

0-Disabled (power indicator LED does not flash)

1-Enabled (power indicator LED fast flashes (500ms)yellow)
Note : It is not applicable to CP860 IP phones.

Web User Interface:

Features>Power LED >Hold/Held Power Light Flash

Phone User Interface:

None

phone_setting.talk_and_dial_power_led_enable Oorl 0

Description :
Enables or disables the power indicator LED to be turned on when the IP phone is busy.

For SIP VP-T49G/ SIP-T48G/T46G/T42G/T41P/TA0P/T29G/T27P/T23P/T23G/T21(P) E2 IP
phones:

0-Disabled (power indicator LED is off)
1-Enabled (power indicator LED is solid red)

For SIP-T19(P) E2 IP phones:

0-Disabled (power indicator LED is off)
1-Enabled (power indicator LED is solid yellow)
Note : It is not applicable to CP860 IP phones.
Web User Interface:

Features>Power LED>Talk/Dial Power Light On
Phone User Interface:

None

To configure the power Indicator LED via web user interface:

1. Click on Features->Power LED.
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Select the desired value from the pull-down list of Common Power Light On .
Select the desired value from the pull-down list of Ringing Power Light Flash .
Select the desired value from the pull-down list of Voice/Text Mail Power Light Flash
Select the desired value from the pull-down list of Mute Power Light Flash .

Select the desred value from the pull -down list of Hold/Held Power Light Flash

N o g &~ w N

Select the desired value from the pull-down list of Talk/Dial Power Light On

Yealink | =e

Account Features Directory

Forward&DND Power LED NOTE
Common Power Light On Disabled E|
General Power Indicator LED
Information Ringing Power Light Flash Enabled It indicates power status and
phone status.
- Voice/ Text Mail Power Light Flash Enabled
Audio
You can click here to get
Mute Power Light Flash Disabled [+] more guides.
Intercom
Hold/Held Power Light Flash Disabled E|
Transfer Talk/Dial Power Light On Disabled E|
Call Picku
:
Remote Control
Phone Lock
ACD
SMS
Action URL
Power LED

8. Click Confirm to accept the change.

Notification Popups

108

Notification popups feature allows the IP phone to display the pop-up message when it misses
a call, forwards an incoming call to other party or receives a new voice mail ora new text

message.

Procedure

Notification p opups can be configured using the configuration files or locally.

Configure notification popups.
Parameter s:

Configuration features.voice_mail_popup.enable
) <y0000000000xx%.cfg
File features.missed_call_popup.enable
features.forward_call_popup.enable

features.text_message_popup.enable

Configure notification popups.

Local Web User Interface Navigate to :

For
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SIRT48G/T46G/T42G/T41P/T40P/T29G/T
27P/T23P/T23G/T21(P) E2/T19(P)
E2/CP860:
http://<phonelPAddress>/serviet?p=feat
ures-notifypop&g=Iload

For SIP VPT49G

http://<phonelPAddress>/servlet?m=mo
d_data&p=features-notifypop&g=load

Details of Configuration Parameters:

Permitted
Parameter s Default
Values
features.voice_mail_popup.enable Oorl 1

Description :

Enables or disablesthe IP phone to display the pop -up messagebox when it receives a hew

voice mail.
0-Disabled
1-Enabled

Note : If the voice mail pop-up message box disappears, it won't pop up again unless the user

receives a new voice mail or the user reregisters the account that has unread voice mail(s).
Web User Interface:

Features > Notification Popups ->Display Voice Mail Popup

Phone User Interface:

None

features.missed_call_popup.enable Oorl 1

Description :

Enables or disablesthe IP phone to display the pop -up message box when it misses a call
0-Disabled

1-Enabled

Web User Interface:

Features > Natification Popups ->Display Missed Call Popup

Phone User Interface:

None

features.forward_call_popup.enable Oor1l 1
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Permitted
Parameter s Default
Values

Description :

Enables or disablesthe IP phone to display the pop -up messagebox when it forwards an

incoming call to other party .

0-Disabled

1-Enabled

Web User Interface:

Features > Natification Popups ->Display Forward Call Ropup
Phone User Interface:

None

features.text_message_popup.enable Oorl 1

Description :

Enables or disablesthe IP phone to display the pop -up messagebox when it receives a hew
text message

0-Disabled
1-Enabled

Note: |t wor ks only if the value of the param
(Enabled).

Web User Interface:
Features > Notification Popups ->Display Text Message Popup
Phone User Interface:

None

To configure the notification popups via web user interface:

1. Click on Features->Notification Popups

2. Select the desired value from the pull-down list of Display Voice Mail Popup .
3. Select the desired value from the pull-down list of Display Missed Call Popup.
4

Select the desired value from the pull-down list of Display Forward Call Popup .
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5. Select the desired value from the pull-down list of Display Text Message Popup .

Yealink | 2z ;

Account Features Directory
HNotification Poj

Forward&DND AL AR NOTE

Display Voice Mail Popup Enabled E|
General Notification-Popups
Information Display Missed Call Popup Enabled El It allows the IP phone to display

the pop-up message when it
" Display Forward Call Popup Enabled misses a call, forwards an

Audio EI incoming call to other party or

Display Text M P Enabled - receives a new voice mail or a
T — Isplay Te: lessage Fopup nable e message.
Transfer You can click here to get

more guides.

Call Pickup
Remote Control
Phone Lock
ACD
SMS
Action URL
Power LED
Notification Popups

6. Click Confirm to accept the change.

Contrast

Contrast determines the readability of the texts displayed on the LCD screen. Adjusting the

contrast to a comfortable level can optimize the screen viewing experience. When configured
properly, contrast al |dspaywith mieimateydstminiYeudah t he LCDQs
configure the SIRRAGSSIRT2ZYR IIRTRILG, SRT21(P) E2SIRT19(P) E2

CP860IP phones, EXP20connected to SIP-T29G T27PIP phonesand EXP40 connected to

SIRT48G/T46G IP phones. Make sure the expansion module has been connected to the IP

phone before adjustment. It is not applicable to SIP VRT49G/SIRT42G/T41PIP phones.

Procedure

Contrast can be configured using the configuration files or locally.

Configure the contrast of the LCD

screen.

Configuration File <y0000000000xx%.cfg
Parameter:

phone_setting.contrast

Configure the contrast of the LCD
screen.
Web User Interface Navigate to :

Local http://<phonelPAddress>/serviet?p

=settings-preference&q=load

Configure the contrast of the LCD
Phone User Interface
screen.
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Details of the Configuration Parameter:

Parameter Permitted Values Default

phone_setting.contrast Integer from 1 to 10 6

Description :

Configures the contrast of the LCD screen.

For T48G/ T46G | P phones, it configures th
For T29G I P phones, it confi gur EX200nye LCD
For T27P I P phones, it configures the LCD
EXP20

For T40P/T23P/T23G/T21(P) EIX19(P) E2and CPB60 IP phones, it configuresthe L CDQ s
contrast of the IP phone.

Note : We recommend that you set the contrast of the LCD screento 6 as a more
comfortable level. It is not applicable to SIP VRT49G/SIRT42G/T41PIP phones.

Web User Interface:
Settings->Preference->Contrast
Phone User Interface:

Menu->Settings->Basic Settings>Display->Contrast

To configure contrast via web user interface:

1. Click on Settings ->Preference .

2. Select the desired value from the pull-down list of Contrast.

Yealink |

Account DSSKey Features Settings Directory

e Language English(English) - NOTE
Live Dialpad Disabled -
Time & Date Language
Inter Digit Time(1~14s) 4 Selects a lenguage for the web
i user interface.
Call Display Backlight Time(seconds) 30 -
Live Dialpad
Upgrade Contrast & M It allows IP phones to
. WatchDog Disabled - automatically dial out the
Auto Provision entered phone number after a
Ring Type RingL.wav - specified period of time.
Configuration
g Upload Ringtone ‘[ Browse: I No file selected. | Backlight
Specifies the brightness of the
Dial Plan Upload LCD screen display.
Voice Contrast
Specifies the contrast of the

LCD screen display.

Ring

3. Click Confirm to accept the change.
To configure cont rast via phone user interface:

1. PressMenu ->Settings ->Basic Settings->Display ->Contrast .

2. Press@ or@ , or theSwitch soft key to increase or decrease the intensity of contrast.
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3. Press theSave soft key to accept the change.

Wallpaper

Wallpaper is an image used asthe background of the IP phone idle screen Userscan select an

i mage fr om | Pinhadkgroured @rscustorniie lwallpaper from personal pictures. To
set the custom wallpaper as the IP phone background, you need to upload the custom
wallpaper to the IP phone in advance. The wallpaper is onlyapplicable to SIP VRT49G SIRT48G,
SIRT46G and SIRT29G IP phones.

For SIP VRT49G IPphones, you can also set a custom picture stored in your USB flash drive as
the wallpaper. In order to do this, make sure the USB flash drive containing pictures is

connected to your phone. For more information, refer to Yealink phone-specific user guide

The wallpaper image format must meet the following :

Phone Model Format Resolution Single File Size Total File Size
SIPVP-T49G Jjpg/.png/.omp <=1280*800 <=5MB <=20MB
SIRT48G .Jjpg/.png/.bmp <=800*480 <=5MB <=20MB
SIRT46G/T29G .Jjpg/.png/.omp <=480*272 <=5MB <=20MB

Procedure

Wallpaper can be configured using the configuration files or locally.

Configure the wallpaper
displayed on the IP phone.

Parameter:

phone_setting.backgrounds

Configuration File <y0000000000x»%.cfg
Specify the access URL of the

custom wallpaper.
Parameter:

wallpaper_upload.url

Configure the wallpaper
displayed on the IP phone.
Upload the custom wallpaper.
Navigate to:

For SIRT48G/T46G/T29G:

Local Web User Interface
http://<phonelPAddress>/serv

let?p=settings-preference&q=I
oad

For SIP VPT49G

http://<phonelPAddress>/serv
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let?m=mod_data&p=settings -
preference&qg=load

Configure the wallpaper
Phone User Interface )
displayed on the IP phone.

Details of the Configuration Parameter s:

Parameter s Permitted Values Default

) Refer to the following Refer to the following
phone_setting.backgrounds
content content

Description :

Configures the wallpaper displayed on the IP phone.

For SIP VP-T49G:

Permitted Values :

Default.png, 1.jpg, 2.jpg, 3.jpg, 4.jpg, 5.jpg, 6.jpg, 7.jpg, 8pg, 9.jpg or wallpaper name.
The default value is Default.png.

Example:

phone_setting.backgrounds = 1.jpg

For SIP-T48G:

Permitted Values :

Default.png, 1.png, 2.png, 3.png, 4.png, 5.png, 6.png, 7.png, §ng, 9.png or wallpaper name.
The default value is Default.jpg.

Example:

phone_setting.backgrounds = 1.png

For SIP-T46G/T29G:

Permitted Values :

Default.jpg, 01.jpg, 02.jpg, 03.jpg, 04.jpg, 05.jpg, ®.jpg, 07.jpg, 08.jpg, 09.jpg,10.jpg or
wallpaper name.

The default value is Default.jpg.

Example:

phone_seting.backgrounds = 01.jpg

Note : It is only applicable to SIP VRT49G SIRT48G/T46FT29G IP phones.
Web User Interface:

Settings->Preference->Wallpaper

Phone User Interface:

Menu->Basic > Display->Wallpaper
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Parameter s

Permitted Values

Default

wallpaper_upload.url

URL within 511

characters

Blank

Description :

Configures the access URL of thewallpaper image.

Example:

wallpaper_upload.url = http://192.168.10.25/wallpaper.jpg

Note : It is only applicable to SIP VRT49G SIRT48G/T46G/T29G IP phones.

Web User Interface:

Settings->Preference->Upload Wallpaper(480*272)

Phone User Interface:

None

To upload custom wallpaper via web user interface :

1. Click on Settings ->Preference.

2. Inthe Upload Wallpaper (480*272) field, click Browse to locate the wallpaper image from

your local system.

3. ClickUpload to upload the file.

Yealink | e

Directory Security

Preference
Time & Date
Call Display
Upgrade

Auto Provision
Configuration
Dial Plan

Voice

Ring

Tones

Softkey Layout
TRO69

Voice Monitoring

SsIp

Account Network DSSKey Features Settings

Language English(English) - 0

Live Dialpad Disabled - 0

Inter Digit Time(1~14s) 4 0

Backlight Inactive Level Low - 0

Backlight Active Level 8 - 0

Backlight Time(seconds) Always On - 0
WatchDog Enabled - 0

Ring Type Ringl.wav - 0

Upload Ringtone | Browse... | N file selected. ‘ 7]
Wallpaper Default.jpg - 0

Upload Walpaper(480*272) [ Browse... [ o file selected. ‘ 7]

Upload Cancel

Screensaver Wait Time 10min hd

Screensaver Type System -

Screensaver System.jpg -

Cancel

Language
Selects a language for the web
user interface.

Live Dialpad

It allows IP phones to
automatically dial out the
entered phone number after a
specified period of time.

Backlight
Specifies the brightness of the
LCD screen display.

Contrast
Specifies the contrast of the
LCD screen display.

Ring Tones

A ring tone that wil alert you
when a call comes in for the 1P
phone.

You can click here to get
more guides.

The custom wallpaper appears in the pull-down list of Wallpaper .

To change the wallpaper via web user interface:

1. Click on Settings ->Preference.
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2. Select the desired wallpaper from the pull-down list of Wallpaper .

Yealink | v

Directory

Preference
Time & Date
Call Display
Upgrade

Auto Provision
Configuration
Dial Plan

Voice

Ring

Tones

Softkey Layout
TRO69

Voice Monitoring
sIp

Power Saving

Account Network DSSKey Features Settings

Language English(English) - @

Live Dialpad Disabled - @

Inter Digit Time(1~14s) 4 [7]

Backlight Inactive Level Low - e

Backlight Active Level 8 - 0

Backlight Time(seconds) Always On - 0
WatchDog Enabled - 0

Ring Type Ringl.wav - 0

Upload Ringtone | Browse... | N file selected. ‘ 7]
Wallpaper Default.jpg - 0 |

Upload Wallpaper(480+272) " Browse... I No file selected. ‘ [7)

Screensaver Wait Time
Screensaver Type
Screensaver

Upload Screensaver

Confirm

15s
Upload Picture

System.jpg

" Browise... I No file selected. ‘

Cancel

NOTE

Language
Selects a language for the web
user interface.

Live Dialpad

It allows IP phones to
automatically dial out the
entered phone number after a
specified period of time.

Backlight
Specifies the brightness of the
LCD screen display.

Contrast
Specifies the contrast of the
LCD screen display.

Ring Tones

A ring tone that wil alert you
when a call comes in for the 1P
phone.

You can click here to get
more guides.

3. ClickConfirm to accept the change.

To change the wallpaper via phone user interface:

1. PressMenu ->Basic->Display ->Wallpaper .

2. Press @ or @ , or the Switch soft key to selectthe desired wallpaper.

3. Press theSave soft key to accept the change.

Screen Saver

The screen saver will automatically start each time the IP phone is idlefor a certain amount of

time. You can stop the screen saverand return to the idle screen at any time by pressing a key

on the phone or tapping the touch screen (only applicable to SIP VRT49G and SIPT48G IP
phones). The screen saveiis only applicable to SIP VRT49G, SIPT48G, SIPT46G and SIPT29G

IP phones.

Userscan select to display the built-in screen saveror custom screensaver. To set the custom

screensaver for the IP phone,you need to upload the custom screen saverin advance. If

multiple pictures are uploaded, all pictures are displayed like a slide show when screen saver

starts.

The screensaverimage format must meet the following :

Phone Model Format Resolution Single File Size Total File Size
SIPVP-T49G .jpg/.png/.bmp <=1280*800 <=5MB <=20MB
SIRT48G .jpg/.png/.bmp <=800*480 <=5MB <=20MB
SIRT46G/T29G .jpg/.png/.bmp <=480*272 <=5MB <=20MB
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Procedure

Screensaver can be configured using the configuration files or locally.

Configure the time to wait in
the idle state before the screen

saver starts.
Parameter:

screensaver.wait_time

Configure the type of screen

saver to display.
Parameter:

screensaver.type

Specify the access URL of the

custom screen saver image.
Parameter:

screensaver.upload_url

Delete custom screen saver

image.
Parameter:

screensaver.delete

Configuration File <y0000000000xx% .cfg
Configure the IP phone to

display the clock when the

screen saver starts.
Parameter:

screensaver.display_clock_on_u

pload_picture.enable

Configure the interval for the
IP phone to change the picture

when the screen saver starts.
Parameter:

screensaver.picture_change_int

erval

Configure the interval for the
IP phone to move the clock

when the screen saver starts.
Parameter:

screensaver.clock_move_interv

al
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Web User Interface

Local

Configure the time to wait in
the idle state before the screen
saver starts.

Configure the type of screen

saver to display.

Upload the custom screen
saver image.

Delete custom screen saver
image.

Navigate to:
http://<phonelPAddress>/serv
let?m=mod_data&p=settings -
preference&q=load

Phone User Interface

Configure the screen saver wait

time on the IP phone.

Details of the Configuration Parameter s:

Parameter s Permitted Values Default
Refer to
L 0, 15, 30, 60, 120, the
screensaver.wait_time ]
300, 600 or 1800 following
content

Description :

Configures the time (in seconds) to wait in the idle state before the screen saver starts.

0-Never (not applicable to SIP VRT49GIP phones)
15-15s

30-30s

60-1min

120-2min

300-5min

600-10min

1800-30min

For SIP VP-T49G:

The default value is 600.
ForSIP-T48G/T46G/T29G :

The default value is 0.

Note : It is only applicable to SIP VRT49G SIRT48G, SIPT46G and SIPT29GIP phones.
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Parameter s Permitted Values Default

Web User Interface:
Settings->Preference->Screensaver Wait Time
Phone User Interface:

Menu->Basic->Display-> Screensaver>Wait Time(s)

screensaver.type Oorl 0

Description :

Configures the type of screen saver to display.

0-System

1-Upload Picture

If it is set to O (System), the LCD screen savewill display the system screensaverimages.

If it is set to 1 (Upload Picture), the LCD screen will display the customscreen saver images
(you need to upload custom image files to the IP phone).

Note : It is only applicable to SIP VRT49G, SIPT48G, SIPT46G and SIPT29G IP phones.
Web User Interface:
Settings->Preference->Screensaver Type

Phone User Interface:

None
URL within 511
screensaver.upload_url Blank
characters
Description :

Configures the access URL of thecustom screensaverimage.
Example:
screensaver.upload_url = http://192.168.10.25/Screencapture.jpg

During the auto provisioning process, the IP phone connects to the HTTPprovisioning server
192.168.10. 25DZ andavaetimaga]l Sardese n dhaep tswcrr e.ejnp

If you want to download multiple screen saverimages to the phone simultaneously, you can

configure as following:
screensaver.upload_urk http://192.168.10.25/Screencapture.jpg
screensaver.upload_urk http://192.168.10.25/Screensaver.jpg

Note: |t works only if the value of the par
Picture). It is only applicable to SIP VRT49G, SIPT48G, SIPT46G and SIPT29G IP phones.

Web User Interface:
Settings->Preference->Upload Screensaver

Phone User Interface:
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Parameter s Permitted Values Default

None

http://localhost/all
or

screensaver.delete Blank
http://localhost/  na
me.(jpg/png/bmp)

Description :

Deletes the specified or all custom screen saver images.

Example:

Delete all custom screen saver images:

screensaver.delete =http://localhost/all

Delete a custom screen saver image (e.g.Screencapture.jpg:

screensaver.delete= http://localhost/ Screencapture.jpg

Note : It is only applicable to SIP VRT49G, SIPT48G, SP-T46G and SIPT29G IP phones.
Web User Interface:

None

Phone User Interface:

None

screensaver.display_clock_on_upload_picture.enable Oor1l 1

Description :

Enables or disables the IP phone to display the clockand icon on the custom screen saver

image when the screen saver starts.
0-Disabled
1-Enabled

Note:Iltworksonlyi f t he value of the pa@&asame@moad J s ¢
Picture)andt he par ameter Jscreensaver . upl oaedtisur
only applicable to SIP VRT49G, SIPT48G, SIPT46G and SIPT29G IP phones.

Web User Interface:
None

Phone User Interface:

None
_ ) Integer from 5 to
screensaver.picture_change_interval 60
1200
Description :

Configures the interval (in seconds) for the IP phone to change the picture when the screen
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Parameter s Permitted Values Default

saver starts.

Note:l't works only if the value of the pararf
Picture) and the parameter Jscreensavelitisu
only applicable to SIP VRT49G, SIPT48G, SIPT46G and SIPT29G IP phones.

Web User Interface:
None

Phone User Interface:

None
) Integer from 5 to
screensaver.clock_move_interval 600
1200
Description :

Configures the interval (in seconds) for the IPphone to move the clock and icon when the

screen saver starts.

Note : For custom screen saver, this parametemworks only if the value of the parameter
jscreensaver.display c | ock _on _upl oa @&septo L(Enabled).lt s ondyb | e DZ
applicable to SIP \P-T49G, SIPT48G, SIPT46G and SIPT29G IP phones.

Web User Interface:
None
Phone User Interface:

None

To upload custom screen saver via web user interface :

1. Click on Settings ->Preference.
2.  SelectUpload Picture from the pull -down list of Screensaver Type.

3. Inthe Upload Screensaver field, click Browse to locate the custom picture from your local
system.

4. Click Upload to upload the file.
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The Upload Screensaver field field appears only if Screensaver Type is set to Upload

Picture .

Log Out

Yealink | s

Account Network DSSKey Features Settings Directory Security

Live Dialpad Disabled - e
Time & Date Language
Inter Digit Time(1~14s) 4 0 Selects a language for the web
" user interface.
Call Display Backlight Inactive Level Low - @
Live Dialpad
Upgrade Backlight Active Level 8 - @ It allows IP phones to
y automatically dil out the
Auto Provision Er I T Always On T e ante_red phone number after a
WatchDog Enabled - 0 specified period of time.
Configuration Ring T Aol @ Backlight
ing Type ing1.wav -
~ Specifies the brightness of the
Dial Plan Upload Ringtone ‘[ Browse... ] Mo file selected. ‘ [~} LED scraen display.

conrct

Specifies the contrast of the

_ Walpaper Default.jpg - LCD screen display.
Ring °
Upload Walpaper(4807272) [ Browse... | o file selected. @ Ring Tones
Tones A ring tone that wil alert you
Upload when a call comes in for the IP
Softkey Layout Screensaver Wait Time 10min - Bhenss
TRO69 Screensaver Type Upload Picture - You can click here to get
more guides.
Screensaver System.jpg A
Voice Monitoring
Upload Screensaver ‘[ Browse... ] Mo file selected. ‘

Power Saving

The custom screensaverappears in the pull-down list of Screensaver.

To set the system screen saver via web user interface:

1. Click on Settings ->Preference.

2. SelectSystem from the pull -down list of Screensaver Type.

Log Out

Yealink | s

Account Network DSSKey Features Settings Directory Security

Live Dialpad Disabled - @
Time & Date Language
Inter Digit Time(1~14s) 4 0 Selects a language for the web
i user interface.
Call Display Backlight Inactive Level Low - @
Live Dialpad
Upgrade Backiight Active Level 8 - @ It allows IP phones to
automatically dial out the
A T Backlight Time(seconds) Always On AN 7 ] i) e Ca fR
WatchDog Enabled - e specified period of time.
Configuration
o Ring Type Ring1.wav AN 7 ] Backlight
~ Specifies the brightness of the
Dial Plan Upload Ringtone ‘[ Browse... I No file selected. ‘ ] LED screen display.

conrt

Specifies the contrast of the

_ Wallpaper Defauft.jpg - LCD screen display.
Ring @
Upload Walpaper(480°272) [ Browse... | na file selected. | @ Ring Tones
Tones A ring tone that wil alert you
flpicad when a call comes in for the IP
Softkey Layout Screensaver Walt Time 155 - phane.
TRO69 Screensaver Type System - | You can click here to get
more guides.
Screensaver System.jpg A

Voice Monitoring

3. ClickConfirm to accept the change.
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To configure the screen saver wait time via web user interface:

1. Click on Settings ->Preference.

2. Selectthe desired wait time from the pull -down list of Screensaver Wait Time .

Yealink | s

Account Network DSSKey Features Settings Directory
Preference Language Englsh(Englsh) - 9 NOTE
Live Dialpad Disabled - 9
Time & Date Language
Inter Digit Time(1~14s) 4 (7] Selects a language for the web
" user interface.
Call Display Backlight Inactive Level Low - 0
. Live Dialpad
Upgrade Backlight Active Level 8 -9 It allows IP phones to
Auto Provision R Aluzys On -9 et e naoer ster
WatchDog Enabled - 0 specified period of time.
Configuration Ring T Rina1 @ Backlight
ing Type ing1.wav -
) Specifies the brightness of the
Dial Plan Upload Ringtone " Browse... ] Mo file selected. | @ LCD screen display.
- aposs ] s | conrst
Specifies the contrast of the
) Walpaper Default.ipg - LCD screen display.
Ring 9
Upload Wallpaper(480*272) " Browse... ] Mo file selected. | Q@ Ring Tones
Tones A ring tone that wil alert you
bipioard when a call comes in for the IP
Softkey Layout Screensaver Wait Time 155 - | phone.
TRO69 Screensaver Type Systemn - You can click here to get
more guides.
Screensaver System.jpg -
Voice Monitoring
-_Conﬁrm -_Cance\
SIP

3. ClickConfirm to accept the change.

Power Saving

The power saving feature is used to turn off the screen to conserve energy. The IP phone entes
power-saving mode after it has been idle for a certain period of time. And the IP phone will exit
power-saving mode if a phone event occursKfor example, if the phone has an incoming call or
message,or you press akey on the phone or tap the touch screen (only applicable to SIP
VP-T49G/SIR T48G) If the screen saver is enabled on your phone, powersaving mode will still
occur. The power saving is only applicable to SIP VRT49G,SIRT48G, SIPT46G and SIPT29G IP

phones.

You can configure the following power -saving settings:

Office Hour :
- For SIP VPT49G:Configures the starting time and endingtime of t he dayds
each day.

- For SIRT48G/T46G/T29GCo nf i gures the starting ti me
hour each day using configuration files (or configures the starting and ending time of
office hour each day via web user interface)

Idle TimeOut (minutes) : Configures the period of time before the IP phone enters

power-saving mode.
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Procedure

Power saving can be configured using the configuration files or locally.

Configuration File

<y0000000000x» .cfg

Configure the power saving

feature.
Parameter:

features.power_saving.enable

Configure the office hour.
Parameter s:

features.power_saving.office_h
our.monday

features.power_saving.office_h
our.tuesday

features.power_saving.office_h
our.wednesday

features.power_saving.office_h
our.thursday

features.power_saving.office_h
our.friday

features.power_saving.office_h
our.saturday

features.power_saving.office_h
our.sunday

Configure the idle timeout.
Parameter s:

features.power_saving.office_h

our.idle_timeout

features.power_saving.off_hour

.idle_timeout

features.power_saving.user_inp

ut_ext.idle_timeout

Local

Web User Interface

Configure the power saving

feature.

Configure the office hour.
Configure the idle timeout.
Navigate to:

For SIRT48G/T46G/T29G:

http://<phonelPAddress>/serv
let?p=settings-powersaving&q
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=load
For SIP VPT49G:

http://<phonelPAddress>/serv
let?m=mod_data&p=sett ings-

powersaving&q=Iload

Details of the Configuration Parameter s:

Parameter s Permitted Values Default

features.power_saving.enable Oor1l 1

Description :

Enables or disables the power savingfeature.

0-Disabled

1-Enabled

Note : It is only applicable to SIRT48G, SIPT46G and SIPT29G IP phones.
Web User Interface:

Settings->Power Saving->Power Saving

Phone User Interface:

None
Refer to the Refer to the
features.power_saving.office_hour.idle_timeout following following
content content
Description :

Configures the time (in minutes) to wait in the idle state before IP phone enters

power-saving mode during the office hours.

For SIP VP-T49G:

The permitted values range from 1 to 240" and the default value is 120.

For SIP-T48G/T46G/T29G :

The permitted values range from 1 to 600" and the default value is 480.

Note : It is only applicable to SIP VRT49G,SIRT48G, SIPT46G and SIPT29G IP phones.
Web User Interface:

Settings->Power Saving->Office Hour Idle TimeOut

Phone User Interface:

None

) ) ) Integer from 1 to
features.power_saving.off_hour.idle_timeout 1 10
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Description :

Configures the time (in minutes) to wait in the idle state before IP phone enters

power-saving mode during the non -office hours.

Note : It is only applicable to SIP VRT49G,SIRT48G, SIPT46G and SIPT29G IP phones.
Web User Interface:

Settings->Power Saving->Off Hour Idle TimeOut

Phone User Interface:

None

. ) . ) Integer from 1 to
features.power_saving.user_input_ext.idle_timeout 20 10
Description :

Configures the time (in minutes) to wait in the idle state before IP phone enters
power-saving mode when using the IP phone (for example, press a key on the phone, pick
up/hang up the handset or tap the touch screen (only applicable to SIP VRT49Gand
SIRT48G))

Note : If you use the IP phone, the idle timeout that applies (User input extension Idle
TimeOut or Office Hour/Off Hour Idle TimeOut) is the timeout with the highest value. If the
phone has an incoming call or message, theUser input extension Idle TimeOut is ignored. It
is only applicable to SIP VRT49G,SIRT48G, SIPT46G and SIPT29G IP phones.

Web User Interface:
Settings->Power Saving->User input extension Idle TimeOut

Phone User Interface:

None
Integer from Oto | Referto the
features.power_saving.office_hour.monday 23, Integer from following
Oto 23 content
Description :

For SIP VPT49G IP phones:

Configures the starting time and ending t
Starting time and ending time are separated by a comma.

For SIRT48G/T46G/T29GIP phones

Configures the starting time and duration
Starting time and duration are separated by a comma.

For SIP VP-T49G IP phones:

The default value is 7,19

For SIP-T48G/T46G/T29G IP phones:

The default value is 7,12
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Note : It is only applicable to SIP VRT49G,SIRT48G, SIPT46G and SIPT29G IP phones.
Web User Interface:
Settings->Power Saving->Monday

Phone User Interface:

None
Integer from O to Refer to the
features.power_saving.office_hour.tuesday 23, Integer from following
0to 23 content
Description :

For SIP VPT49G IP phones:

Configures the starting time and uvesdai ng t
Starting time and ending time are separated by a comma.

For SIRT48G/T46G/T29GIP phones

Configures the starting time andesddyur ati on
Starting time and duration are separated by a comma.

For SIP VP-T49G IP phones:

The default value is 7,19

For SIP-T48G/T46G/T29G IP phones:

The default value is 7,12

Note : It is only applicable to SIP VRT49G,SIRT48G, SIPT46G and SIPT29G IP phones.
Web User Interface:

Settings->Power Saving->Tuesday

Phone User Interface:

None
Integer from O to Refer to the
features.power_saving.office_hour.wednesday 23, Integer from following
Oto 23 content
Description :

For SIP VPT49G IP phones:

Configures the starting time and ending t
Starting time and ending time are separated by a comma.

For SIRT48G/T46G/T29GIP phones

Configures the starting time and duration
Starting time and duration are separated by a comma.

For SIP VP-T49G IP phones:

The default value is 7,19
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For SIP-T48G/T46G/T29G IP phones:

The default value is 7,12

Note : It is only applicable to SIP VRT49G,SIRT48G, SIPT46G and SIPT29G IP phones.
Web User Interface:

Settings->Power Saving->Wednesday

Phone User Interface:

None
Integer from O to Refer to the
features.power_saving.office_hour.thursday 23, Integer from following
Oto 23 content
Description :

For SIP VPT49G IP phones:

Configures the starting time and ending
Starting time and ending time are separated by a comma.

For SIRT48G/T46G/T29GIP phones

Configuresthest arting time and duration of the
Starting time and duration are separated by a comma.

For SIP VP-T49G IP phones:

The default value is 7,19

For SIP-T48G/T46G/T29G IP phones:

The default value is 7,12

Note : It is only applicable to SIP VRT49G,SIRT48G, SIPT46G and SIPT29G IP phones.
Web User Interface:

Settings->Power Saving->Thursday

Phone User Interface:

t

None
Integer from 0O to Refer to the
features.power_saving.office_hour.friday 23, Integer from following
Oto 23 content
Description :

For SIP VPT49G IP phones:

Configures the starting time and ending
Starting time and ending time are separated by a comma.

For SIRT48G/T46G/T29GIP phones

Configuresthest arting time and duration of the

Starting time and duration are separated by a comma.

t
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For SIP VP-T49G IP phones:

The default value is 7,19

For SIP-T48G/T46G/T29G IP phones:

The default value is 7,12

Note : It is only applicable to SIP VRT49G,SIRT48G, SIPT46G and SIPT29G IP phones.
Web User Interface:

Settings->Power Saving->Firday

Phone User Interface:

None
Integer from 0O to Refer to the
features.power_saving.office_hour.saturday 23, Integer from following
Oto 23 content
Description :

For SIP VPT49G IP phones:

Configures the starting time and ending t
Starting time and ending time are separated by a comma.

For SIRT48G/T46G/T29GIP phones

Configuresthest arti ng time and duration of the ¢
Starting time and duration are separated by a comma.

For SIP VP-T49G IP phones:

The default value is 7,7

For SIP-T48G/T46G/T29G IP phones:

The default value is 7,0

Note : It is only applicable to SIP VRT49G,SIRT48G, SIPT46G and SIPT29G IP phones.
Web User Interface:

Settings->Power Saving > Saturday

Phone User Interface:

None
Integer from 0O to Refer to the
features.power_saving.office_hour.sunday 23, Integer from following
Oto 23 content
Description :

For SIP VPT49G IP phones:
Configures the starting time and ending t
Starting time and ending time are separated by a comma.

For SIRT48G/T46G/T29GIP phones
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Configuresthest arting time and duration of the
Starting time and duration are separated by a comma.

For SIP VP-T49G IP phones:

The default value is 7,7

For SIP-T48G/T46G/T29G IP phones:

The default value is 7,0

Note : It is only applicable to SIP VRT49G,SIRT48G, SIPT46G and SIPT29G IP phones.
Web User Interface:

Settings->Power Saving->Sunday

Phone User Interface:

None

To enabled the power saving feature via web user interface:

1. Click on Settings ->Power Saving .

2. SelectEnabled from the pull -down list of Power Saving.

Log Out

Yealink | vss

Settings ’ Directory H Security ‘

Preferance l Power Saving Enabled - @ NOTE

Office Hour @
Time & Date settings-powersaving-note
Monday 07 - 19 (7]
Call Display Tuesday 7 -1 @ & You can click here to get
more guides.
Upgrade Wednesday 07 -19 @
Thursda 07° |={19
Auto Provision * L]
Friday 07 - 19 (7]
Configuration
fig Saturday 07 - 07 o
Dial Plan Sunday 7 -0 @
Voice Idle TimeOut (minutes)
) Office Hour Idle TimeOut 480 o
Ring
Off Hour Idle TimeQut 10 (7]
e User input extention Idle TimeOut 10 0

Softkey Layout
TR069
Voice Monitoring

SIp

Power Saving

3. ClickConfirm to accept the change.
To configure the office hour via web user interface:

1. Click on Settings ->Power Saving .

2. Select a desired day of the week.
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3. Enter the starting time and ending time respectively in the desired day field.

Log Out

Yealink | s R

Status || Account ‘ | Network ‘ | Dsskey ‘ | Features EEGUNEN | Directory i | Security |
Preference Power Saving Enabled - @ NOTE
Office Hour @
Time & Date settings-powersaving-note
Monday 07 - 19 (7]
Call Display Tuesday 7 -1 @ [ You can click here to get
more guides.
Upgrade Wednesday 07 -19 @
Thursda 07 |={19
Auto Provision i L)
Friday 07 - 19 o
Configuration
9 Saturday 07 - 07 o
Dial Plan Sunday 7 -0 @
Voice Idle TimeOut (minutes)
) Office Hour Idle TimeOut 480 o
Ring
Off Hour Idle TimeOut 10 Q
jlones User input extention Idle TimeOut 10 o
Softkey Layout
TRO69
Voice Monitoring
sip
Power Saving

4. Click Confirm to accept the change.
To configure the idle timeout via web user interface:

1. Click on Settings ->Power Saving .

2.  Enter the desired value in the Office Hour Idle TimeOut field.
The default value is 48), you can set to 1-600.

3.  Enter the desired value in the Off Hour Idle TimeOut field.

The default value is 10, you can set to 1-10.
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4.  Enter the desired value in the User input extension Idle TimeOut field.

The default value is 10, you can set to 120.

Yealink | v ‘

Account Features Directory

eiaenas Power Saving Enabled v 0 NOTE L
Office Hour @
Time & Date settings-powersaving-note
Monday 07 -19 @
Call Display Tuesday 7 -1 @ You can click here to get
more guides.
Upgrade Wednesday 07 -19 @
Thursda 07 |={19
Auto Provision f L]
Friday 07 - 19 (2]
Configuration
"9 Saturday 07 - 07 o
Dial Plan sunday 7 -0 @
Voice Idle TimeOut (minutes)
- Office Hour Idle TimeOut 480 (7]
Ring
Off Hour Idle TimeOut 10 (7]
e User input extention Idle TimeOut 10 o
Softkey Layout
ot | oo )
TRO69
Voice Monitoring
sIp
Power Saving

5. Click Confirm to accept the change.

Backlight
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Backlight determines the brightness of the LCD screen display, allowing users to read easily in
dark environments. Backlight time specifies the delay time to change the intensity of the LCD
screenwhen the IP phone is inactive. Backlight turns off quickly if a short backlight time is
configured, this may not give users enough time to read messages. Backlight time is applicable
to SIP VRT49G SIRT48G/T46G/T42G/TA1PT40P/T29G/T27A T23P/T23G@T21(P) EACP860 IP
phones and EXP40 connected to SIPT48G/T46G IP phones andEXP20connected to
SIRT29G/T27PIP phones.

You can configure the backlight time as one of the following types:

Always Off : Backlight is turned off permanently (not applicable to SIP
VP-T49G SIRT48G/T46G/T29G IP phones).

Always On: Backlight is turned on permanently.

15s, 30s, 60s, 120s, 300s, 600s or 1800s: Backlight is turned off when the IP phone is
inactive after a preset period of time (in seconds), but it is automatically turn ed on if the
status of the IP phone changes or any key is pressed.

Backlight Active Levelis used to adjust the backlight intensity of the LCD screen when the phone
is active.Backlight Inactive Level is used to adjust the backlight intensity of the LCD scre&n when
the phone is inactive. Backlight Active Level is applicable toSIP VRT49G IPphones,
SIRT48G/T46G IP phones and the connected EXP40, SIP29G T27PIP phones andthe
connected EXP20 Backlight Inactive Level is only applicableto SIP VRT49G SIRT48G,SIRT46G
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and SIRT29GIP phones.

Note It is not applicable to SIP-T19(P) E2 IP phones.

Before you adjust the LCDQ@s backlight of exp
been connected to the IP phone.

The following table lists available method s and configuration options to configure the backlight

of phone models/expansion modules.

Phone Model (and the ' .
Configuration — e
connected expansion onfiguration ions
xpansi Methods g P
module)
sSIP Configuration Files
VP-T49G/SIRT48G/T46G/ Web User Interface Backlight Inactive Level
T29G Phone User Interface
SIP Configuration Files ) )
VP-T49G/SIRT48G(EXP40 Backlight Active Level
Web User Interface
)ITA6G(EXP40)/T29&XP2 Backlight Time
0)IT27PEXP20) Phone User Interface
Configuration Files
SIRT42G/T41PT40P/T23 ) ]
Web User Interface Backlight Time
P/T23G/T21(P) EZCP860
Phone User Interface

Procedure

Backlight can be configured using the configuration files or locally.

Configure the backlight of the LCD screen.

Parameters:
Configuration

il <y0000000000xx% .cfg phone_setting.active_backlight_level
ile

phone_setting.inactive_backlight_levé

phone_setting.backlight_time

Configure the backlight of the LCD screen.
Navigate to :

For
SIRT48G/T46G/T42G/T41PT40P/T29G/T2
Local Web User Interface 7PIT23P/T23G/T21(P) EZP860:
http://<phonelPAddress>/servlet?p=setti

ngs-preference&q=load

For SIP VPT49G

http://<phonelPAddress>/servlet?m=mod
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_data&p=settings -preference&q=load

Phone User Interface Configure the backlight of the LCD screen.

Details of Configuration Parameters:

Parameters Permitted Values Default

phone_setting.active_backlight_level Integer from 1 to 10 8

Description :

Configures the intensity of the LCD screen when the phone is active.

10 is the highest intensity.

ForT49G | P phones, it configures the LCDgs

For T48G/ T46G | P phones, it configures th
connected EXP40.

For T29G/ T27P I P phones, it configures th
connected EXP20

Note : It is applicable to SIP VRPT49G IPphones, SIRT48G/T46G IP phones and the
connected EXP40, SIFT29G/T27P IP phones and the connected EXP20.

Web User Interface:
Settings->Preference->Backlight Active Level
Phone User Interface:

Menu->Basic > Display->Backlight->Backlight Active Level

phone_setting.inactive_backlight_level Oor1l 1

Description :

Configures the intensity of the LCD screen when the phone is inactive.
0-Off

1-Low

Note : It is only applicable to SIP VRT49G SIRT48G/T46G T29G IP phones.
Web User Interface:

Settings->Preference->Backlight Inactive Level

Phone User Interface:

Menu->Basic > Display->Backlight->Backlight Inactive Level

Refer to
. . . 0, 1, 15, 30, 60, 120, 300, 600 the
phone_setting.backlight_time )
or 1800 following
content
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Description :

Configures the delay time (in seconds) to change the intensity of the LCD screenwhen the IP

phone is inactive.

0-Always On

1-Always Off (not applicable to SIP VRT49G SIRT48G/T46G/T29G IP phones)
15-15s

30-30s

60-60s

120-120s

300-300s

600-600s

1800-1800s

If it is set to 60 (60s),the intensity of the LCD screenwill be changed when the IP phone has
been inactivated for 60 seconds.

For SIP VP-T49G/ SIP-T48G/T46G/T42G/T41P/T29G /CP860:
The default value is 0.

For SIP-T40P/T27P/T23P/T23G/T21(P) E2:

The default value is 30.

Note : It is not applicable to SIP-T19(P) E2 IP phones.

Web User Interface:

Settings->Preference->Backlight Time(seconds)

Phone User Interface:

Menu->Settings->Basic Settings >Display->Backlight->Backlight Time

To configure backlight via.  web user interface ( take SIP-T23G IP phones for example) :

1. Click on Settings ->Preference .

2. Select the desired value from the pull-down list of Backlight Time (seconds).

Yealink | 23

Account Network DSSKey Features Settings Directory Security

Preference Language English(English) - NOTE
Live Dizlpad Disabled -
Time & Date Language
Inter Digit Time(1~145) 4 Selects a language for the web
o user interface.
Call Display Backlight Time(seconds) 30 -
Live Dialpad
Upgrade Contrast 6 M It allows IP phones to
. WatchDog Disabled - automatically dial out the
Auto Provision entered phone number after a
Ring Type RingL.wav - specified period of time.
Configuration
9 Upload Ringtone |[ Browse®* ] No file selected. ‘ Backlight
Specifies the brightness of the
Dial Plan Upload LCD screen display.
Voice Contrast
Specifies the contrast of the

N LCD screen display.
Ring
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3. Click Confirm to accept the change.
To configure backlight via phone user interface ( take SIP-T23G IP phones for example) :
1. PressMenu ->Settings ->Basic Settings ->Display ->Backlight .

2. Press@ or @ , or theSwitch soft key to select the desired value from the Backlight
Time field.

3.  Press theSave soft key to accept the change.
To configure the backlight via.  web user interface (take SIP-T46G IP phones for example) :

1. Click on Settings ->Preference.
Select the desired value from the pull-down list of Backlight Inactive Level

Select the desired value from the pull-down list of Backlight Active Level .

p w DN

Select the desired value from the pull-down list of Backlight Time (seconds).

Yealink | e
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Account Network DSSKey Features Settings
e — Language English(English) - 0
Live Dialpad Disabled - 0
Time & Date Language
Inter Digit Time(1~14s) 4 o Selects a language for the web
o user interface.
Call Display Backlight Inactive Level Low - 0
Live Dialpad
Upgrade Backlight Active Level 8 - @ It allows IP phones to
y automatically dial out the
Auto Provision Backlight Time(seconds) Always On - 0 T TR A ST
WatchDog Enabled - 0 specified period of time.
Configuration T RhgLoar - @ Backdight
) Specifies the brightness of the
Dial Plan Upload Ringtone |[ Browse... ] No file selected. | (7] LCD screen display.
Specifies the contrast of the
Ring Wallpaper Defauttjpg - @ LCD screen display.
Upload Walpaper(480+272) [ Browse... | na file selected. | @ Ring Tones
Tones Aring tone that wil alert you
when a call comes in for the 1P
Softkey Layout Screensaver Wait Time 158 - Bl
TRO69 Screensaver Type Upload Picture - r\‘::uc::::\i:k here to get
Screensaver System.jpg -
Voice Monitoring
Upload Screensaver " Browse... I No file selected. |
Power Savin
4 Confirm Cancel

5. Click Confirm to acceptthe change.

To configure the backlight via phone user interface

example) :

1. PressMenu ->Basic->Display ->Backlight .

(take SIP-T46G IP phones for

2. Press@ or @ , or the Switch soft key to select the desired level from the Backlight
Active Level field.

3. Press@ or @ , or the Switch soft key to select the desired value from the Backlight

Inactive Level field.

4. Press@ or @ , or the Switch soft key to select the desired time from the Backlight

Time field.

5. Press theSave soft key to accept the change.
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Site Name

You can configure a site name for SIP VPT49G IP phones. When you make an IP call to the other
party, the site name will be displayed on the far-site display device.For more information on IP
call, refer to Allow SIPIP Callon page 308. Site name can consist of letters, numbers or special

characters.

Procedure

Site name can be configured using the configuration files or locally.

Configure the site name.
Configuration

il <y0000000000x»%.cfg Parameter:
ile
setting.site_name
Configure the site name.
Navigate to :
Web User Interface
Local http://<phonelPAddress> /servlet?m=mo

d_data&p=features-general&q=load

Phone User Interface Configure the site name.

Details of Configuration Parameter:

Parameter Permitted Values Default

String within 64 Yealink SIP

setting.site_name
characters VP-T49G

Description :

Configures the site name of the IP phone.

Note : It is only applicable to SIP VRT49G IP phones.
Web User Interface:

Features>General Information->Site Name

Phone User Interface:

Menu->Basic->Site Name->Site Name

To configure the site name via web user interface:

1. Click on Features->General Information
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2. Enterthe desired value in the Site Name field.

Yealink | s

Forward&DND
General Information
Audio

Intercom

Transfer

Call Pickup

Remote Control
Action URL
Bluetooth

Power LED

Notification Popups

Status Account Network

General Information )
Call Waiting
Call Waiting On Code
Call Waiting Off Code
Auto Redial

Auto Redial Interval (1~300s)

Accept SIP Trust Server Only
Call List Show Number

Voice Mail Tone

DHCP Hostname

Reboot in Taking

Hide Feature Access Codes
Display Method on Diling

Auto Linekeys

DSSKey

Enabled

Diszbled

10

Disabled
Disabled
Enabled

SIP VP-T4SG
Disabled
Disabled
User Name

Disabled

Settings Directory Security

NOTE

‘Call waiting

This call feature allows your
phone to accept other incoming
calls during the conversation.

Key As Send
Select * or # as the send key.

QOO0 O

Hotline Number

‘When you pick up the phone, it
will dial out the hotline number
automatically.

You can click here to get
more guides.

Site Name

Yealink SIP VP-T49G

(O O0O9OOODODO®PQ®

Confirm

Cancel

3. Click Confirm to accept the change.

To configure the site name via phone user interface

1. Tap tﬁ ->Basic->Site Name .

2.  Enter the desired name in the Site Name field.

3.  Tap the Save soft key.

Idle Clock
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For SIP VPT49G IP phones, there is an idle clocldisplaying in the center of the idle screen by

default. You can hide the idle clock, and the time and date will display on the right of the sta tus

bar.

Procedure

Idle clock can be configured using the configuration files or locally.

Configuration
File

<y0000000000xx% .cfg

Configure the idle clock.
Parameter :

phone_setting.idle_clock_display.enable

Local

Phone User Interface

Configure the idle clock.
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Details of Configuration Parameter

Parameter Permitted Values Default

phone_setting.idle_clock_display.enable Oor1l 1

Description :

Enables or disables the IP phone to display the idle clock
0-Disabled

1-Enabled

Note : It is only applicable to SIP VRT49G IP phones.
Web User Interface:

None

Phone User Interface:

Menu->Basic->Display->ldle Clock->Idle Clock Display

To configure the idle clock via phone user interface :

1. Tap L ->Basic->Display->Idle Clock.
2. Tap the On or Off radio box in the Idle Clock Display field.

3. Tap the Save soft key.

Bluetooth

Bluetooth enables low-bandwidth wireless connections within a range of 10 meters (32 feet).
The best performance is in the 1 to 2 meter (3 to 6 feet) range. You can activate/deacivate the
Bluetooth mode and then pair and connect the Bluetooth headset with your phone. It is only
applicable to SIP VRT49G SIRT48G/T46G/T29G IP phonesYou can also activate/deactivate the
Bluetooth mode and then pair and connect the Bluetooth -Enabled mobile phone for Yealink SIP
VP-T49G IPphones. For more information, refer to the Yealink SIP VP-T49G_User Guide

You can personalize the Bluetooth device name for the IP phone. The preconfigured Bluetooth
device name will display in scanning list of other devices. It is helpful for the other Bluetooth
devices to identify and pair with your IP phone.

Not e To use this feature on SIRT48G/T46G/T29GIP phones, makesure the Bluetooth USB dongle is
properly connected to the USB port on the back of the phone.
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Procedure

Bluetooth mode can be configured using the configuration files or locally.

Configuration File

<y0000000000x% .Cfg

Configure Bluetooth mode.
Parameter:

features.bluetooth_enable

Configure the Bluetooth device

name.
Parameter:

features.bluetooth_adapter_name

Local

Web User Interface

Configure Bluetooth mode.
Navigate to :
For SIRT48G/T46G/T29G:

http://<phonelPAddress>/serviet?p
=features-bluetooth&g=load

For SIP VPT49G

http://<phonelPAddress>/serviet?m
=mod_data&p=features -bluetooth
&g=load

Phone User Interface

Configure Bluetooth mode.

Configure the Bluetooth device

name.
Details of the Configuration Parameter
Parameter s Permitted Values Default
features.bluetooth_enable Oor1l 0

Description :

Triggers Bluetooth mode to on or off.

0-Off

1-On

Note: It is only applicable to SIP VRT49G SIRT48G/T46G/T29G IP phones.

Web User Interface:
Features >Bluetooth->Bluetooth Active
Phone User Interface:

Menu->Basic->Bluetooth ->Bluetooth
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Parameter s Permitted Values Default

) o Refer to the
String within 64 .
features.bluetooth_adapter_name following
characters
content

Description :

Configures the Bluetooth device name.
For SIP VP-T49G IP phones:

The default value isSIP VRT49G.

For SIP-T48G IP phones:

The default value is Yealink-T48G.

For SIP-T46G IP phones:

The default value is Yealink- T46G.

For SIP-T29G IP phones:

The default value is Yealink-T29G.

Note:Itworksonl y i f the value of the parameter
It is only applicable to SIP VRT49G SIRT48G/T46G/T29G IP phones.

Web User Interface:
None

Phone User Interface:

Menu->Basic>Bluetooth ->Bluetooth (On)->Edit My Device Information ->Device Name

To active the B luetooth mode via web user interface:

1. Click on Features->Bluetooth .

2. Select the desired value from the pull-down list of Bluetooth Active .

Log Out

Yealink | s

Account Network DSSKey Features Settings Directory Security

Forward&DND Bluetooth Settings &) NOTE
| Bluetooth Active on ol
General Bluetooth
Information
Audio You can click here to get

more guides.

Intercom
Transfer

Call Pickup
Remote Control
Phone Lock
ACD

SMS

Action URL

Bluetooth
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3. Click Confirm to accept the change.
To active the B luetooth mode via phone user interface:

1. PressMenu ->Basic->Bluetooth .
2. Press@ or@ , or theSwitch soft key to select On from the Bluetooth field.

3. Press theSave soft key to accept the change.
To edit device information via phone user interface:

1. PressMenu ->Basic->Bluetooth .
Press@ or® , or the Switch soft key to select On from the Bluetooth field.

Press theSave soft key to accept the change.

p w DN

SelectEdit My Device Information and then press the Enter soft key.

The LCD screen displays the device name andMAC address. The MAC address cannot be
edited.

5. Enter the desired name in the Device Name field.

6. Press theSave soft key to accept the change or the Back soft key to cancel.

Wi-Fi

Note
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Wi-Fi feature enables users t o c onwireless$ netivdrke The
wireless network is more convenient and cost-effective than wired network. Wi-Fi feature is only
applicable to SIP VRT49Gand SIRT48G IP phones.

When the Wi-Fi feature is enabled, the IP phone will automatically scan the available wireless
networks. All the available wireless networks will display in scanning list on the touch screen.
You can storeup to 5 frequently -used wireless networks on your phone and specify the priority
for them.

Yealink SIP VPT49G IP phones supportconnecting to 2.4G/5G wireless network. The wireless
channels in the 2.4 GHz/5 GHz band vary from country to country, so you may have problems
connecting your phone to the wireless network in your area. You can configure the country
wireless channel for your phone depending on the desired area as required.

Yealink IP phones support VLAN in the wireless network. For more information, refer to
Configuring VLAN Feature in the Wireless Networkon page 687.

To use WiFi feature on SIRT48G IP phones, make sure the WiFi USB dongle is properly
connected to the USB port on the back of the phone.

When you connect the Ethernet cable, you can enable the WiFi feature. But you have to disable
the Wi-Fi feature if you want to use the wired network.

The following advices you need to know when using the IP phonesint he wireless
network :

a) Check whether the wireless network is normal when the account registers failed or

phones

t
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sometimes there is no sound during an active call.

b)  Ensure that the bandwidth of your wireless network is able to provide stable and real-time
data transmission otherwise the quality of video calls may be affected. We recommend you
to use the wired network for video calls.

c) For SIP VPT49G IP phones, no matter which network (wired network or wireless network)
you are using, please properly consider whetherto configure the uplink and downlink

bandwidths according to your bandwidth capacity.

d) We recommend you do not use the unstable router product in your home/office

environment.

e) Werecommend you to set the password for the wireless network so as to ensure the
network resource will not be occupied by the unknown user.

Procedure

Wi-Fi feature can be configured using the configuration files or locally.

Configure Wi-Fi feature.
Parameter:

wifi.enable

Configure the Wi-Fi settings.
Parameters:

wifi.X.label

wifi.X.ssid

wifi. X.priority
wifi.X.security_mode
wifi.X.cipher_type

Configuration File <y0000000000xx>.cfg
wifi.X.password

Specify the delay time for the phone

to disconnect the wireless network.
Parameter :

wifi.status_detection_timeout

Configure the country wireless
channel (in the 2.4 GHzand 5 GHz
band) for the IP phones.

Parameter :

wifi.country

143



Administrator @ Guide for SIRT2 SeriegT19(P) E2T4 SeriegdCP860IP Phones

144

Local

Web User Interface

Configure Wi-Fi feature.
Configure the Wi-Fi settings.
Navigate to :

For SIRT48G:

http://<phonelPAddress>/serviet?p
=network -wifi&g=load

For SIP VPT49G
http://<phonelPAddress>/serviet?m
=mod_data&p=network -wifi&q=loa
d

Specify the delay time for the phone

to disconnect the wireless network.
Navigate to :
For SIP VRT49G

http://<phonelPAddress>/serviet?m
=mod_data&p=network -wifi&q=loa
d

Phone User Interface

Configure Wi-Fi feature.
Configure the Wi-Fi settings.

Specify the time for the phone to

disconnect the wireless network.

Details of the Configuration Parameters:

Parameter s

Permitted Values Default

wifi.enable

Oorl 0

Description :

Enables or disablesthe Wi-Fifeature.

0-Disabled

1-Enabled

Note: It is only applicable to SIP VRT49Gand SIRT48G IP phones.

Web User Interface:

Network ->Wi-Fi>Wi-Fi Active

Phone User Interface:

Menu->Basic->Wi-Fi>Wi-Fi

wifi.X.label

String within 31
Blank
characters
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Parameter s Permitted Values Default

(X ranges from 1 to 5)

Description :
Configures the profile name of the wireless network X for the IP phone.

Note : It works only if the value ofthe par amet er J wi fi . enablticoD¥ i
applicable to SIP VRT49Gand SIRT48G IP phones.

Web User Interface:
Network->Wi-Fi>Profile Name
Phone User Interface:

Menu->Basic>Wi-Fi>Wi-Fi (On)->Add - >Profile Name

wifi.X.ssid String within 32
Blank
(X ranges from 1 to 5) characters

Description :
Configures the Service Set Identifier(SSID)of the wireless network X.
SSID isa unique identifier for accessing wireless access points.

Note : It works only if the value of the parameter] wi f i . enabl eDZ i Bisalg t
applicable to SIP VRT49Gand SIRT48G IP phones.

Web User Interface:
Network->Wi-Fi>SSID
Phone User Interface:

Menu->Basic->Wi-Fi>Wi-Fi (On)->Add ->SSID

wifi.X.priority
Integer from 1to5 1
(X ranges from 1 to 5)

Description :
Configures the priority for the wireless network X for the IP phone.
5 is the highest priority, 1 is the lowest priority.

Note : I't works only if the value of théispnbr
applicable to SIP VRT49Gand SIRT48G IP phones.

Web User Interface:
Network->Wi-Fi>Change Priority
Phone User Interface:

None

wifi.X.security_mode NONE, WEP, WPA-PSK
(X ranges from 1 to 5) or WPA2-PSK

NONE
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Parameter s Permitted Values

Default

Description :

Configures the security mode of the wireless network X.

applicable to SIP VRT49Gand SIRT48G IP phones.
Web User Interface:

For SIP VP-T49G:

Network->Wi-Fi>Security Mode

For SIP-T48G:

Network->Wi-Fi>Secure Mode

Phone User Interface:

Menu->Basic->Wi-Fi>Wi-Fi (On)->Add - > Security Mode

Note : I't works only if the value of t héispnbr

wifi.X.cipher_type NONE, WEP, TKIP, CCMP
(X ranges from 1 to 5) or TKIP CCMP

NONE

Description :

Configures the encryption type of the wireless network X.
NONE-NONE

WEP-WEP

TKIP-TKIP

CCMP-AES

TKIP CCMP-TKIP AES

and SIRT48G IP phones.
Web User Interface:
Network->Wi-Fi>Cipher Type
Phone User Interface:

Menu->Basic->Wi-Fi>Wi-Fi (On)->Add ->Cipher Type

Note: |t works only if the value of the par
Jwifi.X.secur i WRA-PBKodWHA2-PSK It & enlly apgplicable to SIP VRT49G

wifi.X.password String within 64

(X ranges from 1 to 5) characters

Blank

Description :

Configures the password of the wireless network X.

VP-T49Gand SIRT48G IP phones.

Note: |t works only if the value of the par
Jwifi. X.secur i WBPWRA-8IKDZWPA2-PSK tt is anly applicable to SIP
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Parameter s Permitted Values Default

Web User Interface:
Network ->Wi-Fir>PSK
Phone User Interface:

Menu->Basic->Wi-Fi>Wi-Fi (On)->Add ->WPA Shared Key

. ) . Integer more than or
wifi.status_detection_timeout 120
equal to 0

Description :

Configures the delay time (in seconds) for the phone to disconnect the wireless network
after failing to detect the wi-fi signal (Beacon)from the router.

If it is set to 120, the IP phone will automatically disconnect the wireless network when
detecting no wi-fi signal (Beacon)sent from the router within 120 seconds.

Note: |t works only if the value of t héispnlyr
applicable to SIP VRT49G IPphones.

Web User Interface:
Network->Wi-Fi>Time-Out For Wi-Fi Satus Detection

Phone User Interface:

None
. Refer to the following .
wifi.country China
content
Description :

Configures the country wireless channel (in the 2.4 GHzand 5 GHz band) for the IP phones.
Permitted Values :

United States, Canada, Europe, SwitzerlandRussig Japan Singapore, China, Israel, Korea,

Turkey, Australia, South Afrca, Brazil, TaiwanNew Zealand.
Example:
wifi.country = United States

Note : It is only applicable to SIP VRT49G IP phones.For more information on the wireless
channel, refer to https://en.wikipedia.org/wiki/List_of WLAN_channels

Web User Interface:
None
Phone User Interface:

None

To enable the Wi -Fi feature via web user interface:

1. Click on Network ->Wi-Fi.
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2. SelectEnabled from the pull -down list of Wi-Fi Active .

Yealink | vasc

Account DSSKey Features Settings Directory Security
Basic Wi-Fi Active: | Enabled [=] NOTE
Advanced You can click here to get
more guides.
Wi-F
change prorty: [~ |

Profile Name

SSID

Secure Mode MNONE

Cipher Type NONE

PSK

Add Edit

3. ClickConfirm to accept the change.
To add a wireless network via web user interface:

1. Click on Network ->Wi-Fi.
Enter the desired value in the Profile Name field.

Enter the desired value in the SSIDfield.

P won

Select the desired value from the pull-down list of Secure Mode .

- Ifyou select WEP:

1) Enter the desired password in the PSKfield.

- Ifyou select WPA-PSKor WPA2-PSK
1) SelectTKIP, AESor TKIP AESfrom the pull -down list of the Cipher Type .

2) Enter the desired password in the PSKfield.

Log Out

Yealink | .

Account DSSKey Features Settings Directory Security

R Wi-Fi Active: | Enabled [+] NOTE

HAHA HAHA ‘WPA2-PSK AES [}
Advanced *ou can click here to get

more guides.
Wi-Fi
Change Priority:

Profile Name test

SSID test

Secure Mode WPA2-PSK [+l

Cipher Type TKIP AES [+]

PSK

Add Edt
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5. Click Add to accept the change.

6. Repeat steps 2 to 5 to add more wireless networks.
To adjust the priority of the added wireless  network via web user interface:

1. Click on Network ->Wi-Fi.

2. Click to select the desired wireless network which you want to adjust the priority , and then

click or }

Yealink | 1.

Account DSSKey Features Settings Directory Security

Basic Wi-Fi Active: Enabled [=] NOTE

test 1234 WPA-PSK TKIP AES O
Advanced You can click here to get

HAHA HAHA HONE HONE more guides.
Wi-Fi

Change Priority: Delete Al

Profile Name test

SSID 1234

Secure Mode WPA-PSK

Cipher Type TKIP

PSK

[ Add ] [ Ede ] [ cancel ]

3. Repeatthe step 2 to adjust the priority of more wireless networks.
To configure the time -out for Wi-Fi status detection via web user interface:

1. Click on Network ->Wi-Fi.

2. Enter the desired time (in seconds) in the Time-Out For Wi-Fi Status Detection field.

3

Log Out

Yealink | s

Account DSSKey Features Settings Directory Security
Wi-Fi Active: | Disabled [=] NOTE
Basic L _
o NETGEARE2-5G NETGEARS2-3G NONE NONE [E
Advanced You can click here to get
more guides.
Wi-Fi
Changs riorty:
Profile Name Q@
SSID Q@
Security Made NONE [=] Q@
Cipher Type MONE Q@
PSK Q@
Add
Time-Qut For Wi-Fi Status Detection 120 |
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3. ClickConfirm to acceptthe change.
To enable the Wi -Fi feature via phone user interface:

1. TapE ->Basic->Wi-Fi.
2. Tap the On radio box in the Wi-Fi field.

The IP phone scans the availablevireless network automatically.

To add a wireless network:

1. Tapm ->Basic->Wi-Fi.

2. Tap the On radio box in the Wi-Fi field.
3. TapAdd.

4. Tap the Security Mode field.

5. Tap the desired value in the pop-up dialog box.

- Ifyou select None or WEP:
1) Enter the desired profile name in the Profile Name field.
2) Enter the desired value in the SSIDfield.

3) Enter the desired password in the WPA Shared Key field.

- If you select WPA-PSKor WPA2-PSK
1) Enter the desired profile name in the Profile Name field.
2)  Enter the desired value in the SSID field.
3) Tap the Cipher Type field.
4)  Tap the desired Cipher type (TKIP, AESor TKIP AES) in the pop-up dialog box.
5) Enter the desired password in the WPA Shared Key field.

6. Tap the Save soft key to accept the change.

Enable Page Tips

Enable page tipsfeature allows usersto enable the page icon and page switch key LED to
indicate different statuses. It is mainly used in the scenario of configuring multi -page line key. It
is only applicable to SIP-T46G T42G/T41PT29G/T27P IP phones.

The following table lists the page icons to indicate different statuses:

Phone Models Icons Description

Fast flashing: he BLFmonitored user receives an

. incoming call on the non-current page.

Solid: there is a parked call to the line on the
SIRT46G/T29G
non-current page.

Fast flashing: the line receives an incoming call on the

non-current page.
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Phone Models Icons Description

Fastflashing:

The BLFmonitored user receives an incoming call on
the non-current page.

SIRT42G/T41HT27P The line receives an incoming call on thenon-current
page.

Solid:

There is a parked call on thenon-current page.

Procedure

Enable page tipscan be configured using the configuration files or locally.

Configure enable page tips.
Configuration File <y0000000000xx%.cfg Parameter:

phone_setting.page_tip

Configure enable page tips.
Navigate to :

Local Web User Interface http://<phonelPAddress> /servlet?p

=dsskey&model=1&g=load&linepa

ge=1
Details of the Configuration Parameter:
Parameter Permitted Values Default
phone_setting.page_tip Oor1l 0

Description :

Enables or disablesthe page icon and page switch key LEDto indicate different states of line
keyson the non-current page.

0-Disabled

1-Enabled

Note : It is only applicable to SIP-T46G/T42G/T41PT29G/T27P IP phones.
Web User Interface:

DSSKey>Line Key->Enable Page Tips

Phone User Interface:

None

To configure the page icon to indicate status  via web user interface:

1. Click on DSSKey->Line Key.
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2. SelectEnabled from the pull -down list of Enable Page Tips.

Yealink | s

Account Network Features Settings Directory Security

Line Key 1-9 Enable Page Tips Enabled - | Label Length Default - NOTE
Key Type Value Label Line Extension

Line Key 10-18 Line Keys

Line Keyl  Line ~ Default ~ 1001 Line 1 - Line keys allow you to quickly

" access features such as recall

Line Key 19-27 Line Key? Record - WA and voice mall
Programable Key Line Key3  Line ~ Default - Line 3 -

Line Key4  Line ~ Default - Line 4 - *You can click here to get
Ext Key more guides.

Line Key5  Line ~ Default - Line 5 -

Line Key6  Line ~ Default - Line 6 -

Line Key7 Line ~ Default - Line 7 -

Line Key8 Line ~ Default - Line & -

Line Keyd Line ~ Default - Line 9 -

Confirm Cancel

3. Click Confirm to accept the change.

Label Length

Label length allows IP phones to extend the display length of the line key label. If the label
length feature is enabled, more characters will be displayed on the idle LCD screenlt is only
applicable to SIP VRT49G SIRT48G/T46G/T29G IP phones.

Procedure

Label length can be configured using the configuration files or locally.

Configure label length.
Configuration File <y0000000000xx% .cfg Parameter:

features.config_dsskey_length

Configure label length.
Navigate to :
For SIRT48G/T46GT29G:

http://<phonelPAddress>/serviet?p
Local Web User Interface =dsskey&model=1&q=load& linepa
ge=1

For SIP VPT49G

http://<phonelPAddress>/serviet?m

=mod_data&p=dsskey&qg=load

152



Configuring Basic Features

Details of the Configuration Parameter:

Parameter Permitted Values Default

features.config_dsskey_length Oorl 0

Description :

Enables or disables the extendedlength of the label displayed on the idle LCD screen for the
line key.

0-Default

1-Extended

Note : It is only applicable to SIP VRT49G SIRT48G/T46G/T29G IP phones.
Web User Interface:

DSSKey>Line Key->Label Length

Phone User Interface:

None

To configure the label length via web user interface:

1. Click on DSSKey->Line Key.

2. SelectExtended from the pull -down list of Label Length .

Log Out

Yealink | s

Status Account Network Features Settings Directory Security

Line key 1-9 Enable Page Tips Disabled - Label Length Extended - | NOTE
Key Type Value Label Line Extension

Line Key 10-18 Line Keys

Line Keyl Line ~ Default ~ 1006 Line 1 - Line keys allow you to quickly

© access features such as recall

Line Key 19-27 Line Key2 Speed Dial  +» 1000 speeddiltestta Line 1 - and voice mail
Programable Key Line Key3  Line = Defauft - Line 3 -

Line Key4  Line ~ Default - Line 4 - You can click here to get
Ext Key more guides.

Line Key5  Line + Default - Line 5 -

Line Key6  Line ~ Default - Line 6 -

Line Key? Line ~ Default - Line 7 -

Line Key8 Line ~ Default - Line 8 -

Line Key? Line + Default - Line 9 -

3. Click Confirm to accept the change.

Account Registration

Registering a SIP account makes it easier for the IP phones taeceive an incoming call or dial an
outgoing call. The IP phones support SIP server redundancy for account registration. For more

information, refer to Server Redundancyon page 648.
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Procedure

SIP acount registration can be configured using the configuration files or locally.

Configuration File

<MAC>.cfg

Configure the SIPaccount
registration information.

Parameter s

account.X.enable
account.X.label
account.X.display_name
account.X.auth_name
account.X.user_name
account.X.password
account.X.sip_server.Y.address
account.X.sip_server.Y.port
account.X.outbound_proxy_enable
account.X.outbound_host
account.X.outbound_port
account.X.backup_outbound_host

account.X.backup_outbound_port

Configure the interval for the IP
phone to retry to re -register when
registration fails.

Parameter:

account.X.reg_fail_retry_interval

Configure the number of DSS keys to
be assigned automatically.

Parameter:

account.X.number_of_linekey

<y0000000000x»% .cfg

Configure auto linekeys.
Parameter:

features.auto_linekeys.enable
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Configure the SIPaccount
registration information.

Navigate to :

For
SIRT48G/T46G/T42G/T41P/T40P/T2
9G/T27P/T23P/T23G/T21(P)
E2/T19(P) E2/CP860:
http://<phonelPAddress>/serviet?p

=account-register&qg=load&acc=0
For SIP VPT49G:

http://<phonelPAddress>/servle t?m
=mod_data&p=account -register&q
=load&acc=0

Configure auto linekeys.
Navigate to :

For
SIRT48G/T46G/T42G/T41P/T40P/T2
9G/T27P/T23P/T23G/T21(P) E2:

http:// <phonelPAddress>/servlet?p

=features-general&qg=load
Local Web User Interface

For SIP VPT49G:

http://<phonelPAddress> /servlet?m
=mod_data&p=features -general&q

=load

Configure the interval for the IP
phone to retry to register when

registration fails.

Configure the number of DSS keys to

be assigned automatically.

Navigate to :

For
SIRT48G/T46G/T42G/T41P/T40P/T2
9G/T27P/T23P/T23G/T21(P)
E2/T19(P) E2/CP860:

http:// <phonelPAddress>/servlet?p
=account-adv&q=load&acc=0

For SIP VPT49G:

http:// <phonelPAddress>/serviet?m
=mod_data&p=account -adv&q=loa
d&acc=0

155



Administrator @ Guide for SIRT2 SeriegT19(P) E2T4 SeriegdCP860IP Phones

156

Configure the SIPaccount
Phone User Interface ) o )
registration information.

Details of Configuration Parameters:

Parameter s Permitted Values Default

account.X.enable Oorl 0

Description :

Enables or disables theSIPaccount X.
0-Disabled

1-Enabled

X ranges from 1 to 16 (for SIPVP-T49G/SIRT48G/T46G/T29G)
X ranges from 1 to 12 (for SIRT42G)

X ranges from 1 to 6 (for SIRT41P/T27P)

X ranges from 1 to 3 (for SIRT40P/T23P/T23G)
X ranges from 1 to 2 (for SIRT21(P) E2)

Xis equal to 1 (for SIRT19(P) E2/CP860)

Web User Interface:

Account->Register->Line Active

Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin) ->Accounts->Active Line

String within 99
account.X.label Blank
characters

Description :

(Optional.) Configures the label to be displayed on the LCD screen forSIPaccount X.
X ranges from 1 to 16 (for SIP VRT49G/SIRT48G/T46G/T29G)
X ranges from 1 to 12 (for SIRT42G)

X ranges from 1 to 6 (for SIRT41P/T27P)

X ranges from 1 to 3 (for SIRT40P/T23P/T23G)

X ranges from 1 to 2 (for SIRT21(P) E2)

X'is equal to 1 (for SIRT19(P) E2/CP860)

Web User Interface:

Account->Register->Label

Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin) ->Accounts->Label
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Parameter s Permitted Values Default

) String within 99
account.X.display_name Blank
characters

Description :

Configures the display name for SIPaccount X.
X ranges from 1 to 16 (for SIP VRT49G/SIRT48G/T46G/T29G)
X ranges from 1 to 12 (for SIRT42G)

X ranges from 1 to 6 (for SIRT41P/T27P)
Xranges from 1 to 3 (for SIP-T40P/T23P/T23G)
X ranges from 1 to 2 (for SIRT21(P) E2)

Xis equal to 1 (for SIRT19(P) E2/CP860)

Web User Interface:
Account->Register->Display Name

Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin) ->Accounts->Display

Name
String within 99
account.X.auth_name Blank
characters
Description :

Configures the user name for register authentication for SIPaccount X.
X ranges from 1 to 16 (for SIP VRT49G/SIRT48G/T46G/T29G)

X ranges from 1 to 12 (for SIRT42G)

X ranges from 1 to 6 (for SIRT41P/T27P)

X ranges from 1 to 3 (for SIRT40P/T23P/T23G)

X ranges from 1 to 2 (for SIRT21(P) E2)

X'is equal to 1 (for SIRT19(P) E2/CP860)

Web User Interface:

Account->Register->Register Name

Phone User Interfa ce:

Menu->Settings->Advanced Settings (default password: admin) ->Accounts->Register

Name
String within 99
account.X.user_name Blank
characters
Description :

Configures the register user name for SIPaccount X.
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