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Introduction

About This Guide

Yealinkadministrator guide is intended for administrators who need to properly configure,
customize, manage, and troubleshoot the IP phone system rather than end-users.This guide will
help you understand the Voice over Internet Protocol (VolP) network and Session Initiation
Protocol (SIP components, and provides descriptions of all available phone features.

This guide describesthree method s for configuring IP phones: central provisioning, web user

interface and phone user interface. It will help you perform the following tasks:
Configure your IP phone on a provisioning server
Configure your phone QwaweEbéphoneuseeisterfacad f uncti ons
Troubleshoot some common phone issues

Many of the features described in this guide involve network settings, which could affect the | P
phoneds performance in the network. So an understand]
knowledge of IP telephony concepts are necessary

The information detailed in this guide is applicable to firmware version 81 or higher. The
firmware format is like x.x.x.x.rom.The second x from left must be greater than or equal to 81
(e.g., the firmware version of SIRT46G IP phone: 28.81.0.20.rom).

See the Yealink Products Regulatory Notices guidefor all regulatory and safety guidance.

Chapters in This Guide

This administrator guide includes the following chapters:

Chapt @mwodud QveviewDZ descr i bes t hneexBahsionmaodules.hones

Chapt &ettin@Start§dDZ d e s bowiYdaklsphones fit in your network and how to
install and connect IP phones, and also gives you an overview of IP phoneg initialization

process.

Chapter 3,] Setting Up Your SystenrDdescribes someessential information on how to set

up your phone network and set up your phone with a provisioning server.

Chapter 4, jConfiguring Basic Feature®Z descri bes how to configure the
phones.

Chapter 5, Cgnfiguring Advanced FeaturedDZ descri bes how to configure th

features on IP phones.

Chapter 6, Cgnfiguring Audio FeaturedZ descri bes how to configure the
IP phones.
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Chapter 7, Cgnfiguring Security FeaturedDZ descr i bes h o wsecurity featoresf i gur e
on IP phones.

Chapter 8, TrjubleshootingDZ descri bes how to troubleshoot | P

common troubleshooting solutions.

Chapter9, AppendixDZ pr ovi de s timézwneg frustedsertificates, auto
provisioning flowchart, reference information about IP phones compliant with RFC 3261

SIP call flowsand some other function lists (e.g., DSS keys, reading icons)

Related Documentations

This guide coversSIRT54S,SIRT52S,SIRT48GS, SIRT46GS, SIRT42GS, SIRT41RS,
SIRT40RG, SIRT29G,SIRT27RG, SIRT23R G, SIRT21(P) E2SIRT19(P) E2and CP860IP
phones. The following related documents are available:

Quick Start Guides,which describe how to assemble IP phonesand configure the most
basic featuresavailable on IP phones

User Guides, which describehow to configure and use the basic and advanced features
available on IP phonesvia phone user interface.

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

The purpose of Auto Provisioning Guide is to serve as a basic guidance for provisioning Yealink
IP phones with a provisioning server. If you are new to this process, it is helpful to read this

guide.

Description of Configuration Parameters in CFG Fileswhich describes all configuration

parameters in configuration files.

Note that Yealink administrator guide contains most of parameters. If you want to find out more
parameters which are not listed in this guide, please refer to Description of Configuration
Parameters in CFG Fileguide.

y000000000000.boot template boot file.
<y0000000000xx>.cfg and <MAC>.cfg template configuration files.

IP Phones Deployment Guide for BroadSoft UGOne Environments, which describes how to
configure BroadSoft features on the BroadWorks web portal and IP phones.

IP Phone Featuresintegrated with BroadSoft UG One User Guide, which describeshow to
configure and use IP phone features integrated with BroadSoft UG One on Yealink IP

phones.

When the SIP server typeis set to BroadSoft, please refer to these two guides to have a better
knowledge of configuring and using features integrated with Broadsoft UC-One.

For support or service, please contact your Yealink reseller or go to Yealink Technical Support

online: http://support.yealink.com/ .
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Conventions Used in Yealink Documentation s

Yealinkdocumentation s contain a few typographic conventions and writing conventions .

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

information:

Convention

Description

Bold

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

Settings ->Upgrade .).

Also used to emphasize text (e.g.,Important! ).

/talics

Used to show the format of examples (e.q., Attp (S)}//[ IPv6
address)), or to show the title of a section in the reference
documentation s available on the Yealink TechnicalSupport
Website (e.qg., 7riggering the IP phone to Perform the Auto

Provisioning).

Blue Text

Used for cross references to other sections within this
documentation (e.g.,refer to Ring Toneson page 809), for
hyperlinks to non-Yealinkwebsites (e.g., RFC3315) or for
hyperlinks to Yealink Technical Supportwebsite.

Blue Text in ltalics

Used for hyperlinks to Yealinkresources outside of this
documentation such as theYealinkdocumentations (e.g.,

Yealink SIPT2_Series T19(P)

E2 T4 Series T5 Series W5 Series CP860 IP_Phones Auto P

oning_Guide V8].

You also need to know

the following writing conventions to distinguish conditional information:

Convention Description

Indicates that you must enter information specific to phone or
net wor k. For example, when you

<>
12-digit MAC address. If you see<phonelPAddress>, enter your
phoned IP address
Indicates that you need to select an item from a menu. For

-> example, Settings ->Basic Settings indicates that you need to

select Basic Settings from the Settings menu.

Reading the Configuration Parameter Tables

The feature descriptions discussed inthis guide include two tables. One is asummary table of

provisioning methods that you can use to configure the features. The other is a table of details

vii
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of the configuration parameters that you configure to make the features work.

This brief section describes the conventions used in the summary table and configuration
parameter table. In order to read the tables and successfully perform configuration changes, an
understanding of these conventions is necessary

Summary Table Format

viii

The following summary table indicates three provisioning methods (central provisioning, web
user interface and phone user interface, refer to Provisioning Methods for more information )
you can use to configure a feature. Note that the types of provisioning methods available for

each feature will vary; not every feature uses allthese three methods.

The central provisioning method requires you to configure parameters located in CFGformat
configuration files that Yealink provides. For more information on configuration files, refer to
Configuration Files on page 133. As shown below, the table specifies the configuration file name
and the corresponding parameters. That is,the <MAC>.cfg file contains the

account X.auto_answeparameter, and the <y0000000000xx%> .cfg file contains the
feature.auto_answer_delajparameter.

The web user interface method requires you to configure features by navigating to the specified
link. This navigation URL can help you quickly locate the webpagewhere you can configure the
feature.

Configuration file name Feature explanation

Eionhgure auto cnswel.-]

-E MAC> .cfge I Parameter::
Central

Excour\t.x.outo_onswer- }—— Parameter name

P
P

(Configuration Specify-a-period-of- delay time-for
auto-answer.«

File) -Fyoooonoooooxx>.cog. | S
ar

features.auto_answer_delay+

Provisioning

Configure auto-answer.+
method

Navigateto:

N
: WebUserinterface: |— Etp:!k phonelPAddress>/serviet?m

mod_data&p=account-basic&q=|

—Navigation URL
ad&acc =0+ 2

{"hu--cU;c- Interf ]._ Configure-auto-answer.+

Manual provisioning method
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Configuration Parameter Table Format

The following configuration parameter table describes the parameter that you can configure to
make the feature (e.g., auto answer)work.

Parameter name Permitted parameter value

Default
[account.)(.auto,answer« ] @—- Parameter

value

Description:

[Enables- or-disables-auto answer feature-for-account-X.« ]—— Feature explanotion

Meaning of the parameter value

If itis'set to-1-(Enabled), the IP-phone can-automatically answer an-in coming-call..

f\ﬁa nges-from-1-to- 16 (for SIP-T545/T48G/T48S/T46G/T465/T29G)-
¥-ranges-from-1-to 12- (for SIP-T525/T42G/T425)-

Scope of __| X-ranges-from-1to 6 (for-SIP-T41P/T41S/T27P/T27G)-
variable X ¥ ranges-from-1-to 3 (for-SIP-T40P/T40G/T23P/T23G).
¥-ranges-from-1to 2-(for-SIP-T21(F)- E2)»

“.is equal-to-1(for SIP-T19(P) E2/CPB60)-

[Notei The IP-phone cannot-automatically-answer the-incoming-call-during-a call-or-whwle-] Important

dialing-evenif-auto-answer-is-enabled.~ information

Web-User-Interface:.

Web path —_.[Account—> Basic—>Auto-Answer]

Phone-User-Interface:-

[M enu->Features->Auto Answer->Line X—bAuTo-Answer«]

Phonle path

Note Sometimes you will see the words] Ref er t o t he findhe Pesmitiech\Mplues mn t ¢
Default field. It means the permitted value or the default value of the parameter has the model
difference or there are many permitted values of the parameter, you can get more details from
the following Description field.

The word JNoneDin the Web User Interface or Phone User Interface field means this feature
cannot be configured via web/phone user interface.

The above table also indicates three methods for configuring the feature.

Method 1: Central Provisioning

This table specifies the details of account. X.auto_answeparameter, which enables or disables
the auto answer feature. This parameter isdisabled by default. If you want to enable the auto
answer feature, open the MAC.cfg file and locate the parameter name account X.auto_answer
Set the par ametdenablethaduto answerfeafuréddz tp Gidable the auto
answer feature.

Note that some parameters described in this guide contain one or more variables (e.g., X or Y).
But the variables in the parameters describedin the CFGfile are all replaced with specific value

in the scope of variable. You may need to assign a value to the variable before you search and
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locate the specific parameter in the CFG file

For example, if you want to enable the auto answer feature for account 1, you need to locate the
account.1.auto_answein the MAC.cfg file and then configure it as required (e.g.,
account.l.auto_answer = 1). If you want to configure the SIP serverl for account 1, you can
locate the account. 1.sip_server.1.address the MAC.cfg file and configure it as required (e.g.,
account.1.sip_server.l.address 10.2.1.48.

The following shows a segment of MAC.cfg file:

|MAC-Cf9|—X—p| Canfiguration File Mame |

D||||I|||l|D||||I|||2|D|||TI|||3|D||||I|||"'1|D||||I|||5|D||||I|||E‘|D||||I|||?|D||||I|||8|D||||I|||
e g g R
£ Failback ##

L R e g e s e g g s i i iz

account.l.naptr build =

account.l.fallkack.redundancy type =
account.l.fallback.timeout =

|acc0unt.l.sip_5exvex.l.address|—

account.l.sip zerver.l.port =

account.l.sip server.l.expires =

account.l.sip server.l.retry_counts =

account.l.sip server.l.failback mode =

account.l.sip server.l.failback timeout =

account.l.sip server.l.register_ on enable = Pararmeter Marne

B R R R R R A A A AR A A AR P AT R A R AR R P AR R T AR AR PR T TR IR AR R0 A48 44 2
% Bdvanced ##
PRI ER IR TEIREREAREARIMT BRI R IR T T E R R I AT AT TINTANTASIRITRT RN R4S
|account.l.auto_answer
account.l.missed calllog =
account.l1.100rel enable =
account.l.enable user equal phone =

1

1

account.l.compact header enable =
account.l.custom ua =

Method 2: Web User Interface

As described in the chapter Summary Table Format, you can directly navigate to the specified
webpage to configure the feature. You can alsofirst log into the web user interface, and then
locate the feature field according to the web path (e.g., Account ->Basic->Auto Answer ) to

configure it as required.
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As shown in the following illustration :

€ a }mp:.e,-iu.m.zu.xr]m-|»_wn=u<rm_m basicBig=load8tace =:|[ W2 v e || Q Google <Ctrisk> tE AP S h-O
il v T
phonelPAddress = Navigation URL
Log Out
- Englih{Engish) v
Yealink | r4s6 _
DSSI(E" Features Settings Directory Security
—
Proxy Require
Basic An il
Local Anonymaus off v It alows the caller to conceal
Cod the identty nformation
Local Anonymous Rejection Off A displayed on the cllee’s screen,
Advanced Send Anonymous Code Off Code v Anonymous Call Rejection
Rejects the anonymous cals
On Code automatically.
Off Code fou can click here to get
mare guides,
Send Anonymous Rejection Code Off Code b4
On Code
Off Code
Missed Cal Log Enabled v
Auto Answer Enabled *| | *+ Feature Field
Ring Type Commen -
| confim | cancel

To successfully log into the web user interface, you may need to enter the user name (default:
admin) and password (default: admin). For more information, refer to Web User Interfaceon
page 130.

Method 3: Phone User Interface

You can configure features via phone user interface. Access tothe desired feature according to
the phone path (e.g., Menu ->Features->Auto Answer->Line X->Auto Answer ) and then
configure it as required.

As shown in the following illustration :

Line 1

Switch

Recommended References

For more information on configuring and administering other Yealink products not included in

this guide, refer to product support page at Yealink Technical Support.

To access the latest Riease Notesor other guides for Yealink IPphones, refer to the Document
Download page for your phone at Yealink Technical Support

Xi
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If you want to find Request for Comments (RFC) documents type
htto.//www.ietf.org/rfc/rfcNNNN.txt - (NNNN is the RFC numbel) into the location field of your

browser.

This guide mainly takes the SIRT46G IP phonesas examplefor reference. For more details on

other IP phones, refer to Yealink phone-specific user guide.

For other references, look for the hyperlink or web info throughout this administrator guide.

Understanding VolP Principle and SIP C omponents

This section mainly describes the basic knowledje of VolP principle and SIP conponents, which
will help you have a better understanding of the phone & deployment scenarios.

VolP 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 VolP protocols, SIP is designed to address functions of sgnaling

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.

Xii
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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 determi nes t beevicgs betweea sndpoihte vel DZ of common
Conferences are established using only media capabilities that can 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 determies 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 is also 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. Thus 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

Xiii
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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. Comnunication between 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 depertds

on the UA that initiates the request.

Summary of Changes

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

Changes for Release 81, Guide Version 81. 90

The following section is new for this version:

Ringer Volume on page 841

Major updates have occurred to the following sections:

Physical Features of IFPhoneson page 1
Key Features of IP Phone®n page 14

Connecting the Optional USB Flash Drive(Only Applicable to
SIRT54S/T52S/TA8G/T48SITA6GITA6ST42S/T41STT29G T27G/CP860IP Phones)on page
34

Wi-Fion page 65

Bluetooth on page 205

Call Recording on page 565
Audio Codecs on page 842

Appendix G: Reading Iconson page 1024

Changes for Release 81, Guide Version 81. 71

Documentations of the newly released SIRT54ST52S, CP860IP phonesand EXP50 colorscreen

expansion modules have been added.

Xiv
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The following sections are new for this version:

Connecting the Optional Expansion PSTN Box CPN1QOnly Applicable to CP860 IP Phones)
on page 37

Linekey Length in Short on page 216
PSTNAccount on page 228
Idle Recording on page 566

Cloud on page 570
Major updates have occurred to the following sections:

Missed Call Logon page 339
Auto Answer on page 377
Call Recording on page 565

Ring Toneson page 810

Changes for Release 81, Guide Version 8 1.70

Documentations of the newly released SIRT40G IP phoneshave been added.
The following sections are new for this version:

Page Switch Keyon page 208

Backing up the Call Logon page 335
Major updates have occurred to the following sections:

Upgrading Firmware from the Provisioning Server on page 144
Power Indicator LEDon page 167

Label Lengthon page 213

Call Displayon page 237

Directory Liston page 327

SearchSource List In Dialing on page 330

Missed Call Logon page 339

Customizing a Local Contact Fle on page 342

Auto Answer on page 377

Do Not Disturb (DND) on page 401

Call Forwardon page 437

Call Parkon page 508

Lightweight Directory Access Protocol (LDAP on page 581

Visual Alert and Audio Alert for BLF Pickupon page 601

XV
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Busy Lamp Field(BLF List on page 625
Receiving RTP Streanon page 682

Action URIon page 729

Ring Toneson page 810

Audio Codecs on page 842

Jitter Buffer on page 870

Transport Layer Security(TLS)on page 921
Local Logging on page 948

Syslogon page 956

Changes for Release 81, Guide Version 8 1.20

Major updates have occurred to the following sections:

Wallpaper on page 178

ScreenSaver on page 188

Changes for Release 81, Guide Version 8 1.15

Documentations of the newly released SIRT48S, SIPT46S, SIPT42S, SIPT41S and SIPT27G IP

phones have been added.

The following section is new for this version:
Transparencyon page 185

Major updates have occurred to the following sections:

VPN on page 92
Upgrading Firmware from the Provisioning Server on page 144
Wallpaper on page 178

ScreenSaver on page 188

Power Savingon page 195

Backlight on page 200

Account Registration on page 219

Time and Date on page 243

Language on page 261

Customizing Softkey Layout Template File on page 283

Dial Plan using Digit Map String Ruleson page 309

Call Number Filter on page 506

Xvi
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Calling Line Identification Presentation (CLIP)on page 522
Intercom on page 533

Lightweight Directory Access Protocol (LDAP on page 581
Visual Alert and Audio Alert for BLF Pickupon page 601
ServerRedundancyon page 739

Audio Codecs on page 842

Methods of Transmitting DTMF Digit on page 874
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Product Overview

Product Overview

This chapter contains the following information about IP phones:

SIP IPPhone Models

Expansion Modules

SIP IP Phone Models

This section introduces SIRT54S,SIRT52S,SIRT48GS, SIRT46G S, SIRT42GS, SIRT41RS,
SIRT40RG, SIRT29G,SIRT27RG, SIRT23P/G, SIRT21(P) E2SIRT19(P) E2 and CP86CP phone
models. TheselP phones are endpoints in 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 number of functions, which simplify business communication with a
high standard of security and can work seamlessly with a large number of SIP PBXs

TheselP phones provide a powerful and flexible IP communication solution for Ethernet TCP/IP
networks, delivering excellert 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 Phoneson page 14.

Physical Features of IP Phones

This section lists the available physical features ofSIRT54S,SIRT52S,SIRT48GS, SIRT46G' S,
SIRT42dS, SIRT41RS, SIRT40RG, SIRT29G, SIPT27RG, SIRT23P/G SIRT21(P) E2and
SIRT19(P) Exesktop IP phonesand CP860IP conference phones.


http://www.ietf.org/rfc/rfc3261.txt
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SIP-T54S

Yealink

15:32
1T

Physical Features:

- 4. 3DZ 480 ocolordigphy vpth backlight

- 16 VolP accounts Broadsoft Validated/Asterisk® Compatible

- HD Voice: HD CodecHD 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

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

- Power over Ethernet (IEEE 802.3af)

- Built-in USB port, support wired USB headset, expansion module EXP5QJSB flash drive
wireless USBheadset and Wi-Fi

- Wall Mount
- Hearing aid compatible (HAC) handset

- Bulit-in Bluetooth
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SIP-T52S

Physical Features:

- 2.8DZ20 x 240 pixel color display with backlight

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

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

- 1*RJ9 (4P4C) handseport

- 1*RJ9 (4P4C) headset port

- 2*RJ45 10/1001000Mbps Ethernet ports

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

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

- Power over Ethernet (IEEE 802.3af)

- Built-in USB port, support wired USB headset, expansiormodule EXP5Q USB flash drive
wireless USBheadset and Wi-Fi

- Wall Mount
- Hearing aid compatible (HAC) handset

- Bulit-in Bluetooth
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SIP-T48G/S

yecr//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 USB flash drive Bluetooth headset and Wi-Fi
- Wall Mount

- Hearing aid compatible (HAC) handset (only applicable to SIP-T48S IP phones)
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SIP-T46G/S

Physical Features:

- 4. 3DZ 480 colordigphy vpth backlight

- 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 USB flash drive Bluetooth headset and Wi-Fi
- Wall Mount

- Hearing aid compatible (HAC) handset (only applicable to SIP-T46S IP phones)



Administrator @ Guide for SIRT2 SeriegT19(P) E2/T4 SeriedT5 Series/CP860IP Phones

SIP-T42G/S

)@017/;4.

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 (6P6CEHS36 headset adaptemport

- 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)

- Built-in USB port, support USB flash drive, Bluetooth headset and Wi-Fi (only applicable to
SIRT42S IP phones)

- Wall Mount

- Hearing aid compatible (HAC) handset (only applicable to SIP-T42S IP phones)
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SIP-T41P/S

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 adaptemport

- 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)

- Built-in USB port, support USB flash drive Bluetooth headset and Wi-Fi (only applicable to
SIRTA41S IP phones)

- Wall Mount

- Hearing aid compatible (HAC) handset (only applicable to SIP-T41S IP phones)
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SIP-T40P/G

Yealink

10 =

Physical Features:

- 132 x 64 graphic LCD

- 3 VolP accounts Broadsoft Validated/Asterisk® Compatible
- HD Voice: HDCodec, 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 SIRT40G IP
phones)

- 1*RJ12 (6P6CEHS36 headsetadapter port

- 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. 3DZ 480 colordigphy vpth 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) epansion 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 USB flash drive Bluetooth headset and Wi-Fi
- Wall Mount
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SIP-T27P/G

Physical Feature s:

- 240 x 120 graphic LCD

- 6 VolIP 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*RJ4510/100/1000Mbps Ethernet ports (1000Mbps is only applicable to SIRT27G IP
phones)

- 1*RJ12 (6P6C) expansion module port

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

- Power adapter: AC 100~240V input and DC 5V/1.2A output
- Power over Ethernet (IEEB02.3af)

- Built-in USB port, support USB flash drive Bluetooth headset and Wi-Fi (only applicable to
SIRT27G IP phones)

- Wall Mount
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SIP-T23P/G

Physical Features:

- 132 x 64 graphic LCD with 4-level grayscales

- 3 VoIP 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 10/1001000Mbps 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

11
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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 5V/600mA output
- Power over Ethernet (IEEE 802.3afhot applicable to SIRT21 E2IP phones)
- Wall Mount



Product Overview

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 100~240V input and DC 5V600mA output
- Power over Ethernet (IEEE 802.3afhot applicable to SIRT19 E2IP phones)
- Wall Mount

13
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CP860

Physical Features:

- 192 x 64 graphic LCD

- One VolIP account/Yealink Cloud account and two PSTN accounts
- 20 dedicated hard keys and 4 context-sensitive soft keys

- HD Voice: HD Codec

- 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 LEDindicators

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

- Power over Ethernet (IEEE 802.3af)

Key Features of IP Phones

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, call park, three-way conference, five-way conference (only
applicable to CP860 IP phones)

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

answer.

14
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- Advanced Features: BLF, server redundancy, distinctive ring tonesremote phone
book, LDAP.

Codecs and Voice Features

- Wideband codec: G.722 opus (opus is only applicable to
SIRT54S/T52ST48S/T46S/T42S/TA1SI40P/T40G/T27G/T23P/T23G/T21(P) E2/T19(P)
E2IP phones)

- Narrowband codec: G.711,G.726, G.729, iLBG5723 (G723 isonly applicable to
SIRT54S/T52S/T48G/T48S/T46G T46S/T42G/T42S/T41RAT419T29G/ T27G/CP860IP
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)

Network Features

- SIP vl (RFQ543), v2 (RF(3261)

- NAT Traversal: STUNTURN and ICE

- DTMF: NBAND, RFC2833, SIP INFO

- Proxy mode and peer-to-peer SIP link mode
- IP assignment: Static/DHCP

- VLAN assignment: LLDP/Static/DHCREDP

- 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

SIRT54S/T52S/T48G T48SITA6G T46S/T42S/T41ST29GT27G IP phones)

Management
- FTP/TFTP/HTTP/PnP autprovision
- Configuration: browser/phone/auto -provision
- Direct IP call without SIP proxy
- Dial number via SIP server
- Dial URL via SIP server
- TR 069

Security
- HTTPS (server/client)
- SRTP (RFG711)

- Transport Layer Security (TLS)

15
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- VLAN (802.1q), QoS

- Digest authentication using MD5/MD5 -sess

- Secure configuration file/call log file/contact file via AES encryption
- Phone lock for personal privacy protection

- Admin/ User configuration mode

- 802.1X authentication

- Incoming signaling validation

Note Not all key features described above are supported by CP860 IP phones when using PSTN. For
more information, refer to Yealink CP860 User Guide

Expansion Module s

This sectionintroduces EXP20Q EXP40and EXP50expansion modules. The expansion modules
are consoles you can connect to Yealink IPphones to add DSS ke, which can be used to assign
predefined functionalities for quickly accessing features. If you want to configure the expansion
module keys, you have to connect the expansion module(s) to the IP phone in advance.

The following table lists the supported IP phone models for these expansion modules:

Expansion Module Phone Model
EXP20 SIRT29G/T27RT27G
EXP40 SIRT48G/T48S/T46G/T46S
EXP0 SIRT549T52S

Expansionmodules enable you to handle large volume of calls on a regular basis and expand
the functional capability of your IP phone. For more information on how to connect and use the

expansion module, refer to Yealink EXPspecific user guide.

The following lists the available physical features of the currently supported LCD expansion

modules:

16
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Product Overview

EXP20

Yealink

i Steven

& Rossini Bevan

Physical Features:

- Rich visual experience with 160x 320 graphic LCD

- 20 physical keys each with a dualcolor LED

- 20 additional keys through page switch

- Daisy-chain 6 modules up to 120 physical keys

- Expansion module { 2) is powered by the host phone

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

EXP40

17
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Physical Features:

- Rich visual experience with 160x 320 graphic LCD

- 20 physical keys each with a duatcolor LED

- 20 additional keys through page switch

- Support up to 6 modules daisy-chain

- Expansion module (U 2) is powered by the host phone
- 2*RJ12 (6P6C) portsfor data in and out

- Wall Mount

EXP-0

Physical Features:

- Rich visual experience with480 x 272 color display

- 20 physical keys each with a duatcolor LED

- 40 additional keys through page switch

- Support up to 3 modules daisy-chain

- Only one expansion module is powered by the host phone
- 1*Mini USB portand 1*USB2.0 portfor data in and out

- Wall Mount

18
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Getting Started

This chapter describeswhere Yealink IPphones fit in your network and provides basic
installation instructions of

SIRT54S/T52S/T48G/T48S/TA6GT46ST42G/T42SITA1PT41SIT40P/T40G/T29G/T27P/T27G/T2
3P/T23GT21(P) EZT19(P) E2CP860IP phones.

This chapter providesthe following sections:

What IP PhonesNeed to Meet
Yealink IP Phones in a Network
Connecting the IP Phones
Initialization Process Overview

Verifying Startup

What IP Phones Need to Meet

In order to operate as SIPendpoints 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.

Yealink IP Phones in a Network

Most Yealink IPphones connect physically through a Category 5E (CATSE) cable to a
10/100/1000Mbps Ethernet LAN, and send and receive all data using thesame packetbased

technology. Some phones (e.g., SIPT48G) can connect to the wireless network.

Since the IP phone is a data terminal, digitized audio being just another type of data from its
perspective, the phone is capable of vastly more than traditional business phones. Moreover,
Yealink IPphones run the same protocols as your office personal computer, which means that

many innovative applications can be developed without resorting to specialized technology.

19
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There are many ways to set up a phone network usingYealink IPphones. The following shows
an example of a network setup:

Data Center

Remote |
Application,
Server

Remote \}
Boot y
Server Vf
. ,M\
ﬁ‘_‘#
Firewall
, Boot Server
] Media
Server
S’
N4
7 o
)

Connecting the IP Phones

This section introduces how to install
SIRT54S/T52S/T48G/T48S/IT46GT46ST42G/T42S/TA41PT41S T40R T40G T29G/T27PM27G/T2
3P/T233FT21(P) E2/T19(P) HZP860IP phoneswith components in packaging contents.

1. Attach the stand and the optional wall mount bracket (not applicable to CP860 IP phones)
2. Connect the handset and optional headset (not applicable to CP860 IP phones)

3.  Connect the power and network

20
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4. Connect the optional USBflash drive (only applicable to
SIRT543T529T48S/T48G/TA6ST42S/T41ST46G/T29GIT27GICP860 IP phones)

5. Connect the optional expansion microphones (only applicable to CP860 IP phones)
6. Connect the optional PC or mobile device (only applicable to CP860 IP phones)

7. Conned the optional e xpansion PSTNbox CPN10 (only applicable to CP860 IP phones)
Note The optional accessories are not includedin packaging contents. You need to purchase them
separately if required.
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 SIRT545T52S;

SELEEA LTS

Desk Mount Method

Desk Mount Method

(=] —]
Of |®
2
oU 5 afl o
==
] -—1@

Wall Mount Method (Optional)
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For SIRT48GS:

- -_
[ | ——
| —— [ ——
Desk Mount Method 45"

SIS SIS S

Desk Mount Method

Wall Mount Method (Optional)

Note The top two slots on SIP-T48G'S 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 SIRT46GS:

= =

@ | == =

— [s—

L= [—]
Desk Mount Method TR P TIO

Desk Mount Method

Wall Mount Method (Optional)
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For SIRT42G/T41P/ TA0OR T40G

o = =]

S LSS L LA

Desk Mount Method

Wall Mount Method (Optional)

24



Getting Started

For SIRT42S/T41S

— —
® = =
— —

4°

V4

— —
= =
-— -— o

Desk Mount Method TITIII 77777 7777777777

Desk Mount Method

Wall Mount Method (Optional)
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For SIRT29GT27P/T27G:

@ [ [
[ — 1
-
PGS
—= —
— [=—
= =

Desk Mount Method o

AL

Desk Mount Method

=

\ J/ 1

i || @ || ‘:I_ |
D“_ slwaloiele]

(@] I N = [

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

Desk Mount Method

R
Mount Method
o= @ ==
= "
e J 4_,—-’
N — N\
F:;__ - i—“—"——— . n!

Wall Mount Method  (Optional)
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For SIRT19(P) E2:

SIS LT TE
Desk Mount Method

Desk Mount Method

P LA IS

I Ve
t@‘/ﬂ “Lr@ | |Eﬁ
1* L

Wall Mount Method

Wall Mount Method (Optional)

Note The reversible 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 Wall Mount Quick
Installation Guide for Yealink IP Phones

Connecting the Handset and Optional Headset (not Applicable

to CP860 IP Phones)

To connect the handset and optional headset

For SIRT54ST52S:
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For SIRT48G/T48S/T46GT46S/T29G:
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For SIRT42G/T41HT40P/T40G
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For SIRT42S/T41S
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For SIRT27P:
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For SIRT27G:

[\ 7/ f(_’:\_\
\ /]| |

= «

glI:I —=
0]k k{0
/ _r— | m——)
N ==
Note Wireless headset adapter EHS36 should be purchased separately. For more information on how

to use the EHS360n the IP phone, refer to Yealink EHS36 User Guide

The EXT port on SIPT48G/T48S/T46GT46S IP phones can also be used to connect the expansion
module EXP40.The EXT port on SIPT29G/T27P/T27G IP phones can also be used to connect the
expansion module EXP20For more information on how to connect the EXP40/EXP20, refer to
Yealink EXPspecific user guide

For SIRT23P/T23G T21(P) E2

EE‘“

For SIRT19(P) E2:

—
=Py

Connecting the Power and Network

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

1) Connect the DC plug of the power adapter to the DC5V port on the IP phone and connect
the other end of the power adapter into an electrical power outlet.

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

For
SIRT549T52S T48G/T48S/TA6GITA6ST42G/T42STA1P/T41STA0P/TA0G/T29G/T27PT27G/T2
3P/T23G/T21(P) E2/T19(P) E2:

Power Adapier
(DG 5WV) PG Connection
(Dptional)
|I|
= PC
Ty e "

Jom Internet PC
rm

cla J‘

Power Adapter
(DC 5V)

Internet

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.

You canalso connect the SIRT54ST52S T48G T48S/T46G/T46ST42S/T41SNT29GT27G IP phone
to a wireless network according to your office environment. For more information, refer to
Yealink phone-specific user guide

Power over Ethernet (PoE)

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 SIRT21 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

SIP-T54S/T52S/T48G/T48S/TA6G/TA6S/TA2G/T42S/TA1P/TA1S/TA0P/TA0G/T29G/T27P/T27
GIT23P/T23G/T21(P) E2/T19(P) E2:

PoE { Power over
Ethernet ) Option

PC Connection
[Optional)

For CP860:

0

Internet

=

IEEE 802.3af compliant
PoE Hub/Switch

Note Ifin-l 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. We recommend that you use the Ethernet cable provided
by Yealink.

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 USB Flash Drive (Only Applicable to
SIP-T54S/T52S/T48G/T48S/T46G/T46S/ T42SIT41S/T29G/ T27G

/ CP860 IP Phones)

You can connect a USB flash drive to record and play back callsiFor SIRT54ST52S IP phones,
you can also connect a USB flash drive to display pictures on your phoneand set a picture
stored in the USB flash drive as the wallpaperscreensaver.

Note If you have connected an expansion module to the SIRT54ST52S, the USB port on the
expansion module can be used as that on the IP phone.

If you have connected the expansion PSTN box CPN10 to the CP860, the USB port on the CPN10
can be used as that on the IP phone.

To connect a USB flash drive :

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

For SP-T54S/T52S/T48G/T48S/T46G/T46ST42S/T41ST29GT27G:

\ %

'||I |||'

II @ Lll/—l{ ;.'
% ,ﬂ}

——

— — N
S — =)

S/ A

— —
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For CP86Q
o T\ —
— /_,1’_7—7_1&& T
7 nnp ————
7/,7/';,,44””' eV Internet ":::‘s‘-:}_;\_‘ T
— Temm —T—
| ;UMJ / O ==l
[ ] | = &0 &
USB
Note The USB port can also be used to connectthird party wired USB headset,expansion module

EXP50Bluetooth USB dongle BT40 or WiFi USB dongle WF40. The USB flash drive, BT4hd
WF40should be purchased separately.

Bluetooth USB dongle BT40can only be used on the
SIRT48G/T48SIT46G/T46S/T42S/TA1ST29GT27G IP phones. For more information on how to
use the BT40, refer to Yealink Bluetooth USB Dongle BT4Qser Guide

Wi-Fi USB dongle WF40 can only be used on the
SIRT54S/T52S/T48G/T48ST42S/T41ST46G/T46S/T29GT27G IP phones.For more information
on how to use the WF40, refer to Yealink WiFi USB Dongle WF40 User Guide

The third party wired USB headset and expansion module EXP50 can only be used on the
SIRT54ST52SIP phones.

Connecting the Optional Expansion Microphones (Only

Applicable to CP860 IP Phones)

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

microphones.
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To connect the expansion microphones :

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

on the phone.

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 CP860
conference phone.

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.

PC/Mobile

36



Getting Started

Connecting the Optional Expansion PSTN Box CPN10 (Only
Applicable to CP860 IP Phones)

You can connectoptional expansion PSTN boxCPN10to make callsusing the Public Switched
Telephone Network (PSTN).Up to 2 cascaded PSTNboxes canbe installed to an IP conference
phone.

To connect the expansion PSTN box :

1. Insertthe USB plug on the expansion PSTN boxinto the USB port on the phone.

A PSTN box:

PSTN Port

7

Two PSTN boxes:

Note If you need to record calls when using the PSTN box, you can also connect the USB flash drive to
the USB port on the PSTN box. For more information on how to use PSTN box CPN10, refer to
Yealink PSTN Box CPN10 Quick Start Guide

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:
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Loading the ROM file

The ROM file resides in the flash memory ofthe 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.
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).For more information on VLAN, refer
to VLAN on page 69.

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 be obtained from the DHCP server during initialization:

IP Address

Subnet Mask

Default 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 51.
Contacting the provisioning server

If the IP phone is configured to obtain configurations from the provisioning server, it will
connect to the provisioning server, download the boot file (s) and configuration file(s) during
startup. The 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. For more information, refer to

Setting Up Your Phoneswith a Provisioning Serveron page 121.
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.
You can manuallyupgrade firmware if the IP phone does not download firmware from the
provisioning server. For more information, refer to Upgrading Firmware on page 143.

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.
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The followings show examples of resource files:
Language packs
Ring tones
Contact files

For more information on resource files, refer to ResourceFileson page 135.

Verifying Startup

Note

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] Welcome Initializing A pleasewaitD@ppears on the LCD screen whenthe IP
phone starts up.

If you are using CP860 IP phones, and the phones are first powered on or the phone settings are
reset to factory defaults, the setup wizard will appear on the LCD screen after startup.If not, go
to the next step.

For more information on the setup wizard, refer to Yealink CP860 User Guide

3.  The main LCD screerdisplays the following:

Time and date
Soft key labels

4. PresstheOK/S key or pressMenu ->Status to check the IP phone status, the LCD screen

displaysthe valid IP address, MAC addressfirmware version, etc.

If the IP phone has successfuly passed through these steps, it starts up properly and is ready for
use.
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Setting Up Your System

This sectiondescribes essential information on how to set up your phone network and set up your
phones with a provisioning server. It also provides instructions on how to set up a provisioning
server, how to deploy Yealink IPphones from the provisioning server, how to upgrade firmware,
and how to keep user personalized settings after auto provisioning .

This chapter provides the following sections:

Setting Up Your Phone Network

Setting Up Your Phoneswith a Provisioning Server

Setting Up Your Phone Network

Yealnk IP phones operate on an Ethernet local area network (LAN) orwireless network. Local
area network design varies by organization and Yealink IPphones can be configured to
accommodate a number of network designs.

In order to get your IP phones running, you must perform basic network setup, such as IP
address and subnet mask configuration. You can configure the IPv4 or IPv6 network parameters
for the phone. You can also configure the appropriate security (VLAN and/or 802.1X

authentication) and Quality of Service (QoS) settingsfor the IP phone.

This chapter describes how to configure all the network parameters for IP phones, and it

provides the following sections:

DHCP

DHCP Option

Configuring Network ParametersManually
Configuring TransmissionMethods of the Internet Port and PCPort
Configuring PC Port Mode

Web ServerType

Wi-Fi

VLAN

IPv6 Support

VPN

Network Address Translation(NAT)
Quality of Service(QoS)

802.1XAuthentication
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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 hos ts
eases the administrative burden of maintaining an IP network. IP phones comply with the DHCP
specifications documented in RFC 2131 If using DHCP, IP phones connected to the network
become operational without having to be manually assigned IP addresses and additional

network parameters.

Procedure

DHCP can be configuredusing the following methods.

Configure DHCP on the IP phone.
Central Provisioning
<MAC>.cfg Parameter:
(Configuration File)

static.network.internet_port.type

Configure DHCP on the IP phone.

Navigate to:
Web User Interface

http://<phonelPAddress>/serviet?p=network

&g=load

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

Parameter Permitted Values Default
static. network.internet_port.type Oor2 0
Description :
Configures the Internet port type for IPv4.
0-DHCP
2-Static IP Address
Note:l t wor ks only i f t hestatiwnae tuneo rokf. itph_ea dodarreasn

(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->Advanced (default password: admin) ->Network ->WAN Port->IPv4
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To configure DHCP via web user interface:

1. Click on Network ->Basic.

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

Yealink | vas

Basic

PC Port

Account

Internet Port

Mode(IPv4/IPv6)

NAT

1Pv4 Config

®  DHCP 0

Advanced

WiFi

Static IP Address
1P Address

Subnet Mask

Network

@

Pvd v

—
—

Log Out
English(English) v

Directory

NOTE

DHCP

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

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

3. Click Confirm to accept the change.

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

4. Click OK to reboot the phone.

To configure DHCP via phone user interface:

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

2.  Press @ or@ , or theSwitch soft key to select the DHCP from the Type field.

3. Press theSave soft key to accept the change.

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

4. Click OK to reboot the phone.

Static DNS

Static DNS address(es) can be configured and usedeven though DHCP is enabled

Procedure

Static DNScan be configured using the following methods.

Central Provisioning

(Configuration File)

<y0000000000xx%.c

Configure the static DNS feature.

Parameter :

fg
static.network.static_dns_enable
Configure static DNS address.
Parameters:

<MAC>.cfg

static.network.primary_dns

static.network.secondary_dns

Web User Interface

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

http://<phonelPAddress>/servlet?p=netwo
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rk&g=load

Configure the static DNS feature.
Phone User Interface
Configure static DNS address.

Details of Configuration Parameters:

Parameter s Permitted Values Default

static. network.static_dns_enable Oor1l 0

Description :

Triggers the static DNS feature to on or off.

0-Off

1-On

If it is set to 0 (Off), the IP phone will use the IPv4 DNSobtained from DHCP.
If it is set to 1 (On), the IP phone will use manually configured static IPv4DNS.

Note:l t wor ks only i f t hetatiwmad tuveo rokf. itrhtee rprae ta_n
0 (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->Advanced (default password: admin) ->Network ->WAN Port->IPv4->Type
(DHCP}>Static DNS

static. network.primary_dns IPv4 Address Blank

Description :

Configures the primary IPv4 DNS server
Example:

static.network.primary_dns = 202.101.103.55

Note : It works only if the value of the parameter " static.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->Advanced (default password: admin) ->Network ->WAN Port->IPv4->Type
(DHCP)>Static DNS (Enabled)->PriDNS

static. network.secondary_dns IPv4 Address Blank
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Parameter s Permitted Values Default

Description :

Configures the secondary IPv4 DNS server
Example:
static.network.secondary_dns=202.101.103.54

Note : It works only if the value of the parameter " static.network.static_dns_enable" is setto 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
Phone User Interface:

Menu->Advanced (default password: admin) ->Network ->WAN Port->IPv4->Type
(DHCP}>Static DNS (Enabled)->SecDNS

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

1. Click on Network ->Basic.

2. Inthe IPv4 Config block, mark the DHCP radio box.
3. Inthe Static DNS block, mark the On radio box.
4

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

Log Out
- English(English) v
Yealink | rss PR
Account Network Directory
e Internet Port NOTE
Mode(IPv4/IPve) Py @
PC Port DHCP
IPv4 Config DHCP (Dynamic Host
Configuration Protocol) is 3
NAT ® DHCP @ network protocol used to
dynamically allocate network
Advanced Static IP Address @) parameters to IP phones.
Static IP Address
WiFi TP Address Specifies the network
parameters of IP phones
Subnet Mask rrienuzly.
Default Gateway PPPOE
It allows users to share a
Static DNS ® on off @ common DSL connection to the
Internet.
Primary DNS 202.101.103.55
Secondary DNS 202.101.103.54 IPv6 Support
IPv6 is developed to deal with

5. Click Confirm to accept the change.
A dialog box pops up to prompt that the 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->Advanced (default password: admin) ->Network ->WAN Port ->1Pv4.
Press@ or @ , or the Switch soft key to select the DHCP from the Type field.
Press@ or @ , or the Switch soft key to select the Enabled from the Static DNS field.

A w DN

Enter the desired value in the Pri.DNS and Sec.DNS field respectively.
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5. Press theSave soft key to accept the change.
A dialog box pops up to prompt that the settings will take effect after a reboot.

6. Click OK to reboot the phone.

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 f ield of

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 clientds 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 on the
Router 3 )
clientds 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.
Specify the broadcast address in use on the
Broadcast Address 28 ]
client's subnet.
Network Time 2 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
TFTP Server Name 66 Identify a TFTP server when the 'sname’ field in
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Parameter DHCP Option Description

the DHCP header has been used for DHCP

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 RFC 2131or RFC 2132

If you do not have the ability to configure the DHCP options for discovering the provisioning
server on the DHCP serveran alternate method of automatically discovering the provisioning
server address is required.Connecting to the secondary DHCP server that responds to DHCP
INFORM queries with a requested provisioning server address is one possibility. For more
information, refer to RFC 3925If a single alternate DHCP server responds, this is functionally
equivalent to the scenario where the primary DHCP server responds with a validprovisioning
serveraddress. If no DHCP serves respond, the INFORM query process will retry and eventually

time out.

DHCP Option 66 and Option 43

Yealink IP phones 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 © identify the TFTP server. 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 configuredusing the following methods.

Central Configure DHCP active.
L <y0000000000x»>
Provisioning Parameter :
.cfg
(Configuration File) static.auto_provision.dhcp_option.enable

Configure DHCP active.

Navigate to:
Web User Interface

http://<phonelPAddress>/servlet?p=settings -
autop&qg=load

Details of Configuration Parameter

Parameter Permitted Values Default

static. auto_provision.dhcp_option.enable Oor1l 1
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Parameter Permitted Values Default

Description :

Triggers the DHCPactive feature to on or off.
0-Off

1-On

If it is 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
English(English) ¥

Yealink | s

Account Settings Directory

e Auto Provision NOTE
PNP Active ® On off @
Time & Date Auto Provision
DHCP Active @ on off @ | The IP phone can interoperate
Call Displa with provsioning server using
play Custom Option(128~254) admin @ auto provisioning for deploying
the IP phones.
Upgrade DHCP Option Value yealink (7]

When the IP phone triggers to
perform auto provisioning, it wil
request to download the
configuration files from the
provisioning server. During the
auto provisioning process, the
1P phone will download and

Auto Provision Server URL

Configuration

7]
User Name [7]
(7]

Password [ ‘

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

c | isesubhedin 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 Server on page 244.

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

local domain name (based on RFC 213). SeeRFC 1035for character restrictions.
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Procedure

DHCPoption 12 hostname can be configured using the following methods.

Configure the DHCPoption 12

Central Provisioning hostname.
<y0000000000x»%.cfg
(Configuration File) Parameter :

static.network.dhcp_host_name

Configure the DHCPoption 12

hostname.
Web User Interface Navigate to:

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

eatures-general&g=Iload

Details of Configuration Parameter

Parameter Permitted Values Default

) String within 99 Refer to the
static. network.dhcp_host_name

characters following content

Description :

Configures the DHCP option 12 hostname on the IP phone.
For SIP-T54S IP phones:

The default value is SIPT548S.
For SIP-T52S IP phones:

The default value is SIPT52S.
For SIP-T48G IP phones:
The default value is SIPT48G.
For SIP-T48S IP phones:

The default value is SIPT48S.
For SIP-T46G IP phones:
The default value is SIPT46G.
For SIP-T46S IP phones:

The default value is SIPT46S.
For SIP-T42G IP phones:

The default value is SIPT42G.
For SIP-T42S IP phones:

The default value is SIPT42S.

For SIP-T41P IP phones:
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Parameter Permitted Values Default

The default value is SIPT41P.
For SIP-T41S IP phones:

The default value is SIPT41S.
For SIP-T40P IP phones:

The default value is SIPT40P.
For SIP-T40G IP phones:

The default value is SIPT40G.
For SIP-T29G IP phones:

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

The default value is SIPT27P.
For SIP-T27G IP phones:

The default value is SIPT27G.
For SIP-T23P IP phones:

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

The default value is SIPT23G.
For SIP-T21P E2 IP phones:
The default value is SIPT21P_E2.
For SIP-T21 E2 IP phones:

The default value is SIPT21 E2.
For SIP-T19P E2 IP phones:
The default value is SIPT19P_E2.
For SIP-T19 E2 IP phones:

The default value is SIPT19 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 Features->General Information .
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2. Enter the desired host name in the DHCP Hostname field.

Yealink | v

Forward&DND

General
Information

Audio

Intercom
Transfer

Call Pickup
Remote Control
Phone Lock
ACD

SMs

Action URL
Power LED

Notification Popups

| Account || metwork ||

General Information
Call Waiting
Call Waiting On Code
Call Waiting Off Code
Auto Redial
Auto Redil Interval (1~300s)

Auto Redial Times (1~300)

Voice Mal Tone

Logout |

English{English) -

Dsskey | Directory Security [

NOTE

Enabled E|
Call Waiting
It allows IP phones to receive a
new incoming call when there is
already an active call.

Disabled - Auto Redial
sane It alows IP phones to

10 automatically redial a busy
number after the first attempt.

10 Key As Send

Assigns "#" or "*" as the send

key.

Hotline
IP phone will automatically dial

DHCP Hostname

Reboot in Talking
Hide Feature Access Codes
Display Method on Dialing

Auto Linekeys

out the hotline number when
Enabled EI lifting the handset, pressing the
SIP-T460 izs?karphone key or the line
Disabled [+] Call Completion

It allows users to monitor the
Disabled [=] busy party and establish a call

when the busy party becomes
User Name [+l avaiable to receive a call.
Disabled [=] You can click here to get

more guides.

3. Click Confirm to accept the change.

A dialog box pops up to prompt that the 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 following methods.

Central Provisioning

(Configuration File)

<MAC>.cfg

Configure network parameters of the IP phone

manually.

Parameters:
static.network.internet_port.type
static.network.ip_address_mode
static.network.internet_port.ip

static.network.internet_port.mask
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static.network.internet_port.gateway

static.network.primary_dns

static.network.secondary_dns

Web User Interface

Configure network parameters of the IP phone

manually.

Navigate to :

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

=load

Phone User Interface

Configure network parameters of the IP phone

manually.

Details of Configuration Parameters:

Parameter s

Permitted Values

Default

static. network.internet_port.type

Oor2

Description :

Configures the Internet port type for IPv4.

0-DHCP
2-Static IP Address

Note:l' t wor ks only

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

t h statiwnael tuneo rokf. itph_ea dpdarr easn

static. network.ip_address_mode

0,1o0r2

Description :

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:
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Parameter s Permitted Values Default

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

static. network.internet_port.ip IPv4 Address Blank

Description :

Configures the IPv4 address.

Example:

static.network.internet_port.ip = 192.168.1.20

Note:l t wor ks only i f t hetatiwnael tuneo rokf. itph_ea dpdarr easn
(IPv4) or 2 (IPv4 & IPv6), andstaticn et wor k. i nt er net _(Static P Addregs)e
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->IP Address
Phone User Interface:

Menu->Advanced (default password: admin) ->Network ->WAN Port->IPv4->Type (Static
IP)->IP Address

static. network.internet_port.mask Subnet Mask Blank

Description :

Configures the IPv4 subnet mask.

Example:

static.network.internet_port.mask = 255.255.255.0

Note: 1 t wor ks only i f t hstatiznael tuneo rokf. itph_ea dpdarreasn
(IPv4) or 2 (IPv4 & IPv6), andstaticn et wor k. i nt er net _ (Static P Addregs)e

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>Subnet Mask

Phone User Interface:

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

static. network.internet_port.gateway IPv4 Address Blank

Description :
Configures the IPv4 default gateway.
Example:

static.network.internet_port.gateway = 192.168.1.254

Note:l t wor ks only i f t hetatiznael tuneo rokf. itph_ea dpdarreasn
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Parameter s Permitted Values Default

(IPv4) or 2 (IPv4 & IPv6), andstaticn et wor k. i nt er net _(Static P Addregs)e
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>Default Gateway
Phone User Interface:

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

static. network.primary_dns IPv4 Address Blank

Description :

Configures the primary IPv4 DNS server.
Example:

static.network.primary_dns = 202.101.103.55

Note:l t wor ks only i f t hetatiwnael tuneo rokf. itph_ea dpdarr easn
(IPvd)or2¢ Pv4 & | Btatiénet vanrdk .Ji nt e risrset to 2 (Static 1P Addrgss)e
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->Advanced (default password: admin) ->Network->WAN Port->IPv4->Type (Static
IP)->PriDNS

static. network.secondary_dns IPv4 Address Blank

Description :

Configures the secondary IPv4 DNS server.
Example:

static.network.secondary_dns= 202.101.103.54

Note : It works only if the value ofthe p ar a metatemef wor k. i p_addr es
(IPvd)or2( Pv4 & | Btatibnet vaanrdk .Ji nt e risrset to 2 (Static IP Addsegs)e
If you change this parameter, the IP phone will reboot to make the change take effect.

Web User Inter face:
Network->Basic >IPv4 Config->Static IP Address>Secondary DNS
Phone User Interface:

Menu->Advanced (default password: admin) ->Network ->WAN Port->IPv4->Type (Static
IP)->SecDNS
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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) .

Log Out

English(English) v

Yealink | v

Account Dsskey Features Settings Directory Security

| Mode(IPvé4/IPvE) 1Pv4 & IPvE v 0 |
PC Port DHCP
IPv4 Config DHCP (Dynamic Host
NAT Configuration Protocol) is a
®  DHCP e network protocol used to

dynamically alocate network

3. Click Confirm to accept the change.
A dialog box pops up to prompt that the 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 Network ->Basic.
2. Inthe IPv4 Config block, mark the Static IP Address radio box.

3. Enterthe desired values in the IP Address, Sub net Ma sk, Default Gateway , Primary DNS
and Secondary DNS fields.

Log Out
English(English) ¥

Yealink | s

Account Dsskey Features Settings Directory Security
e Internet Port NOTE
Mode(IPvd/TPvE) 1Pv4 & IPv6 v 0
PC Port DHCP
IPv4 Config DHCP (Dynamic Host
NAT Configuration Protocol) is a
DHCP 0 network protocol used to
dynamically alocate network
Advanced ® static P Address @) EEMHED D I peTe
Static IP Address
WiFi IP Address 192.168.1.20 Spacifies the network
it f IP phi
Subnet Mask 255.255.255.0 ety enenes
Default Gateway 192.168.1.254 PPPoOE
It allows users to share a
Static DNS On off @ common DSL connection to the
Internet.
Primary DNS 202.101.103.55
Secondary DNS 202.101.103.54 IPv6 Support
1Pv6 is developed to deal with

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

5. Click OK to reboot the phone.
To configure the IP address mode via phone user interface:

1. PressMenu->Advanced (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.

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

4. Click OK to reboot the phone.
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To configure a stat ic IPv4 address via phone user interface:

1. PressMenu->Advanced (default password: admin) ->Network ->WAN Port ->1Pv4.
2. Press@ or @ , or the Switch soft key to select the Static IP from the Type field.

3. Enter the desired value in the IP Address, Subnet Mask, Default Gateway, Pri.DNS and
Sec.DNS field respectively.

4. Press theSave soft key to accept the change.
A dialog box pops up to prompt that the settings will take effect after a reboot.

5. Click OK to reboot the phone.

Configuring Transmission Methods of the Internet Port and PC

Port

56

Yealink

SIRT548T525 T48G/T48S/TA6GT46ST42G/T42S/TA1PT41S/TA0P/TA0G/T29G/T27PT27G/T2
3P/T23G/T21(P) E2/T19(P) E2 IP phones support two Ethernet ports: Internet port and PC port.
The CP860 IP phoneshave Internet port only. You can enable or disable the PC port on the IP
phones. Three optional methods of transmission configuration for IP phone Internet port or PC
port:

Auto-negotiate
Half-duplex
Full-duplex

Auto-negotiate is configured for both Intern et and PC ports 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 sharihg 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.
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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 20Mbps or 100Mbps.

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 receivingdata. 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

SIRT54ST52S/ T48G/T48S/TA6Q@T46S/T42GIT42S/T40G/T29G/T27G/T23G IP phones)

The transmission methods of Ethernet ports can be configured using the following methods.

Procedure

Configure the transmission methods of the

Ethernet ports.

Central Provisioning <y0000000000x%>.c
Parameters:

(Configuration File) fg ) )
static.network.internet_port.speed_duplex

static.network.pc_port.speed_duplex
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Web User Interface Navigate to :

Ethernet ports.

k-adv&g=load

Configure the transmission methods of the

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

Details of Configuration Parameters:

Parameter s

Permitted Values

Default

static. network.internet_port.speed_duplex

0,1,2,3,40r5

Description :

Configures the transmission method of the Internet port.

0-Auto Negotiation
1-Full Duplex 10Mbps
2-Full Duplex 100Mbps
3-Half Duplex 10Mbps
4-Half Duplex 100Mbps

5-Full Duplex 1000Mbps (only applicable to

SIRT54S/T52S/T48G/T48S/T46GT46S/T42GIT42S/T40G/T29G/T27G/T23GIP phones)

Note : For SIRT54S/T52S/T48G/T48S/T4A6GT46S/T42G/T42S/TA0G/T29G/T27G/T23G IP
phones, you can setthe transmission speed to 1000Mbps/Auto Negotiation to transmit 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 t ake effect.
Web User Interface:

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

None

static. network.pc_port.speed_duplex

0,1,2,3,40r5

Description :

Configures the transmission method of the PCport.

0-Auto Negotiation
1-Full Duplex 10Mbps
2-Full Duplex 100Mbps
3-Half Duplex 10Mbps
4-Half Duplex 100Mbps
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Parameter s Permitted Values Default

5-Full Duplex 1000Mbps (only applicable to
SIRT543T529 T48G/T48S/TA6GT46S/TA2G/T42S/TA0G/T29G/T27G/T23G IP phones)

Note : It works only if the value of the parameter jstatich et wor k. pc _@gsettol e
(Auto Negotiation ). It is not applicable to CP860 IP phones.For

SIRT54ST52S T48G/T48S/TA6GT46S/T42GIT42SIT40G/T29G/T27G/T23G IP phonesyou
can setthe transmission speedto 1000Mbps/Auto Negotiation to transmit in 2000Mbps 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->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 |
- English(English) v
Yealink | R
Account i Directory
= LLDP
T (2] NOTE
Active Enabled v
PC Port VLAN
Packet Interval (1~3600s) It is used to logically divide a
NAT physical network into several
CDP @ broadcast domains. VLAN
membership can be configured
Advanced Active Disabled v through software instead of
phvsialhf relocating devices or
e Packet Interval (1-3600s) 60 cannections.
The priority of VLAN assignment
prEn 0 method (from highest to
) lowest) :LLDP/CDP-=manual
WAN Port Active Disabled A configuration->DHCP VLAN
VID (1-4094) 1 HAT Traversal
It is a general term for
Priority 1] v technigues that establish and
maintain IP connections
PC Port Active Disabled v traversing NAT gateways. STUN
is one of the NAT traversal
VID (1-4004) 1 technigues.
; You can configure MAT traversal
Priority 0 T for the IP phone.
DHCP VLAN Active Enabled M Quality of Service (QoS)
It is the abilty to provide
Option (1-255) 132 different priorities for different
. packets in the network,
PortLink @ alowing the transport of traffic
with special requirements.
WAN Port Link Auto Negotiation v
‘Web Server Type
PC Port Link Auto Megotiation v It determines access protocol
and port of the 1P phone’s web

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

5. Click OK to reboot the phone .

59



Administrator @ Guide for SIRT2 SeriedT19(P) E2/T4 SeriedT5 Series/CP860IP Phones

Configuring PC Port Mode

The PC port onthe back of the IP phone is used to connect a PC You can enable or disable the
PC port on the IP phones via 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 following methods .

Configure the PC port.
Central Provisioning
<y0000000000x»%.cfg Parameter:
(Configuration File)
static.network.pc_port.enable

Configure the PC port.

Navigate to :
Web User Interface

http://<phonelPAddress>/serviet?p
=network -pcport&g=Iload

Details of C onfiguration Parameter

Parameter Permitted Values Default

static. network. pc_port.enable Oor1l 1

Description :

Enables or disablesthe PC port.
0-Disabled

1-Auto Negotiation

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 Negotiation from the pull -down list of PC Port Active .

Log Out |
English(English) v

Yealink | v

Account Dsskey Features Settings Directory Security

Basic PC Port Active NOTE
PC Port Active Auto Negotiation v 0

PC Port PC Port Mode

The PC port on the back of the
Confirm Cancel

NAT IPPC.phune is used to connect a

Advanced You can enable or disable the
PC (LAN) port.

WiFi

You can click here to get
more guides.

3. Click Confirm to accept the change.
A dialog box pops up to prompt that the 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

English(English) v

Yealink | v

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
Confirm Cancel
NAT 'I’Pc.uhnne is used to connect a
Advanced You can enable or disable the

PC (LAN) port.

WiFi You can click here to get

more guides.

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

4. Click OK to reboot the phone.

Web Server Type

Users canconfigure the user or administrator features of the phone via web user interface. Web
server type determines access protocol of the IP phone® web user interface IP phones support
both HTTP and HTTPS protocoldor accessing the web user interface. This can be disabledwhen
it is not needed or when it poses a security threat. For more information on accessing the web

user interface, refer to Web User Interfaceon page 130.

HTTP isan application protocol that runs on top of the TCP/IP suite of protocols . HTTPS is a web
protocol that encrypts and decrypts user page requests as well aspages returned by the web

server. Both HTTP and HTTPS port numbers are configurable.
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When you enable user to access web user interface of the IP phone using the HTTP/HTTPS
protocol (take HTTPSprotocol for example):

https://10.10.20.24 c Google <Ctrl+K=> & B ¥

Login Gigabit Color IP Phone SIP-T46G

Username admin
Password esees

When you disable user to access web user interface of the IP phone using the HTTP/HTTPS
protocol (take HTTPSprotocol for example):

https://10.10.20.24 c Goagle <Ctrl+k> B 4+ f @ =1

Unable to connect

Firefox can't establish a connection to the server at 10.10.20.24.

Procedure

Web server type can be configured using the following methods.

Configure the web access type, HTTP
port and HTTPS port.

Parameters:

Central Provisioning ) _
<y0000000000xx>.cfg static.wui.http_enable

(Configuration File) )
static.network.port.http

static.wui.https_enable

static.network.port.http s

Configure the web access type, HTTP
port and HTTPSport.

Web User Interface Navigate to :

http://<phonelPAddress>/serviet?p=
network-advé&q=load
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Configure the web access type, HTTP
port and HTTPS port.

Phone User Interface

Details of Configuration Parameters:

Parameter s Permitted Values Default

static. wui.http_enable Oorl 1

Description :

Enables or disables the user to access web user interface of the IP phone using the HTTP

protocol.

0-Disabled

1-Enabled

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

Network->Advanced->Web Server->HTTP

Phone User Interface:

Menu->Advanced (default password: admin) ->Network->Web Server->HTTP Status

static. network.port.http Integer from 1 to 65535 80

Description :

Configures the HTTP port for the user to access webuser interface of the IP phone using the
HTTP protocol.

Note : Please take care whenchoosing an alternate port. If you change this parameter, the IP

phone will reboot to make the change take effect.

Web User Interface:

Network->Advanced->Web Server->HTTP Port (1~65535)
Phone User Interface:

Menu->Advanced (default password: admin) ->Network->Web Server->HTTP Port

static. wui.https_enable Oorl 1

Description :

Enables or disables the user to access web user interface of the IP phone using the HTTPS

protocol.
0-Disabled
1-Enabled

Note : If you change this parameter, the IP phone will reboot to make the change take effect.
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Parameter s Permitted Values Default

Web User Interface:
Network->Advanced->Web Server->HTTPS
Phone User Interface:

Menu->Advanced (default password: admin) ->Network->Web Server->HTTPS Status

static. network.port.http s Integer from 1 to 65535 443

Description :

Configures the HTTPS port for the user to access web user interface of the IP phone using
the HTTPS protocol.

Note : Please take care whenchoosing an alternate port. If you change this parameter, the IP
phone will reboot to make the change take effect.

Web User Interface:
Network->Advanced->Web Server->HTTPS Port(1~65535)
Phone User Interface:

Menu->Advanced (default password: admin) ->Network->Web Server->HTTPSPort

To configure web server type via web user interface:

p WD

Click on Network ->Advanced .
Select the desired value from the pull-down list of HTTP.
Enter the desired HTTP port number in the HTTP Port (1~65535) field.

Select the desired value from the pull-down list of HTTPS
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Wi-Fi

5. Enter the desired HTTPS port number in the HTTPS Port (1~65535) field.

Loa Out

Yealink | vssc

Dsskey Features Settings Directory Security

Basic [ NOTE
Active Enzbled (=]

gI

PC Port VI

Packet Interval (1~3600s) &0 Tt s used to logically divide a
physical network into several

NAT cop broadcast domains. VLAN
membership can be conﬁgu;ed

W through software instead of
peve pebled [=] physically relocating devices or
connections.

Advanced
Packet Interval (1~3600s) 60

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

WAN Port Active Dsabled [=] configuration->DHCP VLAN

VID (1-4094) 1 NAT Traversal
Tt s a general term for
technigues that estabish and
maintain IP connections
traversng NAT gateways. STUN
- & one of the NAT traversal
Web Server technigues.

HTTP Enabled [=] You can configure NAT traversal
for the IP phone.

Quality of Service (QoS)
It & the abiity to provide
different priorities for different
= packets in the network,
HTTPS Port (1~65535) 443 allowing the transport of traffic
VN with spedial requirements.

HTTP Port (1~65535) 80

HTTPS Enabled [«

Active Enabled ] Web Server Type
It determinas access protocol

Browse... | and port of the IP phone’s web

Upload VPN Config - = user interface
(Upioad )

802.1X Authentication

= 1 It offers an authentication
[_confim ] [ Concel ] mechanian for the 16 nhone to

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

7. Click OK to reboot the phone.
To configure web server type via phone user interface:

1. PressMenu->Advanced (default password: admin) ->Network ->Web Server.

2. Press@ or @ , or the Switch soft key to select the desired value from the HTTP Status
field.

3. Enter the desired HTTP port number in the HTTP Port field.

4. Press@ or @ , or the Switch soft key to select the desired value from the HTTPS
Status field.

5. Enter the desired HTTPS port number in theHTTPSPort field.
6. Press theSave soft key to accept the change.
A dialog box pops up to prompt that the settings will take effect after a reboot.

7. Click OK to reboot the phone.

Wi-Fi feature enablesuserstoc onnect their phones t onetwtrkeTher gani zati o
wireless network is more convenient and cost-effective than wired network . Wi-Fi feature is only
applicable to SIRT54S/T52S/T48G/T48S/T46GT46S/ T42S/T41ST29GT27G IP phones.

When the Wi-Fi feature is enabled, the IP phone will automatically scan the available wireless
networks. All the available wireless networkswill display in scanning list on the LCDscreen. You
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can store up to 5 frequently-used wireless networks on your phone and specify the priority for
them.

Note To use WiFi feature, make sure the WiFi USB dongle is properlyconnected 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.

Procedure

Wi-Fi feature can be configured using the following methods.

Configure Wi-Fifeature.
Parameter:

static.wifi.enable

Configure the Wi-Fi settings.
S Parameters:

Central Provisioning <y0000000000xx>.c
) ) ) static.wifi.X.label
(Configuration File) fg
static.wifi.X.ssid
static.wifi.X.priority
static.wifi.X.security_mode
static.wifi.X.cipher_type

static.wifi.X.password

Configure Wi-Fifeature.
Configure the Wi-Fi settings.

Web User Interface Navigate to :

http://<phonelPAddress>/serviet?p=netwo
rk-wifi&g=load

Configure Wi-Fifeature.
Phone User Interface
Configure the Wi-Fi settings.

Details of the Configuration Parameter s:

Parameter s Permitted Values Default

static. wifi.enable Oorl 0

Description :
Enables or disables the WiFi feature.

0-Disabled
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Parameter s Permitted Values Default

1-Enabled

Note: It is only applicable to SIRT54ST525 T48G/T48S/TA6GT46S/T42S/T41ST29GT27G
IP phones.

Web User Interface:
Network->Wi-Fi>Wi-Fi Active
Phone User Interface:

Menu->Basic->Wi-Fi>Wi-Fi

static. wifi.X.label String within 32
Blank
(X ranges from 1 to 5) characters
Description :
Configures the profile name of the wirelessnetwork X for the IP phone.
Note : It works only if the value of the parameter jstaticwi f i . dsrset to [l (Emabled).It is

only applicable to SIP-T54S/T52S/T48G/T48S/TA6G/T46ST42S/T41ST29GT27G IP phones.
Web User Interface:

Network->Wi-Fi>Profile Name

Phone User Interface:

Menu->Basic->Wi-Fi>Wi-Fi (On)>Add ->Profile Name

static. 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 Jstaticwi f i . dsrset to fl gEmabled).It is
only applicable to SIP-T54S/T52S/T48G/T48S/T46G/T46SI42S/T41$T29GT27G IP phones.

Web User Interface:
Network->Wi-Fi>SSID
Phone User Interface:

Menu->Basic->Wi-Fi>Wi-Fi (On}>Add ->SSID

static. wifi.X.priority
Integer from1to 5 1
(X ranges from 1 to 5)

Description :
Configures the priority for the wirelessnetwork X for the IP phone.

5 is the highest priority, 1 is the lowest priority.

Note : It works only if the value of the parameter jstaticwi f i . asrset to [l Elmabled).lt is
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Parameter s Permitted Values Default

only applicable to SIP-T543T525/ T48G/T48S/T46G/T46SI42S/T41ST29GT27G IP phones.
Web User Interface:
Network->Wi-Fi->Change Priority

Phone User Interface:

None
static. wifi.X.security_mode NONE, WEP, WPA-PSK
NONE
(X ranges from 1 to 5) or WPA2-PSK
Description :
Configures the security mode of the wireless network X.
Note : It works only if the value of the parameter jstaticwi f i . dsrset to [l Emabled).It is

only applicable to SIP-T543T529 T48G/T48S/T46G/T46ST42S/T41ST29GT27G IP phones.
Web User Interface:

Network->Wi-Fi>Secure Mode

Phone User Interface:

Menu-> Basic >Wi-Fi>Wi-Fi (On)->Add - > Security Mode

static. 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

Note : It works only if the value of the parameter jstaticwi f i . dasrset to il gElRabled)and

Jstaticwi f i . X. s e ciusetitotWPA-RIKdreMPA2-PSK It is only applicable to
SIRT54S/T52S/T48G/T48S/TA6G/TA6ST42S/TA41ST29GT27G IP phones

Web User Interface:
Network->Wi-Fi->Cipher Type
Phone User Interface:

Menu->Basic->Wi-Fi>Wi-Fi (On)->Add ->Cipher Type

static. wifi.X.password String within 64
Blank
(X ranges from 1 to 5) characters
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Parameter s Permitted Values Default

Description :
Configures the password of the wireless network X.

Note : It works only if the value of the parameter jstaticwi f i . dsrset to [l gEabled) and
jstaticwi f i . X. s e cissetitotWEP, WBAJdRSREr WPA2-PSK It is only applicable to
SIRT54S/T52S/T48G/T48S/TA6G/TA46ST42S/T41ST29GT27G IP phones.

Web User Interface:
Network ->Wi-Fi>PSK
Phone User Interface:

Menu->Basic->Wi-Fi>Wi-Fi (On)->Add ->WPA Shared Key

To enable the Wi -Fi feature via web user interface:

1. Click on Network ->Wi-Fi.

2. SelectEnabled from the pull -down list of Wi-Fi Active .

Log Out

Yealink | vses

Status Account i Directory Security

o [wi-i actve Enabled ) NOTE

= = = o e ’ Wi-Fi
Wi-Fi s a popular wireless

Testfor2 Testfor2 WPA2 PSK AES B e e T
uses radio waves to provide
wireless high-speed Intemnet
Advanced and network connections. You

can activate/deactivate the
Wi-Fi Wi-Fi mode on the 1P phone,
and then connect your phone
to the desired wireless network.

PC Port

NAT

3. Click Confirm 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 WD

Select the desired value from the pull-down list of Secure Mode .

- If you select WEP:

1) Enter the desired password in the PSKfield.

- If you select WPA-PSKor WPA2-PSK

1) Select the desired value(TKIP, AESor TKIP AES) from the pull -down list of the
Cipher Type .
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2) Enter the desired password in the PSKfield.

Log Out
- English(English} -
Yealink | s
Status Account Dsskey Features Settings Directory Security
Basic Wi-Fi Active Enabled - 9 NOTE
b port BT
Wi-Fi is 2 popular wireless
Testfor2 Testfor2 WPA2 PSK AES
NAT estior estior: o networking technology that
uses radio waves to provide
wireless high-speed Internet
Advanced and network connections. You
can activate/deactivate the
Wi-Fi Wi-Fi mode on the IP phone,
and then connect your phone
to the desired wireless network.
e Priority E] You can click here to get
more guides.
Profile Name Test Q@
SSID Test e
Secure Mode WPA PSK AN 7 ]
Cipher Type TKIP - e
PSK e
Adg Edt

5. Click Add to accept the change.

6. Repeatsteps 2 to 5 to add more wireless networks.
To adjust the priority of the added wireless network via web user interface:

1. Clickon Network ->Wi-Fi.

2. Click to select the desired wireless network which you want to adjust the priority, and then

click[ 1 ] or :

Log Out

Yealink | s

Account Features Settings Directory Security

Basic Wi-Fi Active Enabled - @ NOTE

PC Port wi-Fi

Testfor2 Testfor2 WPAZ PSK AES @ U LE 2 pog ke es
networking technology that
NAT
uses radio waves to provide
wireless high-speed Internet
Advanced and network connections. You
can activate/deactivate the
WiFi mode on the IP phone,
and then connect your phone
to the desired wireless network.

Wi-Fi

chenge proty | 1 | You can cick here o get
more guides.

3. Repeat the step 2 to adjust the priority of more wireless networks.
To enable the Wi -Fi feature via phone user interface:

1. PressMenu ->Basic->Wi-Fi.
2. Press@ or @ , or theSwitch soft key to select On from the Wi-Fi field.

The IP phone scans the availablewireless network automatically.
To add a wireless network:

1. PressMenu->Basic->Wi-Fi.

2. Press@ or @ , or theSwitch soft key to select On from the Wi-Fi field.
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3. Press@ or@ to highlight Know n Network (s), and then press the Add soft key.

4. Use the WLAN settings obtained from your gateway/router to configure this WLAN Profile
on the IP phone. Do the following:

a) If you select None or WEP from the pull-down list of Security Mode :
Enter the profile name, SSIDand WPA shared key in the corresponding fields.
b) If you select WPA-PSKor WPA2-PSKfrom the pull-down list of Security Mode :

Select the desired Cipher type (TKIP, AESor TKIP AES from the pull-down list of
Cipher Type .

Enter the profile name, SSIDand WPA shared key in the corresponding fields.

5. Tap the Save soft key to accept the change.

VLAN

VLAN (Virtual Local Area Network) § used to logically divide a physical network into several
broadcast domains. VLAN membership can beconfigured through software instead of
physically relocating devices or connections. Grouping devices with a common set of
requirements regardless of their physical location can greatly simplify network design. VLANs
can address issues such as scalabilitysecurity and network management.

The purpose of VLAN configurations on the IP phone is to insert tag with VLAN information to
the packets generated by the IP phone. When VLAN is properly configured for the ports
(Internet port and PC port) on the IP phone, the IP phone will tag all packets from these ports
with the VLANID. The switch receives and forwards the tagged packets to the corresponding
VLAN according to the VLAN ID in the tag as described in IEEE Std 802.3.

VLAN on IP phonesallows simultaneous access for a regular PCThis feature allows a PC to be
daisy chained to an IP phone and the connection for both PC and IP phone to be trunked
through the same physical Ethernet cable.

In addition to manual configuration, the IP phone also supports automat ic discovery of VLAN
via LLDR CDPor DHCP.The assignment takes effect in this order: assignment via LLDP/CDP,
manual configuration, then assignment via DHCP.

For more information on VLAN, refer to VLAN Feature on Yealink IP Phones
Procedure

VLAN assignment method can be configured using the configuration files .

Configure the VLAN assignment

Central Provisioning method.
<y0000000000xx>.cfg
(Configuration File) Parameter:

static.network.vlan.vlan_change.enable
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Details of Configuration Parameter

Parameter Permitted Values Default

static. network.vlan.vlan_change.enable Oor1l 0

Description :

Enables or disables the IP phone to obtain VLAN ID using lower priority of VLAN
assignment method or disable VLAN feature when the IP phone cannot obtain VLAN ID

using the current VLAN assignment method.

0-Disabled

1-Enabled

The priority of each method is: LLDP/CDP>Manual>DHCP VLAN.

If it is set to 1 (Enabled),the IP phone will attempt to use the lower priority of VLAN
assignment method when failing to obtain the VLAN ID using higher priority of VLAN
assignment method. If all the methods are attempted, the phone will disable VLAN feature.

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

Web User Interface:
None
Phone User Interface:

None

LLDP

LLDP (Linker Layer Discovery Protocolis a vendor-neutral Link Layerprotocol, which allows IP
phones to receive and/or transmit device -related information from/to directly connected
devices on the network that are also using the protocol, and store the information about other

devices.

When LLDP feature is enabled on IP phones, the IP phones periodicallpdvertise their own
information to the directly connected LLDRenabled switch. The IP phones can also receive LLDP
packets from the connected switch. When the application type is JvoiceDZP phones decide
whether to update the VLAN configurations obtained from the LLDP packets. When the VLAN
configurations on the IP phones are different from the ones sent by the switch, the IP phones
perform an update and reboot. This allows the IP phones to be plugged into any switch, obtain
their VLAN IDs, and then start communications with the call control.
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Procedure

LLDP can be configuredusing the following methods.

Configure LLDP feature.
Central Provisioning Parameters:

<y0000000000xx>.cfg
(Configuration File) static.network.lldp.enable

static.network.lldp.packet_interval

Configure LLDP feature.

Navigate to :
Web User Interface

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

Phone User Interface Configure LLDP feature.

Details of Configuration Parameters:

Parameter s Permitted Values Default

static. network.lldp.enable Oorl 1

Description :

Enables or disables the LLDRLinker Layer Discovery Protocol)eature on the IP phone.
0-Disabled

1-Enabled

If it is set to 1 (Enabled), the IP phone will attempt to determine its VLAN ID through LLDP.
Note: If you change this parameter, the IP phone will reboot to make the change take
effect.

Web User Interface:

Network->Advanced->LLDP >Active

Phone User Interface:

Menu->Advanced (default password: admin) ->Network ->LLDR>LLDP Status

) ] Integer from 1 to
static. network.lldp.packet_interval 3600 60

Description :

Configures the interval (in seconds) for the IP phone to send the LLDP (Linker Layer

Discovery Protocol) request.

Note: It works only if the value of the parameter ] static.network.lldp.enableDi& set to 1
(Enabled).If you change this parameter, the IP phone will reboot to make the change take

effect.
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Parameter s Permitted Values Default

Web User Interface:
Network->Advanced->LLDP >Packet Interval (1~3600s)

Phone User Interface:

Menu->Advanced (default password: admin) ->Network ->LLDR>Packet Interval

To configure LLDP feature via web user interface:

1. Click on Network ->Advanced .
2. Inthe LLDP block, select the desired value from the pull-down list of Active .

3. Enter the desired time interval in the Packet Interval (1~3600s) field.

Log Out

Yealink |
T466G

Account Network Directory

Active Enabled v
PC Port VLAN
Packet Interval (1~3600s) &80 It is used to logically divide a
physical netwaork into several
L COP @ broadcast domains. VLAN

membership can be configured

Advanced Active Disabled v through software instead of
physically relocating devices or

- connections.
WiFi Packet Interval (1~3600s) 60

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

5. Click OK to reboot the phone.
To configure LLDP feature via phone user interface:

1. PressMenu->Advanced (default password: admin) ->Network ->LLDP->LLDP Status.

2. Press@ or @ or the Switch soft key to select the desired value from the LLDP Status
field.

3. Enterthe priority value (1-3600s) in the Packet Interval field.
4. Press theSave soft key to accept the change.
A dialog box pops up to prompt that the settings will take effect after a reboot.

5.  Click OK to reboot the phone.

CDP

CDP(Cisco Discovery Protoco) allows IP phonesto receive and/or transmit device -related
information from/to directly connected devices on the network that are also using the protocol,

and store the information about other devices.

When CDP feature is enabled on IP phones, the IP phones periodically dvertise their own
information to the directly connected CDRenabled switch. The IP phones can also receive CDP
packets from the connected switch. When the VLAN configurations on the IP phones are

different from the ones sent by the switch, the IP phones perform an update and reboot. This
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allows the IP phones to be plugged into any switch, obtain their VLAN IDs, and then start
communications with the call control.

Procedure

CDP can be configuredusing the following methods.

Configure CDPfeature.
Central Provisioning Parameters:

<y0000000000xx>.cfg
(Configurati on File) static.network.cdp.enable

static.network.cdp.packet_interval

Configure CDP feature.

Navigate to :
Web User Interface

http://<phonelPAddress>/serviet?p=
network-adv&qg=load

Phone User Interface Configure CDP feature.

Details of Configuration Parameters:

Parameter s Permitted Values Default

static. network. cdp.enable Oor1l 0

Description :

Enables or disables the CDRCisco Discovery Protocol)feature on the IP phone.
0-Disabled

1-Enabled

If it is set to 1 (Enabled), the IP phone will attempt to determine its VLAN ID through CDP.

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

effect.

Web User Interface:
Network->Advanced->CDR>Active
Phone User Interface:

Menu->Advanced (default password: admin) ->Network ->CDR>CDP Status

) ) Integer from 1 to
static. network. cdp.packet_interval 3600 60

Description :

Configures the interval (in seconds) for the IP phone to send the CDP(Cisco Discovery

Protocol) request.

Note: It works only if the value of the parameter ] static.network.cdp.enableDig set to 1
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Parameter s Permitted Values Default

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

Web User Interface:

Network->Advanced->CDP->Packet Interval (1~3600s)

Phone User Interface:

Menu->Advanced (default password: admin) ->Network ->CDP >Packet Interval

To configure CDP via web user interface:

1. Click on Network ->Advanced .
2. Inthe CDP block, select the desired value from the pull-down list of Active .
3. Enter the desired time interval in the Packet Interval (1~3600s) field.

Yealink | v

Log Out

English(English) v

Account Network Directory

- LLDP
Basic @ NOTE
Active Enabled hd
PC Port VLAN
Packet Interval (1~3600s) 60 It is used to logically divide a
NAT physical network into several
CoP @ broadcast domains. VLAN
bership can be configured
Advanced Active Enabled v through software instead of
physically relocating devices or
- connections.
WiFi Packet Interval (1~3600s) 60
The priority of VLAN assignment
Vi @ method (from highest to

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

To configure CDP feature via phone user interface:

1. PressMenu->Advanced (default password: admin) ->Network ->CDP->CDP Status.

2. Press@ or @ , or the Switch soft key to select the desired value from the CDP Status
field.

3. Enterthe priority value (1-3600s) in the Packet Interval field.

4. Press theSave soft key to accept the change.
A dialog box pops up to prompt that the settings will take effect after a reboot.

5. Click OK to reboot the phone.

Manual Configuration for VLAN in the Wired Network

76

VLAN is disabled onIP phones by default. You can configure VLANfor the Internet port and PC

port manually . For CP860 IP phones, you can only configure VLAN for the Internet port manually,

because they only have Internet port. Before configuring VLAN on the IP phone, you need to

obtain the VLAN ID from your network administrator .
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Procedure

VLAN can be configured using the following methods.

Configure VLAN for the Internet port and PC
port manually.

Parameters:

Central static.network.vlan.internet_port_enable
<y0000000000xx>

.cfg
(Configuration File) static.network.vlan.internet_port_priority

Provisioning static.network.vlan.internet_port_vid

static.network.vlan.pc_port_enable

static.network.vlan.pc_port_vid

static.network.vlan.pc_port_priority

Configure VLAN for the Internet port and PC
port manually.

Web User Interface Navigate to :

http://<phonelPAddress>/servlet?p=network
-adv&q=load

Configure VLAN for the Internet port and PC
Phone User Interface
port manually.

Details of Configuration Parameters:

Parameter s Permitted Values Default

static. network.vlan.internet_port_enable Oorl 0

Description :

Enables or disablesVLAN for the Internet port.
0-Disabled

1-Enabled

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

effect.

Web User Interface:
Network->Advanced->VLAN->WAN Port->Active
Phone User Interface:

Menu->Advanced (default password: admin) ->Network->VLAN->WAN Port->VLAN
Status

) ) ) Integer from 1 to
static. network.vlan.internet_port_vid 4094 1
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Parameter s Permitted Values Default

Description :
Configures VLAN IDfor the Internet port.

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

effect.
Web User Interface:
Network->Advanced->VLAN->WAN Port->VID (1-4094)

Phone User Interface:

Menu->Advanced (default password: admin) ->Network->VLAN->WAN Port->VID

Number

static. network.vlan.internet_port_priority Integer from 0Oto 7 0

Description :
Configures VLAN priority for the Internet port.
7 is the highest priority, 0 is the lowest priority.

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

effect.

Web User Interface:
Network->Advanced->VLAN->WAN Port->Priority
Phone User Interface:

Menu->Advanced (default password: admin) ->Network->VLAN->WAN Port->Priority

static. network.vlan.pc_port_enable Oorl 0

Description :

Enables or disables VLANor the PCport.
0-Disabled

1-Enabled

Note: It is not applicable to CP860 IP phones.It works only if the value of the parameter
Jstatich et wor k. pc _ 3settd 1l (AutoddgbtietiDZ ). If you change this parameter,
the IP phone will reboot to make the change take effect.

Web User Interface:
Network->Advanced->VLAN->PC Port>Active
Phone User Interface:

Menu->Advanced (default password: admin) ->Network->VLAN->PC Port>VLAN Status

static. network.vlan.pc_port_vid Integer from 1 to 1
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Parameter s Permitted Values Default

4094

Description :
Configures VLAN IDfor the PCport.

Note: It is not applicable to CP860 IP phones.It works only if the value of the parameter
jstaticnet wor k. pc _ settd 1 (Auto NdgbtiatibZ ). If you change this parameter,

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

Network->Advanced->VLAN->PC Port->VID (1-4094)
Phone User Interface:

Menu->Advanced (default password: admin) ->Network->VLAN->PC Port>VID Number

static. network.vlan.pc_port_priority Integer from Oto 7 0

Description :
Configures VLAN priority for the PCport.
7 is the highest priority, 0 is the lowest priority.

Note: It is not applicable to CP860 IP phones.It works only if the value of the parameter
Jstatich et wor k. pc _ 3settd 1l (AutohegbtiatiD ). If you change this parameter,
the IP phone will reboot to make the change take effect.

Web User Interface:
Network->Advanced->VLAN >PC Port>Priority
Phone User Interface:

Menu->Advanced (default password: admin) ->Network->VLAN->PC Port > Priority

To configure VLAN for Internet port  via web user interface:

1. Click on Network ->Advanced .
2. Inthe WAN Port block, select the desired value from the pull-down list of Active .

3. Enter the VLAN ID in theVID (1-4094) field.
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4.  Select the desired value (87) from the pull -down list of Priority .

Yealink | vas

NAT

Advanced

WiFi

Account
uor @
Active Enabled
Packet Interval (1~3800s) 60
wP @
Active Disabled
Packet Interval (1~3800s) 60
VLAN @
WAN Port Active Enabled
VID (1-4094) 1
Priority a
PC Port Active Disabled

Log Out

English(English) ¥

Directory Security

NOTE

VLAN

It is used to logically divide a
physical netwaork into several
broadcast domains. VLAN
membership can be configured
through software instead of
physically relocating devices or
connections.

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

NAT Traversal

It is 3 general term for
technigues that establish and
maintain IP connections
traversing NAT gateways. STUN
is one of the NAT traversal

5. Click Confirm to accept the change.

A dialog box pops up to prompt that the settings will take effect after areboot.

6. Click OK to reboot the phone.

To configure VLAN for PC port via web user interface:

=

Click on Network ->Advanced .

In the PCPort block, select the desired value from the pull-down list of Active .

2
3.  Enter the VLAN IDin the VID (1-4094) field.
4

Select the desired value(0-7) from the pull-down list of Priority .

Yealink | vas

NAT

Advanced

WiFi

Account
uor @
Active Enabled
Packet Interval (1~3600s) 60
wP @
Active Disabled
Packet Interval (1~3600s) 60
VLAN @
WAN Port Active Disabled
VID (1-4094) 1
Priority 1]
PC Port Active Enabled
VID (1-4094) 1
Priority 0

Log Out |

English(English) v

Directory Security

NOTE

VLAN

It is used to logically divide a
physical netwaork into several
broadcast domains. VLAN
membership can be configured
through software instead of
physically relocating devices or
connections.

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

NAT Traversal

It is 3 general term for
technigues that establish and
maintain IP connections
traversing NAT gateways. STUN
is one of the NAT traversal
technigues.

You can configure NAT traversal
for the IP phone.

5. ClickConfirm to accept the change.

A dialog box pops up to prompt that the settings will take effect after

6. Click OK to reboot the phone.

To configure VLAN for Internet port (or PC port)

areboot.

via phone user interface:

1. PressMenu->Advanced (default password: admin) ->Network ->VLAN->WAN Port (or

PC Port).

2. Press@ or @ , or the Switch soft key to select the desired value from the VLAN
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Status field.
3. Enter the VLAN ID (24094) in the VID Number field.
4.  Enterthe priority value (0-7) in the Priority field.
5.  Press theSave soft key to accept the change.
A dialog box pops up to prompt that the settings w ill take effect after a reboot.

6. Click OK to reboot the phone.

DHCP VLAN

IP phones support VLAN discovery via DHCP. When the VLAN Discovery method is set to DHCP,
the IP phone will examine DHCP option for a valid VLAN ID. The predefined option 132 is used

to supply the VLAN ID by default. You can customize the DHCP option used to request the

VLAN ID.

Procedure

DHCP VLAN can be configuredusing the following methods.

Configure DHCP VLAN discovery

feature.

Central Provisioning
<y0000000000xx>.cfg Parameters:

(Configuration File) )
static.network.vlan.dhcp_enable

static.network.vlan.dhcp_option

Configure DHCP VLAN discovery

feature.
Web User Interface Navigate to :

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

Configure DHCP VLANdiscovery
Phone User Interface

feature.
Details of Configuration Parameters:
Parameter s Permitted Values Default
static. network.vlan.dhcp_enable Oor1l 1

Description :
Enables or disablesDHCP VLAN discovery feature on the IP phone
0-Disabled

1-Enabled

Note: If you change this parameter, the IP phone will reboot to make the change take
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Parameter s Permitted Values Default

effect.

Web User Interface:
Network->Advanced->VLAN->DHCP VLAN>Active
Phone User Interface:

Menu->Advanced (default password: admin) ->Network->VLAN->DHCP VLAN>DHCP
VLAN

static. network.vlan.dhcp_option Integer from 1to 255 132

Description :

Configures the DHCP option from which the IP phone will obtain the VLAN settings. You
can configure at most five DHCP options and separate them by commas.

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

Web User Interface:
Network->Advanced->VLAN->DHCP VLAN>Option (1-255)
Phone User Interface:

Menu->Advanced (default password: admin) ->Network->VLAN->DHCP VLAN>Option

To configure DHCP VLAN discovery via web user interface:

1. Click on Network ->Advanced .
2. Inthe DHCP VLAN block, select the desired value from the pull-down list of Active .

3. Enter the desired option in the Option (1-255) field.

Log Out
English(English) v

Yealink|we

Account Directory

Basic Lor @ NOTE
Active Enabled v
PC Port VLAN
Packet Interval (1~3600s) 60 It is used to logically divide a
NAT physical network into several
coP @ broadcast domains. VLAN
membership can be configured
Advanced Active Disabled M thraugh software instead of
physically relocating devices or
- connections.
WiFi Packet Interval (1~3600s) 60
The priority of VLAN assignment
VLAN o method (from highest to
5 lowest) :LLDP/CDP->manual
WAN Port Active Disabled A configuration->DHCP VLAN
VID (1-4094) 1 NAT Traversal
It is 3 general term for
Priority 1] v technigues that establish and
maintain IP connections
PC Port Active Disabled v traversing MAT gateways. STUN
is one of the NAT traversal
VID (14004) 1 technigues.
) You can configure NAT traversal
Priority 0 T for the 1P phone.
DHCP VLAN Active Enabled M Quality of Service (QoS)
3 It is the ability to provide
Option (1-255) 132 different priorities for different
nackets in the nefwork,

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

5. Click OK to reboot the phone.
To configure DHCP VLAN discovery via phone user interface:

1. PressMenu->Advanced (default password: admin) ->Network ->VLAN->DHCP VLAN.

2. Press @ or @ , or the Switch soft key to select the desired value from the DHCP VLAN
field.

3. Enter the desired option in the Option field.
4. Press theSave soft key to accept the change.
A dialog box pops up to prompt that the settings will take effect after a reboot.

5. Click OK to reboot the phone.

IPv6 Support

Because Internet Protocol version 4 (IPv4) uses a 3dit address, it cannot meet the increased
demands for unique IP addresses for all devices that connect to thelnternet. Therefore, Internet
Protocol version 6 (IPv6) is the next generation network layer protocol , which designed as a

replacement for the current IPv4 protocol.

IPv6is developed by the Internet Engineering Task Force (IETF) to deal with the longanticipated
problem of IPv4 address exhaustion.Yealink IP Phone supports IPv4 addressing mode, IPv6
addressing mode, as well as anlPv4& IPv6 dual stack addressing mode.IPv4 uses a32-bit
address, consisting of four groups of three decimal digits separated by dots; for example,
192.168.1.1001Pv6 uses a 128bit address, consisting of eight groups of four hexadecimal digits
separated by colons; for example, 2026:1234:1:1:215:65ff:felf.caa

VolIP network based on IPv6 can provideend-to-end security capabilities, enhanced Quality of
Service (Q0S), a set okervice requirements to deliver performance guarantee while transporting
traffic over the network.

If you configure the network settings on the phone for an IPv6 network, you can set up an IP
address for the phone either by using SLAAC(ICMPv6) DHCPV6 orby manually entering an IP
address.Ensure that your network environment supports IPv6. Contact your ISPfor more

information.

IPv6 Address Assignment Method
Supported IPv6 address assignment methods:

Manual Assignment: An IPv6 addressand other configuration parameters (e.g., DNS

server) for the IP phone can be statically configured by an administrator.

Stateless Address Autoconfiguration (SLAAC)Y ICMPv6 : SLAACIs one of the most
convenient methods to assign IP addresses to IPv6 nodes SLAACrequires no manual
configuration of the IP phone, minimal (if any) configuration of routers, and no additional
servers.To uselPv6 SLAACthe IP phone must be connected to a network with at least one

IPv6 router connected. This router is configured by the network admin istrator and sends
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out Router Advertisement announcements onto the link. These announcements can allow
the on-link connected IP phone to configure itself with IPv6 address, as specified in RFC
4862.

Stateful DHCPv6: The Dynamic Host Configuration Protocol for IPv6 (DHCPV6) has been
standardized by the IETF through RFG3315. DHCPV6 enables DHCP servers to pass
configuration parameters such as IPv6 network addresses to IPv6 nodes. It offers the
capability of automatic allocation of reusable network addresses and additional
configuration flexibility. This protocol
Aut oconf i RCr246%, and cabbe(used separately or concurrently with the latter

to obtain configuration parameters.

How the IP phone obtains the IPv6 address and network settings?

The following table lists where the IP phone obtains the IPv6 address and other network

settings:

SLAAC How the IP phone obtain s the IPv6 address and network
(ICMPV6) settings ?

DHCPvV6

] ] You have to manually configure the static IPv6 address and
Disabled Disabled )
other network settings.

The IP phone can obtain the IPv6 address via SLAACbut the
other network settings must be configured manually.

Disabled Enabled

The IP phone can obtain the IPv6 address and the other
network settings via DHCPv6

Enabled Disabled

The IP phone can obtain the IPv6 address via SLAAC and
obtain other network settings via DHCPV6.

Enabled Enabled

Procedure

IPv6 can be configured using the following methods.

Configure the IPv6 address assignment
method.

Parameters:
static.network.ip_address_mode

Central Provisioning . ) )
<MAC> .cfg static.network.ipv6_internet_port.type

(Configuration File) . ] ) )
static.network.ipv6_internet_port.ip
static.network.ipv6_prefix

static.network.ipv6_internet_port.gateway

static.network.ipv6_icmp_v6.enable

i s

a

st at


http://www.ietf.org/rfc/rfc2462.txt
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Configure the IPv6 static DNS address.
Parameters:
static.network.ipv6_primary_dns

static.network.ipv6_secondary_dns

Configure the IPv6 static DNS.
<y0000000000xx>.cf

g

Parameter:

static.network.ipv6_static_dns_enable

Configure the IPv6 address assignment

method.

Configure the IPv6 static DNS address.
Web User Interface Configure the IPv6 static DNS.
Navigate to :

http:// <phonelPAddress>/servlet?p=net
work&qg=load

Configure the IPv6 address assignment

method.

Phone User Interface ) .
Configure the IPv6 static DNS address.

Configure the IPv6 static DNS.

Details of Configuration Parameters:

Permitted
Parameter s Default
Values
static. network.ip_address_mode 0,1o0r2 0

Description :

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

static. network.ipv6_internet_port.type Oor1l 0
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Permitted
Parameter s Default
Values

Description :
Configures the Internet port type for IPv6.
0-DHCP
1-Static IP Address
Note: 1t wor ks only i f t hetatiwmad tuveo roki. itph_ea dodarrea

1 (IPv6) 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->IPv6 Config

Phone User Interface:

Menu->Advanced (default password: admin) ->Network ->WAN Port->IPv6->Type

static. network.ipv6_static_dns_enable Oor1l 0

Description :

Triggers the static IPv6 DNS feature to on or off.

0-Off

1-On

If it is set to O (Off), the IP phone will use the IPv6 DNS obtainedfrom DHCP.
If it is set to 1 (On), the IP phone will use manually configured static IPv6 DNS.

Note: 1t wor ks only i f t hetatiwmad tuveo roki. itphvwe6 piamrta
set to 0 (DHCP).If you change this parameter, the IP phone will reboot to make the change

take effect.
Web User Interface:
Network->Basic->IPv6 Config->IPv6 Static DNS

Phone User Interface:

Menu->Advanced (default password: admin) ->Network ->WAN Port->1Pv6->Type (DHCP)
->Static DNS

static. network.ipv6_internet_port.ip IPv6 address Blank

Description :

Configures the IPv6 address.

Example:

static.network.ipv6_internet_port.ip = 2026:1234:1:1:215:65ff.felf.caa

Note: It works only if the value ofthe p ar a metatemetfwor k. i p_addr e
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Permitted
Parameter s Default
Values

1 (IPv6) or 2 (IPv4 & IPv6), and Static.network.ipv6_internet_port.type" is set to 1 (Static IP
Address). If you change this parameter, the IP phone will reboot to make the change take
effect.

Web User Interface:
Network->Basic->IPv6 Config->Static IP Address>IP Address
Phone User Interface:

Menu->Advanced (default password: admin) ->Network ->WAN Port->IPv6->Type (Static
IP)->IP Address

. . ] Integer from 0O
static. network.ipv6_prefix 64
to 128

Description :
Configures the IPv6 prefix.

Note: 1t wor ks only i f t hetatiwmad tuveo rokf. itph_ea dodarrea
1 (IPv6) or 2 (IPv4 & IPv6), and Static.network.ipv6_internet_port.type" is set to 1 (Static IP
Address). If you change this parameter, the IP phone will reboot to make the change take
effect.

Web User Interface:
Network->Basic->IPv6 Config->Static IP Address>IPv6 Prefix(0~128)

Phone User Interface:

Menu->Advanced (default password: admin) ->Network ->WAN Port->IPv6-> Type (Static
IP)->1P\6 IP Prefix

static. network.ipv6_internet_port.gateway IPv6 address Blank

Description :

Configures the IPv6 default gateway.

Example:

static.network.ipv6_internet_port.gateway = 3036:1:1:c3c7:¢c11c:5447:23a6:255

Note: It works only if the value ofthe p ar a metateme f wor k. i p_addr e
1 (IPv6) or 2 (IPv4 & IPv6), and Static.network.ipv6_internet_port.type" is set to 1 (Static IP
Address).If you change this parameter, the IP phone will reboot to make the change take

effect.

Web User I nterface:
Network->Basic->IPv6 Config->Static IP Address>Default Gateway

Phone User Interface:

Menu->Advanced (default password: admin) ->Network ->WAN Port->IPv6->Type (Static

87



Administrator @ Guide for SIRT2 SeriedT19(P) E2/T4 SeriedT5 Series/CP860IP Phones

88

Permitted
Parameter s Default
Values
IP) ->Default Gateway
static. network.ipv6_primary_dns IPv6 address Blank

Description :

Configures the primary IPv6 DNS server

Example:

static.network.ipv6_primary_dns = 3036:1:1:¢3c7: c11c:5447:23a6:256

Note: It works only if the value of the parameter " static.network.ip_address_mode" is set to
1 (IPv6) or 2 (IPv4 & IPv6). IDHCP environment, you also need to make sure the value of
the parameter "static.network.ipv6_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->IPv6 Config->Static IP Address>Primary DNS
Phone User Interface:

Menu->Advanced (default password: admin) ->Network ->WAN Port->IPv6->Type (Static
IP)->Pri.DNS

Or Menu->Advanced (default password: admin) ->Network ->WAN Port->IPv6->Type
(DHCP)->Static DNS (Enabled)->Pri.DNS

static. network.ipv6_secondary_dns IPv6 address Blank

Description :

Configures the secondary IPv6 DNS server

Example:

static.network.ipv6_secondary_dns =2026:1234:1:1:c3c7:c11c:5447:23a6

Note: It works only if the value of the parameter "static.network.ip_address_mode" is set to
1 (IPv6) or 2 (IPv4 & IPv6). In DHCP environment, you also need to make se the value of
the parameter "static.network.ipv6_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->IPv6 Config->Static IP Address>Secondary DNS

Phone User Interface:

Menu->Advanced (default password: admin) ->Network ->WAN Port->IPv6->Type (Static
IP)->Sec.DNS

Or Menu->Advanced (default password: admin) ->Network ->WAN Port->IPv6->Type
(DHCP)->Static DNS(Enabled)->Sec.DNS
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Permitted
Parameter s Default
Values
static. network.ipv6_icmp_v6.enable Oorl 1

Description :

Enables or disables the IP phone to obtain IPv6 network settingsvia SLAAC $tateless

Address Autoconfiguration) method.
0-Disabled
1-Enabled

Note: If you change this parameter, the IP phone will reboot to make the change take
effect. It is only applicable to SIRT543T525 T48G/T48S/T46GT46S/T29GIP phones.
SLAAC is enabled onSIRT42G/T42S/T41P/T41S/T40P/T40G/T27P/T27G/T23PT23G/T21(P)
E2/T19(P) EACP860IP phones by default. You are not allowed to configure this parameter
for those IP phones.

Web User Interface:
Network->Advanced->ICMPv6 Status>Active
Phone User Interface:

None

To configure IPv6 address assignment method via web user interface:

1. Click on Network ->Basic.

2. Select the desired address mode (Pv6 or IPv4 & IPv6) from the pull -down list of
Mode(IPv4/IPv6) .
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3. Inthe IPv6 Config block, mark the DHCP or the Static IP Address radio box.

- If you mark the Static IP Address radio box, configure the IPv6 address and other
configuration parameters in the corresponding fields.

Log Out
English(English) v

Yealink | s

Account Dsskey Features Settings Directory Security

Basic Internet Port NOTE
Mode(IPvd/TPvE) 1Pv4 & IPv6 v 0
PC Port DHCP
IPv4 Config DHCP (Dynamic Host

Configuration Protocol) is a

NAT ® DHCP @ network protocol used to
dynamically alocate network

Advanced static IP Address @) EEMHED D I peTe

l— Static IP Address

e o pdcress Specifies the network
Subnet Mask 1 Erg?uma?;?rs of IP phones
Default Gateway l— PPPoOE

It allows users to share a
Static DNS on ® off @ common DSL connection to the

Internet.
Primary DNS 1
Secondary DNS IPv6 Support

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

DHCP 0
You can click here to get
® Static P Address ) more guides.
IP Address 2026:1234:1:1:215:65f:fe]
1Pv6 Prefi(0~128) 64
Default Gateway 3036:1:1:C3c7:c11C:5447:2
IP¥6 Static DNS on off @
Primary DNS 3036:1:1:c3c7: c11c:5447:)
Secondary DNS 2026:1234:1:1:c3c7:c11c:5

- (Optional.) If you mark the DHCP radio box, you can configure the static DNS address
in the corresponding fields.

3

Log Out
English(English) M

Yealink | v

Account Dsskey Features Settings Directory Security

s Internet Port NOTE
Mode(IPv4/IPv6) IPv4 & IPVE v 0
PC Port DHCP
1Pv4 Config DHCP (Dynamic Host

Configuration Protocol) is a

NAT ® DHP @ network protocol used to
dynamiczally allocate network

Advanced static P Address @) PEETEER D I peTE

Static IP Address
WiFi IP Address Specifies the network
parameters of IP phones
Subnet Mask rmanually.
Default Gateway PPPOE

It allows users to share a
Static DNS on @ off @@ common DSL connection to the

Internet.
Primary DNS
Secondary DNS 1Pv6 Support

IPv6 is developed to deal with
1Pv6 Config the long-antidpated problem of
1Pv4 address exhaustion.

®  DHCP 0
You can click here to get

Static I Address (g more guides.

1P Address 2026:1234:1:1:215:65ff.fe]
1Pv6 Prefi(0~128) 64
Default Gateway 3036:1:1:C3c7:c11c:5447:2

IP¥6 Static DNS ® on off @
Primary DNS 3036:1:1:¢3c7: c11c:5447:)
Secondary DNS 2026:1234:1:1:c3c7:cl1c:5

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

5. Click OK to reboot the phone.
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To configure SLAAC featu re via web user interface:

1. Click on Network ->Advanced .

2. Inthe ICMPV6 Status block, select the desired value from the pull-down list of Active .

Yealink | +cs

Basic

PC Port

NAT

Advanced

WiFi

LLDP

Aclive

Packet interval (1-3600s)
coP

Active

Packet Interval (1~3600s)

Voice QoS
Vaice QoS (0~63)
SIP QoS (0~63)
Local RTP Port
Max RTP Port (1~65535)
Min RTP Port (1~65535)
Span to PC

Span to PC Port

Dsskey

Enabled

&0

Disabled

60

26

12780

11780

Enzbled

| Features || Settings

=

ICHMPV6 Status @)

Active

Enabled

[]

VPH

Active

Upload VPN Config

Lanfim

Enabled

—
(Upload |

[ cancel

=]

Browise...

Loa Out

English(English) -

| Directory || Security

NOTE

VLAN

Tt s used to logically divide a
physical network into several
broadcast domains. VLAN
membership can be configured
through software instead of
physically relocating devices or
connections.

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

NAT Traversal

It s a general term for
technigues that establsh and
maintain IP connections
traversing NAT gateways. STUN
& one of the NAT traversal
technigues.

You can configure NAT traversal
for the 1P phone.

Quality of Service (QoS)

It i the 2bility to provide
different priorties for different
packets in the natwork,
allowing the transport of traffic
with special requirements.

Web Server Type

It determines access protocol
and port of the IP phone’s web
user interface.

802.1X Authentication
It offers an authentication
mechanicm far the 10 nhans £

3. ClickConfirm to accept the change.

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

4. Click OK to reboot the phone.

To configure IPv6 address assignment method via phone user interface:

1. PressMenu->Advanced (default password: admin) ->Network ->WAN Port .

p WD

Press@ or @ to selectIPv4 & IPv6 or IPv6 from the IP Mode field.
Press@ or @ to highlight IPv6 and then press the Enter soft key.

Press@ or @ , or the Switch soft key to desired IPv6 address assignment method

from the Type field.

If you select the Static IP, configure the IPv6 address and other network parameters in the

corresponding fields.
Press theSave soft key to accept the change.
A dialog box pops up to prompt that the settings will take effect after a reboot.

Click OK to reboot the phone.

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

1. PressMenu->Advanced (default password: admin) ->Network ->WAN Port ->1Pv6.
2. Press@ or @ , or the Switch soft key to select the DHCP from the Type field.
3. Press@ or @ , or theSwitch soft key to select Enabled from the Static DNS field.
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4. Enter the desired value in the Pri.DNS and SecDNS field respectively.
5. Press theSave soft key to accept the change.
A dialog box pops up to prompt that the settings will take effect after a reboot.

6. Click OK to reboot the phone.

VPN (Virtual Private Network)is a secured private network connection built on top of public
telecommunication infrastructure, such as the Internet. It has become more prevalent due to
benefits of scalability, reliability, convenience and security. VPN provide s remote offices or

individual users with secure access to their organization's network.

VPN Server
Switch

Internet
VPN Tunnel )

™8 8

Types of VPN Access

There aretwo types of VPN access remote-accessVPN (connecting an individual device to a
network) and site-to-site VPN (connecting two networks together) . Remote-access VPN allovg
employees to access their company's intranet from home or outside the office, and site-to-site
VPN allows employees in geographically separated offices to share one cohesive virtual network.
VPN can bealso classified by the protocols used to tunnel the traffic . It provides security
through tunneling protocols : IPSec, SSL, L2TP and PPTP.

VPN Technology

IP phones support SSL VPN which provides remote-access VPN capabilities through SSL.
OpenVPN is a full featured SSL VPNsoftware solution that creates secure connectionsin remote
access facilities designed to work with the TUN/TAPvirtual network interface. TUN and TAPare
virtual network kernel devices. TAPsimulates a link layer device andprovides a virtual
point-to-point connection , while TUN simulates a network layer device andprovides a virtual

network segment.

IP phonesuse OpenVPN to achieve VPN feature.To prevent disclosure of private information ,
tunnel endpoints must authenticate each other before secure VPN tunnelis established. After
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VPN feature is configured properly on the IP phone, the IP phone acts as a VPN cliehand uses
the certificates to authenticate the VPN server.

To use VPN, the compressed package of VPN-related files should be uploaded to the IP phone
in advance. The file format of the compressed package must be*.tar. Therelated VPN files are:
certificates (ca.crtand client.crt), key (client.key) and the configuratio n file (vpn.cnf) of the VPN
client.

The following table lists the unified directories of the OpenVPN certificates and key in the

configuration file (vpn.cnf) for Yealink IP phones:

VPN files Description Unified Directories
ca.crt CA certificate /config/lopenvpn/keys/ca.crt
client.crt Client certificate /config/lopenvpn/keys/client.crt
client.key Private key of the client /config/openvpn/keys/client.key

For more information, refer to OpenVPN Feature on Yealink IP phones

Procedure

VPN can be configured using the following methods.

Configure VPN feature and upload a

TAR file to the IP phone.

Central Provisioning <y0000000000xx>.cf
Parameters:

(Configuration File) g )
static.network.vpn_enable

static.openvpn.url

Configure VPN feature and upload a
TAR file to the IP phone.

Web User Interface Navigate to :

http://<phonelPAddress> /servlet?p=ne
twork -adv&q=load

Phone User Interface Configure VPN feature.

Details of Configuration Parameters:

Parameter s Permitted Values Default

static. network.vpn_enable Oorl 0

Description :
Enables or disablesOpenVPN feature on the IP phone.
0-Disabled

1-Enabled
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Parameter s Permitted Values Default

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

Web User Interface:

Network->Advanced->VPN->Active

Phone User Interface:

Menu->Advanced (default password: admin) ->Network ->VPN->VPN Active

static. openvpn.url URL within 511 characters Blank

Description :
Configures the access URIof the *.tar file for OpenVPN.
Example:

static.openvpn.url = http://192.168.10.25/0OpenVPN.tar

Web User Interface:
Network->Advanced->VPN->Upload VPN Config
Phone User Interface:

None

To upload a TAR file and configure VPN via web user interface:

Click on Network ->Advanced .

Click Browse to locate the TARfile from the local system.
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3. ClickUpload to upload the TAR file.

Loa Out

English(English) -

Settings Directory Security

Yealink | rssc

(=2 Loe NOTE
Active Enzbled [~]
PC Port VLAN
Packet Interval (1~3600s) 60 Tt s used to logically divide a
physical network into several

NAT cDP broadcast domains. VLAN
membership can be configured

Active K through software instead of

Advanced Dsadled =] physically relocating devices or

Packet Interval (1~3600s) 60 connections.

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

WAN Port Active Diabled ZI configuration->DHCP VLAN
VID (1-4094) 1 NAT Traversal
Tt s a general term for
technigues that estabish and
. maintain IP connections
. traversng NAT gateways. STUN
- & one of the NAT traversal
Web Server technigues.
HTTP Enabled [=] You can configure NAT traversal
for the IP phone.
HTTP Port (1~65535)
(1655 80 Quality of Service (QoS)
It i the abiity to provide
LELS Enabied [=] different priorities for different
= packets in the network,
HTTPS Port (1~65533) 443 allowing the transport of traffic
VEN with spedial requirements.
Active Enabled (=] Web Server Type
- It determinas access protocol
| Browse... and port of the IP phone’s web
Upload VPN Config - = user interface
Upload
802.1X Authentication
= It offers an authentication
[_confim | [ Gancel | mechanian for the 16 nhone to

The web user interface prompts the messagej Import config A DZ
4. Inthe VPN block, select the desired value from the pull -down list of Active .
5. Click Confirm to accept the change.

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

6. Click OK to reboot the phone.
To configure VPN via phone user interface after uploading a TAR file:

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

2. Press@ or @ , or the Switch soft key to select the desired value from the VPN Active
field.

You must upload the OpenVPN TARfile using configuration file s or via web user interface

in advance.
3. Press theSave soft key to accept the change.
A dialog box pops up to prompt that the settings will take effect after a reboot.

4. Click OK to reboot the phone.

Network Address Translation (NAT)

Network Address Translation (NAT) is one of the technologies for solving the network problem g
the shortage of IP addresses. Many countries provice only one public IP address for complete
companies. They configure NAT to advertise the IP address for the entire network to the outside

world. This can reduce the need for a large number of public IP addresses.

NAT is essentially a translation table that maps public IP address and port combinations to
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internal private ones. NAT ensuressecurity since each outgoing or incoming request must first
go through a translation process.

NAT Router Serwver

Source: 10.3. 20. 14 Source: 162, 106. 178. 65
> - {‘.‘;

- el — o
Destination:10. 3.20. 14 Destination:162. 105. 178. 65 %

211.100.7. 34
Intranet!Internet
» Packet from IP phone to Server bEarast
Packet from Server to IP phone Way Before NAT After NAT
Outbound 10.3.20.14 162.105.178.65
Inbound 162.105.178.65 10.3.20.14

NAT Types

Symmetrical NAT

In symmetrical NAT, the NAT router stores the address and port where the packet was sent. Only
packets coming from this address and port are forwarded back to the private address.

Full Cone NAT

In full cone NAT, all packets from a private address (.g.,iAddr: portl) to public network will be
sent through a public address .g., eAddr: port2). Packets coming from the address of any
server to eAddr: port2 will be forwarded back to the private address (e.g.,iAddr: portl).

Address Restricted Cone NAT

Restricted cone NAT works similar like full cone NAT. A public host (hAddr: any) can send
packetsto iAddr: portl through eAddr: port2 only if iAddr: portl has previously sent a packet to
hAddr: any. "Any" means the port number doesn't matter.

Port Restricted Cone NAT

Port restricted cone NAT works similar like full cone NAT. A public host (hAddr: hPort) can send
packets to iAddr: portl through eAddr: port2 only if iAddr: portl has previously sent a packet to
hAddr: hPort.

NAT Traversal

96

In the VolP environment, NAT breaks endto-end connectivity.

NAT traversalis a general term for techniques that establish and maintain IP connections
traversing NAT gateways typically required for client-to-client networking applications,
especially for VolP deployments.Yealink IP phones supportthree NAT traversal techniques
manual NAT, STUNand ICE.If manual NAT and STUN are all enabled, the IP phone will use the
manually configured external IP addressfor NAT traversal. The TURN protocolis used as part of
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the ICEapproach to NAT traversal.

Manual NAT (Static NAT)

Manual NAT helps IP connections traverse NAT gateways without thethird - party network server
(STUN/TURN serve). If manual NAT feature is enabled, the configured public IP address and

port can be carried in the SIP requests or RTP packets, in which the otheparty obtains the
phone@s public address. dfthe scampduyds onetewarcle

STUN (Simple Traversal of UDP over NATS )

STUN is a network protocol, used in NAT traversal for applications of reattime voice, video,
messaging, and other interactive IP communications. The STUN protocol allows entities behind
a NAT to first discover the presenceof a NAT and the type of NAT (for more information on the
NAT types, refer to NAT Typeson page 96) and to obtain the mapped (public) IP address and
port number that the NAT has allocated for the UDP connections to remote parties. The
protocol requires assistance from a third-party network server (STUN serverjsually located on
public Internet. The IP phone can be configured to act as a STUN client, to sendexploratory
STUN messages to the STUN server. ThBTUNserver uses those messages to determine the
public IP address and port used, and then informs the client.

NAT Rewrites Source to
Public IP/port 59.61.92.59:19232

Client STUN Server

What is my IP/port?

>

NAT

IP:52.61.92.59
Port:19232

Private IP/port:
192.168.1.6:3478

-
-

RTPto 59.61.92.59:19232

Capturing packets after you enable the STUN feature, you can find that the IP phone sends
Binding Request to the STUN server, and then mappedIP address and portis placed in the
Binding Response Binding Success ResponséMAPPEDADDRESS59.61.92.5919232.

No.  Time Source Destination
g B.107,220. 74
192.168.1.6

Protacal Length Info

444 18, 587848 192,168.1.6 STUN 0/ B1nding Regue
447 18.711349 218.107.220.74 STUN 98 Binding success Response MAPPED-ADDRESS: 59.61.92.59:19232

STUN does not work if the NAT device is symmetric.This may be a drawback in many situations

as most enterprise-class firewalls are symmetric.
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TURN (Traversal Using Relays around NAT )

TURN is anetwork protocol described in RFC 5766allows a host located behind a NAT (called
the TURN client) to communicate and exchange packets with other hosts peers, called the
TURN server) using a relay. In these situations, thdéost uses the services of an intermediate
node to act as a communication relay. It governs the reception of data over a Transmission
Control Protocol (TCP) or a UDP connection.This solves the problems of clients behind
symmetric NATs which cannot rely on STUN to solve the NAT traversal issueThis method is
appropriate in some situations, but it scales poorly since the media must go through the TURN
server.

NAT Rewrites Source to
Public IP/port 59.61.92.59:19232

ST T
.

’ N
. /TURN Server
Client Give me public ,’ ‘\
IPfport . \
1 1
NAT 59.60.91.58:3884 ; !
i
B E— - i RTPto
RTPto 59.61.92.59:19232 1 ¢ 59.60.91.58:3884
—— <
Private IPfport: * N Fwd il
192.168.1.6:3478 RIS 4
Public IPjport:

59.60.91.58:3884

If you configure both STUN and TURN on the phone, it discovers what type of NAT device is
between the phone and the public network. If the NAT device is full cone, addressrestricted
cone, or port restricted cone, the phone uses STUN. If the NAT device is symmetric, the phone
uses TURN. TURN is compatible with all types of NAT devices but can be costlgince all traffic
goes through a media relay (which can be slow, can exchange more messages, and requires the
TURN server to allocate bandwidth for calls).

Although TURN will almost always provide connectivity to a client, it comes at high cost to the
provider of the TURN server. Therefore other mechanisms (such as STUN or direct connectivity)

will be preferred when possible.

ICE(Interactive Communications Establishment)

ICE desaibed in RFC 5245is a technique for Network Address Translator (NAT) traversal for
UDP-based media streams established by the offer/answer model, not intended for NAT
traversal for SIP.It is an extension to the offer/answer model, and works by including a
multiplicity of IP addresses and ports in SDP offers and answers, which are then tested for
connectivity by peer-to-peer connectivity checks.

ICE makes use of theSTUNprotocol and its extension, TURN In an ICE environment, two P
phones communicating at different locations are able to communicate via the SIP protocol by
exchanging Session Description Protocol (SDP) messages. At the beginning of the ICE process,
the phones are ignorant of their own topologies. In particular, they might or might not be

behind a NAT. ICE dbws IP phones to discover enough information about their topologies to

find the optimal path(s) by which they can communicate.

ICE optimizes the media path.For example, when two IP phones in the same network are calling
each other via a long media path through other external networks. With ICEenabled, the short


http://www.ietf.org/rfc/rfc5766.txt
http://www.ietf.org/rfc/rfc5245.txt
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media path in the same network would be chosen, which will probably have better quality than
the long one.

ICE is a complex solution to the problem of NAT traversal. Due to its complexity there is very

limited client support for ICE today.

SIP and TLS Source Ports for NAT Traversal

You can configure the SIP and TLS source ports on the IP PhonePreviously, the IP phone used
default values (5060 for UDP/TCP and 5061 for TLS). In the configurationifies, you can use the
following parameters to configure the SIP and TLS source ports:

Local SIPPort
TLSSIPPort

If NAT is disabled, the port number shows in the Via and Contact SIP headersof SIP messagesif
NAT is enabled, the phone uses the NAT port number (and NAT IP address) in the Via and
Contact SIP headers of SIP messages, but still use the configured source port.

Procedure

NAT traversal can be configured using the following methods.

Configure STUN feature andSTUN server
on a phone basis.

Parameters:
sip.nat_stun.enable
sip.nat_stun.server

sip.nat_stun.port

Configure manual NAT feature on a
phone basis.

Parameter s:

L network.static_nat.enable
Central Provisioning <y0000000000xx>.C -

(Configuration File) fg network.static_nat.addr

Configure ICEfeature.
Parameter:

ice.enable

Configure TURN feature and TURN server.
Parameters:

sip.nat_turn.enable

sip.nat_turn.server

sip.nat_turn.port

sip.nat_turn.username
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sip.nat_turn.password

Configure local SIPport and TLSSIPport.
Parameters:
sip.listen_port

sip.tls_listen_port

<MAC> .cfg

Configure NAT traversalon a per-line

basis.
Parameter:

account.X.nat.nat_traversal

Web User Interface

Configure manual NAT feature on a

phone basis.
Configure ICE feature.
Configure TURN feature and TURNserver.

Configure STUN feature andSTUN server
on a phone basis.

Navigate to :

http://<phonelPAddress>/serviet?p=net
work-nat&g=load

Configure local SIPport and TLSSIPport.
Navigate to :

http://<phonelPAddress>/serviet?p=setti
ngs-sip&g=Iload

Configure NAT traversalon a per-line
basis.

Navigate to :

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

unt-register&g=load&acc=0

Phone User Interface

Configure STUN feature andSTUN server
on a phone basis.

Configure NAT traversalon a per-line
basis.
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Details of Configuration Parameters:

Parameter s Permitted Values Default

sip.nat_stun.enable Ooril 0

Description :

Enables or disablesthe STUN(Simple Traversal of UDP over NATs)eature on the IP phone.
0-Disabled

1-Enabled

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

Web User Interface:

Network->NAT->STUN>Active

Phone User Interface:

Menu->Advanced (default password: admin) ->Network->NAT->NAT Status

] IP address or
sip.nat_stun.server ) Blank
domain name

Description :

Configures the IP address or the domain name of the STUN(Simple Traversal of UDP over
NATSs)server.

Example:

sip.nat_stun.server= 218.107.220.201

Note:1 t wor ks only if the value of the para
If you change this parameter, the IP phone will reboot to make the change take effect.

Web User Interface:

Network->NAT->STUN>STUN Server

Phone User Interface:

Menu->Advanced (default password: admin) ->Network->NAT->STUN Server

) Integer from 1024 to
sip.nat_stun.port 3478
65000
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Parameter s Permitted Values Default

Description :

Configures the port of the STUN (Simple Traversal of UDP over NATs}erver.

Example:

sip.nat_stun.port= 3478

Note:1't works only if the value of the para
If you change this parameter, the IP phone will reboot to make the change take effect.

Web User Interface:

Network->NAT->STUN>STUNPort (1024~65000)

Phone User Interface:

Menu->Advanced (default password: admin) ->Network->NAT->STUNPort

account. X.nat.nat_traversal 0,1or2 0

Description :

Enables or disables the NAT traversal for account X.
0-Disabled

1-STUN

2-Manual NAT

X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46GT46S/T29G
X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)
X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q
X ranges from 1 to 2 (for SIRT21(P) E2)

Xis equal to 1 (for SIRT19(P) EZCP860)

Note : If it is set to 1 (STUN),it works only if the value of the parameter
Jsip.nat _DBZtiusx. ®ata bt ifat isiset (0 B (Manudl MAT)) it works only if the
value of t hetwelestate matenableddDZ i s set to 1 (Enab

Web User Interface:

Account->Register->NAT

Phone User Interface:

Menu->Advanced (default password: admin) ->Accounts->Account X->NAT Status

Note : Manual NAT cannot be configured via phone user interface.

network.static_nat.enable Oorl 0

Description :

Enables or disables themanual NAT feature on the IP phone.
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Parameter s Permitted Values Default

0-Disabled
1-Enabled

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

Web User Interface:
Network->NAT->Nat Manual ->Active
Phone User Interface:

None

network.static_nat.addr IP address Blank

Description :

Configures the IP addressto be advertised in SIP signaling.

It should match the external IP address used by the NAT device.
Example :

network.static_nat.addr= 10.3.5.33

Note: ltworks only ifthev al ue of t hretwelestate matenablddZ i s s et
(Enabled).If you change this parameter, the IP phone will reboot to make the change take
effect.

Web User Interface:
Network->NAT->Nat Manual ->IP Address
Phone User Interface:

None

ice.enable Oorl 0

Description :

Enables or disables thelCE (Interactive Connectivity Establishmentfeature on the IP phone.
0-Disabled

1-Enabled

Note: To use ICE feature, you have to configure the STUN and/or TURN server address in
advance. If you change this parameter, the IP phone will reboot to make the change take
effect.

Web User Interface:
Network->NAT->ICE>Active
Phone User Interface:

None
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Parameter s Permitted Values Default

sip.nat_turn.enable Oorl 0

Description :

Enables or disablesthe TURN(Traversal Using Relays around NAT)eature on the IP phone.
0-Disabled

1-Enabled

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

effect.

Web User Interface:
Network->NAT->TURN->Active
Phone User Interface:

None

) IP address or
sip.nat_turn.server ) Blank
domain name

Description :

Configures the IP address or the domain name of the TURN((Traversal Using Relays around
NAT) server.

Example:
sip.nat_turn.server= 218.107.220202

Note: 1t wor ks only if the value of the para

If you change this parameter, the IP phone will reboot to make the change take effect.
Web User Interface:
Network->NAT->TURN->TURN Server

Phone User Interface:

None
_ Integer from 1to
sip.nat_turn.port 3478
65535
Description :

Configures the port of the TURN(Traversal Using Relays around NAT3erver.
Example:
sip.nat_turn.port = 3478

Note: 1t wor ks only if the value of the para

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

Network->NAT->TURN->TURN Port (1~65535)
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Parameter s Permitted Values Default

Phone User Interface:

None

sip.nat_turn.username String Blank

Description :

Configures the user nameto authenticate to TURN(Traversal Using Relays around NAT)

server.
Example:
sip.nat_turn.username = admin

Note: 1t works only if the value of the para
If you change this parameter, the IP phone will reboot to make the change take effect.

Web User Interface:
Network->NAT->TURN->User Name
Phone User Interface:

None

sip.nat_turn.password String Blank

Description :

Configures the password to authenticate to the TURN(Traversal Using Relays around NAT)

server.
Example:
sip.nat_turn.password = yealink1105

Note:1 t wor ks only if the value of the para

If you change this parameter, the IP phone will reboot to make the change take effect.
Web User Interface:
Network->NAT->TURN->Password

Phone User Interface:

None

o Integer from 1024 to

sip.listen_port 5060
65535

Description :

Configures the local SIP port.
Web User Interface:
Settings->SIP->Local SIP Port

Phone User Interface:
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Parameter s Permitted Values Default
None
) ) 0, Integer from 1024
sip.tls_listen_port 5061
to 65535
Description :

Configures the local TLS listen port.

If it is set to O, the IP phone will not listen the TLSservice
Web User Interface:

Settings->SIP->TLS SIP Port

Phone User Interface:

None

To configure NAT traversal and STUN server via web user interface:

1. Click on Network ->NAT.
In the STUN block, select the desired value from the pull -down list of Active .

Enter the IP address or the domain name of the STUN server in theSTUN Server field.

p wD

Enter the port of the STUN server in the STUN Port (1024~65000) field.

Log Out
English(English) v

Yealink |vses

Account Network Directory

Basic Nat Manual ) NOTE
Active Diszbled hd
PC Port Network NAT
P Address admin
NAT *ou can click here to get
e @ more guides.
Advanced Active Disabled v
WiFi STUN o

Active Enabled v
STUN Server 218.107.220.201

STUN Port (1024~65000) 3478

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

6. Click OK to reboot the phone.
To configure manual NAT via web user interface:

1. Click on Network ->NAT.

2. Inthe Nat Manual block, select the desired value from the pull -down list of Active .
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3. Enter the external IP address in thelP Address field.

Log Out

H
Yealink | s
Status Account Dsskey Features Settings Directory Security
Basic Nat Manual ) NOTE
Active Enabled -
PC Port Network NAT
IP Address 10.3.5.33
NAT i @ You can click here to get
more guides.
Advanced Active Disabled -
STUN
WiFi 4

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

5. Click OK to reboot the phone.
To configure ICE feature via web user interface:

1. Click on Network ->NAT.

2. Inthe ICEblock, select the desired value from the pull -down list of Active .

Log Out |
English(English) v

Yealink | v

Account Dsskey Features Settings Directory Security

Basic Nat Manual &) NOTE
Active Disabled v
PC Port Network NAT
P Address
NAT *ou can click here to get
e @ more guides.
Advanced | Active | Enabled v

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

4. Click OK to reboot the phone.
To configure NAT traversal for account via web user interface:

1. Click on Account ->Register.

2. Select the desired account from the pull-down list of Account .
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3.  SelectSTUN/Manual NAT from the pull -down list of NAT.

Log Out
. Englch{Engksh)
Yealink | v
Network Dsskey Features Settings Directory Security
Register NOTE
Regeter Status Regutered
Basic Account Registration
Lne Actwve Enadled - 9 Registers account(s) for the P
~ one.
Codec Label 10 7} o
Server Redundancy
Advanced Désphay Name 1t (2] It & often requrred in VoIP
deployments to ensure
N;
Sl facos L @ continukty of phone service, for
User Name 101 events where the server needs
@ to be taken offine for
Password eseveene (7] mantenance, the server faks, or
the connection between the 1P
SIP Server 1 @ phone and the sarver faks.
Server Host 10.2.1.48 Port 5060 0 NAT Traversal
A general term for techniques
Transport uop - @ that establsh and mantan 1P
connections traversng NAT
Server Bxpres 3600 (2] gateways. STUN & one of the
Server Retry Counts 3 0 NAT traversal techniques.
e 2 0 You can configure NAT traversal
Server Host Port 5060 @ for ths account.
Transport uoP - 9 @) You can dick here to get
more guides.
Server BExpres 3600 (2]
Server Retry Counts 3 (2]
Enable Outbound Proxy Server Dsabled - @
Outbound Proxy Server 1 Port 5060 0
Outbound Proxy Server 2 Port 5060 (7]
Proxy Falback Interval 3600 (2]
l NAT STUN - @
Confrm Gancel

4. Click Confirm to accept the change.
To configure local SIP port and TLS SIP port via web user interface:

1. Click on Settings ->SIP.
2. Enter the desired local SIP port in theLocal SIP Port field.

3. Enterthe desired TLS SIP port in theTLS SIP Portfield.

TogOut
English(English) ¥

Yealink | v

Account Network Dsskey Settings Directory Security

SIP Confi
Preference . BULE
SIP Session Timer T1 (0.5~10s) 0.5 0
Time & Date SIP Session Timers
SIP Session Timer T2 (2~40s) 4 0 SIP session timers T1, T2 and
Call Displa T4 are SIP transaction layer
pay SIP Session Timer T4 (2.5~60s) 5 ) timers defined in RFC 3261.
Upgrade Timer T1 is an estimate of the
P9 £E I 060 0 Round Trip Time (RTT) of
transactions between a SIP
Auto Provision VLSS 3061 L clent and SIP server.

o Timer T2 represents the

Conﬁguratmn maximum retransmitting time of
any SIP reguest message.

Dial Plan
Timer T4 represents the time

_ the network wil take to clear

Voice messages between the SIP
client and server.

Ring

You can click here to get

ULTE more guides.

Softkey Layout
TRO69
Voice Monitoring

sIP
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4.

Click Confirm to accept the change.

To configure NAT traversal and STUN server via phone user interface:

1.
2.

PressMenu ->Advanced (default password: admin) ->Network ->NAT->NAT Status.

Press ® or @ , or the Switch soft key to select the desired value from the NAT Status
field.

Enter the IP address or the domain name of the STUN server in theSTUN Server field.
Enter the port of the STUN server in the STUN Port field.

Press theSave soft key to accept the change.

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

Click OK to reboot the phone.

To configure NAT traversal for a specific account via phone user interface:

1. PressMenu->Advanced (default password: admin) ->Accounts .
2. Press @ or @ to select the desired account and then press the Enter soft key.
3. Press @ or @ , or the Switch soft key to select the desired value from the NAT Status
field.
4. Press theSave soft key to accept the change.
Keep Alive
IP phones can send keepalive packets to the NAT device for keeping the communication port
open.
Procedure

Keep alive feature can be configured using the following methods.

Parameter:
Central Provisioning account.X.nat.udp_update_enable
_ _ _ <MAC> .cfg
(Configuration File) Configure the keep-alive interval on a

Configure the type of keep-alive

packets on a per-line basis.

per-line basis.
Parameter:

account.X.nat.udp_update_time

Web User Interface

Configure the type of keep-alive

packets on a per-line basis.

Configure the keep-alive interval on a
per-line basis.

Navigate to :

http://<phonelPAddress>/serviet?p=a
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ccount-adv&qg=load&acc=0

Details of Configuration Parameters:

Parameter s Permitted Values

Default

account.X.nat.udp_update_enable 0,1,2o0r3

Description :

0-Disabled

1-Default (the IP phone sends UDP packets to the server)
2-Options (the IP phone sends SIP OPTIOHN packets to the server)
3-Notify (the IP phone sends SIP NOTIFY packets to the server)

If it is set to O (Disabled), the IP phone will not send keep-alive packets.
X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29%
X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

Xis equal to 1 (for SIRT19(P) EACP860)

Web User Interface:
Account->Advanced->Keep Alive Type
Phone User Interface:

None

Configures the type of keep -alive packets sentby the IP phone to the NAT device to keep

the communication port open so that NAT can continue to function for account X.

Integer from 15 to

account.X.nat.udp_update_time
2147483647

30

Description :

Configures the keep-alive interval (in seconds) for account X.

X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)
X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

Xis equal to 1 (for SIRT19(P) EACP860)

Example:
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Parameter s Permitted Values Default

account.l.nat.udp_update_time= 30

Note : It works only if the value of the parameter] account . X. nat . uidgetta
1,20r3

Web User Interface:

Account->Advanced->Keep Alive Interval(Seconds)

Phone User Interface:

None

To configure the type of keep -alive packets and keep -alive interval via web user interface:

1. Click on Account ->Advanced .
Select the desired account from the pull-down list of Account .

Select the desired value from the pull -down list of Keep Alive Type .

p LN

Enter the keep-alive interval in the Keep Alive Interval(Seconds) field.

Log Out

English(English) ¥

Yealink | vas

Account Dsskey Features Settings Directory Security

- Accountl hd
Regiter = - I

Keep Alive Type Default v

NOTE

Basic

DTMF
It is the signal sent from the IP
phone to the network, which is

Keep Alive Interval(Seconds) 30

Codec generated when pressing the IP

phone’s keypad during a call.

RPort Disabled v

Advanced Subscribe Period(Seconds) 1800

Qo o0 @

Session Timer

v
DTMF Type RFC2833 It allows a periodic refresh of

5. Click Confirm to accept the change.

Rport

The Session Initiation Protocol (SIP) operates over UDP and TCP. When used with UDP,

responses to requests are returned to the source addressthe request came from, and returned

to the port written into t he messggentdowever,thi aDZ header of
behavior is not desirable when the client is behind a Network Address Translation (NAT) or

firewal.So a new parameter JrportbZfor the JViabDZheader

Rport described in RFC 354, allows a client to request that the server sends the response back
to the source port from which the request came.

Rport feature depends on support from a SIP server.
Procedure

Rport feature can be configured using the following methods.

L Configure NAT Rport feature on a
Central Provisioning . .
<MAC> .cfg per-line basis.
(Configuration File)
Parameter:
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account.X.nat.rport

Configure NAT Rport feature on a

per-line basis.
Web User Interface Navigate to :

http://<phonelPAddress>/serviet?p=a
ccount-adv&q=load&acc=0

Details of Configuration Parameter

Parameter Permitted Values Default

account.X.nat.rport 0,1or2 0

Description :

Enables or disables NAT Rport feature for account X.

0-Disabled

1-Enabled

2-Enable Direct Process

X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)
X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

Xis equal to 1 (for SIRT19(P) EZCP860)

Web User Interface:
Account->Advanced->RPort
Phone User Interface:

None

To configure Rport feature via web user interface:

1. Click on Account ->Advanced .

2. Select the desired account from the pull-down list of Account .
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3. Select the desired value from the pull -down list of RPort.

Log Out
English(English) ¥

Yealink | v _

Account Network Dsskey Features Settings Directory Security

;
Register

NOTE

Keep Alive Type Default v
Basic

DTMF
It is the signal sent from the IP
| phone to the network, which is

Keep Alive Interval(Seconds) 30

Codec

generated when pressing the IP
phone’s keypad during a call.

| RPort Enabled v

QOO OK

Advanced Subscribe Period(Seconds) 1800

4. Click Confirm to accept the change.

Quality of Service (QoS)

Quality of Service (QoS)is the ability to provide different priorities for different packets in the
network, allowing the transport of traffic with spe cial requirements. QoS guarantees are
important for applications that require fixed bit rate and are delay sensitive when the network
capacity is insufficient. There arefour major QoS factorsto be considered when configuring a
modern QoS implementation: bandwidth, delay, jitter and loss.

QoS provides better network servicethrough the following features:

Supporting dedicated bandwidth

Improving loss characteristics

Avoiding and managing network congestion
Shaping network traffic

Setting traffic prioritie s across the network

The BestEffort service is the default QoS model in IP networks. It provides no guarantees for
data delivering, which means delay, jitter, packet loss and bandwidth allocation are
unpredictable. Differentiated Services (DiffServ or DS) is the most widely used QoS model. It
provides a simple and scalable mechanism for classifying and managing network traffic and
providing QoS on modern IP networks. Differentiated Services Code Point(DSCP) is used to
define DiffServ classesand stored in the first six bits of the ToS (Type of Service)field. Each
router on the network can provide QoS simply based on the DiffServ class.The DSCP value
ranges from 0 to 63 with each DSCP specifying a particular perhop behavior (PHB) applicable to
a packet. A PHB refers to the packet scheduling, queuing, policing, or shaping behavior of a
node on any given packet.

Four standard PHBs available to construct a DiffServenabled network and achieve QoS:
Class Selector PHB -- backwards compatible with IP precedence Class Selector code
points are of the form jxxx000DZ he first three bits are the IP precedence bits.Theseclass

selector PHBs retain almost the same forwarding behavior as nodes that implement IP

precedence-based classification and forwarding.

Expedited Forwarding PHB -- the key ingredient in DiffServ model for providing a
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low-loss, lowlatency, low-jitter and assured bandwidth service.

Assured Forwarding PHB -- defines a method by which BAs (Bandwidth Allocations) can

be given different forward ing assurances.

Default PHB -- specifies that a packet marked with a DSCP value 0f 000000Dgets the

traditional best effort service from a DS-compliant node..

VolIP is extremely bandwidth and delay-sensitive. QoS s a major issue in \bIP implementations,
regarding how to guarantee that packet traffic not be delayed or dropped due to interference
from other lower priority traffic. VolP can guarantee high-quality QoS only if the voice and the
SIPpackets are given priority over other kinds of network traffic. IP phones support the DiffServ
model of QoS.

Voice QoS

In order to make VolP transmissions intelligible to receivers voice packets should not be
dropped, excessively delayed, or made to suffer varying delay.DiffServ model can guarantee

high-quality voice transmission when the voice packets are configured to a higher DSCPvalue.

SIP QoS

SIPprotocol is used for creating, modifying and terminating two -party or multi -party sessions.
To ensure good voice quality, SIPpackets emanated from IP phones should be configured with

a high transmission priority .

DSCPs for voice and SIP packets can be specified respectively

For voice and SIP packets, the IP phone btains DSCPinfo from the network policy if LLDP
feature is enabled, which takes precedence over manual settings For more information on LLDP,
refer to LLDPon page 72.

Procedure

QoS can be configured using the following methods.

Configure the DSCPs for voice

packets and SIP packets.

Central Provisioning )
<y0000000000xx>.cfg Parameters:

(Configuration File) .
static.network.qos.rtptos

static.network.qos.signaltos

Configure the DSCPs for voice
packets and SIP packets.

Web User Interface Navigate to :

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

Parameter s Permitted Values Default

static. network.qos.rtptos Integer from 0 to 63 46

Description :

Configures the DSCP(Differentiated Services Code Point)for voice packets.

The default DSCP value for RTP packets is 46 (Expedited Forwarding).

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

Web User Interface:

Network->Advanced->Voice QoS (0~63)

Phone User Interface:

None

static. network.qos.signaltos Integer from 0 to 63 26

Description :

Configures the DSCP(Differentiated Services Code Point)for SIP packets.

The default DSCP value for SIP packets is 26 (Assured Forwarding).

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

Web User Interface:

Network->Advanced->SIP QoS(0~63)

Phone User Interface:

None

To configure DSCPs for voice packets and SIP packets via web user interface:

1. Click on Network ->Advanced .

2.  Enter the desired value in the Voice QoS (0~63) field.
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3.  Enterthe desired value in the SIP QoS (0~63) field.

Loa Out

Yealink | vsc

Settings Directory Security

Basic Loe NOTE
Adlive Enabled
PC Port o VLAN
Packet Interval (1~3600s) 60 Tt & used to logicaly diide 3
coe physical network into several
NAT broadcast domains. VLAN
Active Diszbled membership can be configured
. = =] through software instead of
Advanced Packet Interval (1-3600s) 60 physically relocating devices or
connections.
WiFi . The priorty of VLAN assignment
5 method (from highest to
~ lowest) :LLDP/CDP->manual
Voice QoS configuration->DHCP VLAN
Voice QoS (0~63) 46 NAT Traversal
Tt s a general term for
SIP Qo5 (0~63) 26 techniques that estabish and
maintain IP connections
Local RTP Port traversng NAT gateways. STUN
. i s one of the NAT traversal
ax RTP Port (1~65535) 12780 echniauss.
Min RTP Port (1~65535] 11780
" =3 ) You can configure NAT traversal
Span to PC for the IP phone.
Span fo PC Part Enabled = Quality of Service (QoS)
It i the abiity to provide
Registration Random different priorities for different
packets in the network,
Registration Random (0-60s) 0 allowing the transport of traffic
with spedial requirements.
VPN
Web Server Type
Active Enabled -] It determines access protocol
T S and port of the IP phone's web
Upload VPN Config = - == user interface
Dloa:
802.1X Authentication
It offers an authentication
|_confim_] [ Goncel | mechzniem fne the Tp ohane b

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

5.  Click OK to reboot the phone.

802.1X Authentication

IEEBB02.1X authentication is an IEEEtandard for Port-based Network Access Control (PNAC)
part of the IEEE 802.1group of networking protocols. It offers an authentication mechanism for
devices to connect/link to a LAN or WLAN.
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The 802.1X authentication involves three parties: a supplicant, an authenticator and an

authentication server. The supplicant isthe IP phone that wishes to attach to the LAN or WLAN.

With 802.1X port-based authentication, the IP phone provides credentials, such as usemame

and password, for the authenticator, and then the authenticator forwards the credentials to the

authentication server for verification. If the authentication server determines the credentials are

valid, the IP phone is allowed to access resources located on the protected side of the network.

Authenticator 802.1x
Enabled Switch

Authenticator
Wireless
Access Point

Yealink IPphones support the following protocols for 802.1X authentication:

EARMDS5

EARTLS(requires Device and CA certificates requires no password)

EARPEAP/MSCHAPvZrequires CA certificates)

EARTTLS/EAPMSCHAPV2(requires CA certificates)

EARPEAP/GTQrequires CA certificates)

EARTTLS/EAPGTC(requires CA certificates)

EARFAST(supports EAP InBand provisioning, requires CA certificates if the

provisioning mode i s Authenticated Provisioning)

For more information on 802.1X authentication, refer to Yealink 802.1X Authentication

Procedure

802.1X authentication can be configured using the following methods.

hentication Server

Central Provisioning

(Configuration File)

<y0000000000xx>.
cfg

Configure the 802.1X authentication.
Parameters:

static.network.802_1x.mode

static.network.802_1x.eap_fast_provision_m
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ode
static.network.802_1x.anonymous_identity
static.network.802_1x.identity
static.network.802_1x.md5_password
static.network.802_1x.root_cert_url

static.network.802_1x.client_cert_url

Configure the 802.1X authentication.

Navigate to :
Web User Interface

http://<phonelPAddress>/serviet?p=netwo

rk-adv&qg=load

Phone User Interface Configure the 802.1X authentication.

Details of Configuration Parameters:

Parameter s Permitted Values Default

static. network.802_1x.mode 0,1,2,3,4,560r7 0

Description :

Configures the 802.1xauthentication method.
0-EARNone

1-EARMDS5S

2-EARTLS

3-EARPEAPMSCHAPV2
4-EARTTLS/EAPMSCHAPV2
5-EARPEAP/GTC

6-EARTTLS/EAPGTC

7-EARFAST

If it is set to 0 (EARNone), 802.1xauthentication is not required.

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

effect.

Web User Interface:
Network->Advanced->802.1x->802.1x Mode
Phone User Interface:

Menu->Advanced (default password: admin) ->Network->802.1x->802.1x Mode

static. network.802_1x.eap_fast_provision_mode Oorl 0
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Parameter s Permitted Values Default

Description :

Configures the EAP InBand provisioning method for EARFAST
0-Unauthenticated Provisioning
1-Authenticated Provisioning

If it is set to 0 (Unauthenticated Provisioning), EAP IrBand provisioning is enabled by
server unauthenticated PAC (Protected Access Credential) provisioning using anonymous
Diffie-Hellman key exchange.

If it is set to 1 (Authenticated Provisioning), EAP IrnBand provisioning is enabled by server
authenticated PAC provisioning using certificate based server authentication.

Note: 1t wor ks only i f t hetatiwmad tuveo rokf. & th2e_ lpxa.rm
(EARFAST. If you change this parameter, the IP phone will reboot to make the change take
effect.

Web User Interface:

Network->Advanced->802.1x->Provisioning Mode

Phone User Interface:

None
. . . String within 512
static. network.802_1x.anonymous_identity Blank
characters
Description :

Configures the anonymous identity (user name) for 802.1X authentication.
It is used for constructing a secure tunnel for 802.1X authentication.
Example:

static.network.802_1x.anonymous_identity =anonymous

Note: 1 t wor ks only i f t hetatiznael tuneo rokf. 8 Oh2e_ Ipxa.r na
4,5, 6 or 7. If you change this parameter, the IP phone will reboot to make the change take

effect.

Web User Interface:
Network->Advanced->802.1x->Anonymous |dentity

Phone User Interface:

None
. ) . String within 32
static. network.802_1x.identity Blank
characters
Description :

Configures the identity (or user name) for 802.1x authentication.
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Parameter s Permitted Values Default

Example:

static.network.802_1x.identity = yealink

Note: 1t wor ks only i f t hsetatiznael tuneo rokf. 8 Ch2e_ Ipxa.r na
3, 4,5, 6 or 7.If you change this parameter, the IP phone will reboot to make the change
take effect.

Web User Interface:

Network->Advanced->802.1x->ldentity

Phone User Interface:

Menu->Advanced (default password: admin) ->Network->802.1x>Identity

) String within 32
static. network.802_1x.md5_password Blank
characters

Description :

Configures the password for 802.1x authentication.

Example:

static.network.802_1x.md5_password = admin123

Note: 1t wor ks only i f t hetatiwnael tuneo rokf. 8 Oh2e_ Ipxa.r na
4,5, 6 or 7.1f you change this parameter, the IP phone will reboot to make the change take
effect.

Web User Interface:

Network->Advanced->802.1x->MD5 Password

Phone User Interface:

Menu->Advanced (default password: admin) ->Network->802.1x>MD5 Password

URL within 511
static. network.802_1x.root_cert_url Blank
characters

Description :

Configures the access URL of theCA certificate.

Example:

static.network.802_1x.root_cert_url = http://192.168.1.10/ca.pem

Note: 1t wor ks only i f t hsetatiznael tuneo rokf. 8 Ch2e_ Ipxa.r na
4, 5, 6 or 7.1f the authentication method is EAP-FAST, you also need to set the value of the
par amatatemetfwor k. 802 _1x. eap_fast _provision
Provisioning). The format of the CA certificate must be *.pem, *.crt, *.cer or *.der.

Web User Interface:

Network->Advanced->802.1x->CA Certificates
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Parameter s Permitted Values Default

Phone User Interface:

None
. . URL within 511
static. network.802_1x.client_cert_url Blank
characters
Description :

Configures the access URL of the deviceertificate.
Example:
static.network.802_1x.client_cert_url = http://192.168.1.10/client.pem

Note: 1 t wor ks only i f t hetatiwrad tuveo rokf. & th2x_ Ipxa.rm
(EARTLS. The format of the device certificate must be *.pem.

Web User Interface:
Network->Advanced->802.1x->Device Certificates

Phone User Interface:

None

To configure the 802.1X authentication via web user interface:

1. Click on Network ->Advanced .
2. Inthe 802.1x block, select the desired protocol from the pull -down list of 802.1x Mode .
a) Ifyou select EAP-MD5:
1) Enter the username for authentication in the Identity field.

2) Enter the password for authentication in the MD5 Password field.

og 0

Yealink | s

Account
& LLDP
Basic
Active Enabled o
PC Port VLAN
Packet Interval (1~3600s) 60 It is used to logically divide a
hysical network into several
NAT 2
cop broadcast domains. VLAN
s membership can be configured
Advanced Active Disabled v through software instead of
Packet Interval (1~3600s) 60 Elysca e i deshces oy
WiFi connections.
= The priority of VLAN assignment
method (from highest to
- lowest) :LLDP/CDP->manual
" configuration->DHCP VLAN
802.1x
NAT Traversal
802.1x Mode EAP-MDS v It is a general term for
techniques that establish and
Provisioning Mode Unauthenticated Provisic maintain IP connections
traversing NAT gateways. STUN
Anonymous Identity is one of the NAT traversal
techniques.
Identity yealink
You can configure NAT traversal
MDS5 Password essscsee for the IP phone.
I Browse... =
CA Certificates Quality of Service (QoS)
Upload It is the abiity to provide
Browea .. different priorities for different
Device Certificates packets in the network,
Upload allowing the transport of traffic
with special requirements.
[ Confirm Cancel S
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b) If you select EAP-TLS

1) (Optional.) Enter the anonymous user name for authentication in the
Anonymous Identity field.

2) Enter the username for authentication in the Identity field.
3) Leave theMD5 Password field blank.

4) Inthe CA Certificate s field, click Browse to select the desired CA certificate

(*.pem, *.crt, *.cer or *.der) from your local system.

5) Inthe Device Certificate s field, click Browse to select the desired client (*.pem

or *.cer) certificate from your local system.

6) ClickUpload to upload the certificates.

TogOut |

English(English) v

Yealink | s

Status ‘ ‘ Account Security i
2 LLDP
Basic NOTE
Active Enabled v
PC Port VLAN
Packet Interval (1~3600s) 60 1t is used to logically divide a
physical network into several
Ax L broadcast domains. VLAN
2 membership can be configured
Advanced Aclhis Disabled = through software instead of
Packet Interval (1~3600s) 60 Dhys“ci’.' febcamg devkeas op
WiFi connections.
. The priority of VLAN assignment
method (from highest to
s lowest) :LLDP/CDP->manual
. configuration->DHCP VLAN
802.1x
NAT
802.1x Mode EAP-TLS v It is a general term for
techniques that establish and
Provisioning Mode Unauthenticated Provisic maintain IP connections
3 traversing NAT gateways. STUN
Anonymous Identity Anonymous is one of the NAT traversal
techniques.
Identity yealink
MDS Password sesecsse ;?“tlinl;‘;%ﬁ“e’e NAT bt
CA Certificat I [oree...) Quality of Service (QoS)
ertificates uality of i
Upload It is the ability to provide
| Browse... different priorities for different
Device Certificates packets in the network,
Upload allowing the transport of traffic
with special requirements.
Confirm Cancel i e S

c) If you select EAP-PEAP/MSCHAPV2:

1) (Optional.) Enter the anonymous user name for authentication in the

Anonymous ldentity field.
2)  Enter the username for authentication in the Identity field.
3) Enter the password for authentication in the MD5 Password field.

4) Inthe CA Certificate s field, click Browse to select the desired CA certificate

(*.pem, *.crt, *.cer or *.der) from your local system.
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5) ClickUpload to upload the certificate.

Yealink | +ss e

Status i. Account

Basic LLDP
PC Port
NAT CcDP
Advanced
WiFi

802.1x

Network

Active

Packet Interval (1~3600s)

Active

Packet Interval (1~3600s)

Dsskey ||

Features ||

|| Settings

Enabled -
60
Disabled v
60

802.1x Mode
Provisioning Mode
Anonymous Identity
Identity

MD5 Password

CA Certificates

EAP-PEAP/MSCHAPV2  ~
Unauthenticated Provisic
Anonymous

yealink

Browse...

Upload

Device Certificates

Confirm

Browse...

Upload

Cancel

Log Out

“‘ Directory i Security j

NOTE

VLAN

1t is used to logically divide a
physical network into several
broadcast domains. VLAN
membership can be configured
through software instead of
physically relocating devices or
connections.

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

NAT Traversal

1t is a general term for
techniques that establish and
maintain IP connections
traversing NAT gateways. STUN
is one of the NAT traversal
techniques.

You can configure NAT traversal
for the IP phone.

Quality of Service (QoS)

1t is the ability to provide
different priorities for different
packets in the network,
allowing the transport of traffic
with special requirements.

Mioh So; k2

d)

If you select EAP-TTLS/EAP-MSCHAPV2:

1) (Optional.) Enter the anonymous user name for authentication in the

Anonymous Identity field.

2) Enter the username for authentication in the Identity field.

3) Enter the password for authentication in the MD5 Password field.

4) Inthe CA Certificate s field, click Browse to select the desired CA certificate

(*.pem, *.crt, *.cer or*.der) from your local system.

5) ClickUpload to upload the certificate.

Account |

Basic LLDP
PC Port
NAT cop
Advanced
WiFi

802.1x

Network

Active

Packet Interval (1~3600s)

Active

Packet Interval (1~3600s)

| Dsskey H Features

Enabled i
60
Disabled L
60

Togout |

English(English)

|| settings 1\ Directory || Security |

NOTE

VLAN

1t is used to logically divide 2
physical network into several
broadcast domains. VLAN
membership can be configured
through software instead of
physically relocating devices or
connections.

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

NAT

802.1x Mode
Provisioning Mode
Anonymous Identity
Identity

MDS Password

CA Certificates

EAP-TTLS/EAP-MSCHAP v
Unauthenticated Provisic

Anonymous

yealink

| Browse...
Upload

Device Certificates

Confirm

| Browse...

Upload

Cancel

1t is a general term for
technigues that establish and
maintain IP connections
traversing NAT gateways. STUN
is one of the NAT traversal
technigues.

You can configure NAT traversal
for the IP phone.

Quality of Service (QoS)

It is the ability to provide
different priorities for different
packets in the network,
allowing the transport of traffic
with special requirements.

YRS =
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e) If you select EAP-PEAP/GTC

1) (Optional.) Enter the anonymous user name for authentication in the

Anonymous Identity field.

2) Enter the username for authentication in the Identity field.

3) Enter the password for authentication in the MD5 Password field.

4) Inthe CA Certificate s field, click Browse to select the desired CA certificate

(*.pem, *.crt, *.cer or *.der) from your local system.

Yealink | v

[ Status H Account i

Basic LLO2
PC Port
NAT CcDP
Advanced
WiFi

802.1x

Active

Packet Interval (1~3600s)

Active

Packet Interval (1~3600s)

Enabled

60

Disabled

60

Tog Out

English(English) -

! Dsskey H Features H Settings [j Directory H Security }

NOTE

VLAN

It is used to logically divide a
physical network into several
broadcast domains. VLAN
membership can be configured
through software instead of
physically relocating devices or
connections.

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

NAT

802.1x Mode

Provisioning Mode

EAP-PEAP/GTC

Unauthenticated Provisic

It is a general term for
techniques that establish and
maintain IP connections
traversing NAT gateways. STUN
is one of the NAT traversal

Anonymous Identity Anonymous
technigues.
|dentity yealink
You can configure NAT traversal
MD5 Password eescssce for the IP phone.
5 I Browse... Quality of Service (QoS)
£h Catificates Upload It is the abiity to provide
I = different priorities for different
rowse... 5
packets in the network,
Devie Certficates Upload allowing the transport of traffic
with special requirements.
Confirm Cancel

5) ClickUpload to upload the certificate.

f)  If you select EAP-TTLS/EAR-GTC

1) (Optional.) Enter the anonymous user name for authentication in the

Anonymous ldentity

2)  Enter the username for authentication in the Identity field.

field.

3) Enter the password for authentication in the MD5 Password field.
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4) Inthe CA Certificate s field, click Browse to select the desired CA certificate
(*.pem, *.crt, *.cer or *.def) from your local system.
Tog Out

Yealink | s

\‘ Status H Account Network

Basic LLoP MOLE

Active Enabled v
PC Port VLAN

Packet Interval (1~3600s) 60 It is used to logically divide a
NAT physical network into several
broadcast domains. VLAN
membership can be configured
through software instead of

. physically relocating devices or

Wik Packet Interval (1~3600s) 60 it

Advanced Active Disabled -

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

o configuration->DHCP VLAN

802.1x NAT Traversal

It is a general term for

802 1k Mode EAP-TTLS/EAP-GTC  ~ techniques that establish and
maintain IP connections
traversing NAT gateways. STUN
is one of the NAT traversal
technigues.

Provisioning Mode Unauthenticated Provisic
Anonymous Identity Anonymous

Identif ealink
4 L You can configure NAT traversal

MDS Password sseccsse for the 1P phone.

| Browse... Quality of Service (QoS)
CA Certificates W It is the ability to provide
different priorities for different
| Browse... packets in the network,
allowing the transport of traffic
with special requirements.

Confirm Cancel RS -

Device Certificates
Upload

5) ClickUpload to upload the certificate.
g) Ifyou select EAP-FAST.

1) (Optional.) Enter the anonymous user name for authentication in the
Anonymous Identity field.

2) Enter the username for authentication in the Identity field.
3) Selectthe desired value from the pull-down list of Provisioning Mode
4)  Enter the password for authentication in the MD5 Password field.

5) Inthe CA Certificate s field, click Browse to select the desired CA certificate
(*.pem, *.crt, *.cer or *.der) from your local system.
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The CA certificate needs to be uploaded only when Authenticated Provisioning mode is

selected from the Provisioning Mode field.

Yealink | vssc

Status

‘ Account Network

A LLDP
Basic
Active Enabled ¥
PC Port VLAN
Packet Interval (1~3600s) 60 It is used to logically divide a
hysical network into several
NAT R
A cop broadcast domains. VLAN
2 membership can be configured
Advanced . Disabled . through software instead of
PacketInterval (1~3600) 60 physcal Tslocatng devices o6
WiFi connections.
= The priority of VLAN assignment
method (from highest to
b lowest) :LLDP/CDP->manual
" configuration->DHCP VLAN
802.1x NAT
It is a general term for
B0 ixHode SAREAST = techniques that establish and
S maintain IP connections
Pi Mod
rovisioning Mode Unauthenticated Provisic v tavering NAT cataways. STUN
Anonymous Identity Anonymous is one of the NAT traversal
techniques.
Identity yealink
You can configure NAT traversal
MD5 Password esosccee for the IP phone.
Browse... Quality of Service (QoS)
CA Certfficates Upload It is the ability to provide
| different priorities for different
Browse... i
packets in the network,
Device Certificates Upload allowing the transport of traffic
with special requirements.
Confirm Cancel ‘ A

6) ClickUpload to upload the certificate.
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 the 802.1X authentication via phone user interface:

1. PressMenu->Advanced (default password: admin) ->Network ->802.1x.

2. Press@ or @ , or the Switch soft key to select the desired value from the 802.1x
Mode field.

a) If you select EAP-MD5:

1) Enter the username for authentication in the Identity field.

2)  Enter the password for authentication in the MD5 Password field.
b) If you select EAP-TLS

1) Enter the username for authentication in the Identity field.

2) Leave theMD5 Password field blank.
c) If you select EAP-PEAP/MSCHAPV2:

1) Enter the username for authentication in the Identity field.

2) Enter the password for authentication in the MD5 Password field.
d) If you select EAP-TTLS/EAP-MSCHAPV2:

1) Enter the username for authentication in the Identity field.

2) Enter the password for authentication in the MD5 Password field.
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e) If you select EAP-PEAP/GTC

1) Enter the username for authentication in the Identity field.

2) Enter the password for authentication in the MD5 Password field.
f)  If you select EAP-TTLS/EAR-GTC

1) Enter the user name for authentication in the Identity field.

2)  Enter the password for authentication in the MD5 Password field.
g) Ifyou select EAP-FAST:

1) Enter the username for authentication in the Identity field.

2)  Enter the password for authentication in the MD5 Password field.

3. Click Save to accept the change.

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

4. Click OK to reboot the phone.

Setting Up Your Phones with a Provisioning Server

This chapter provides basic instructions for setting up your IP phones with a provisioning server.
This chapter consists of the following sections:

Provisioning Points to Consider

Provisioning Methods

Boot Files,Configuration Files and ResourceFiles
Setting Up a Provisioning Server

Upgrading Firmware

Keeping User Personalized Settings after Auto Provisioning

Provisioning Points to Cons ider

If you are provisioning a mass of IPphones, we recommend you to use central provisioning
method as your primary configuration method. For more information on central

provisioning, refer to Central Provisioning on page 129.

A provisioning server maximizes the flexibility you have when installing, configuring,
upgrading, and managing the IP phones, and enables you to storeboot, configuration, log,
and contact files on the server. You can set up a provisioning server on the Iacal area
network (LAN) or anywhere on the Internet. For more information, refer to Setting Up a
Provisioning Serveron page 140.

If the IP phone cannot obtain the address of a provisioning server during startup , and has
not been configured with settings from any other source, the IP phone will use
configurations stored in the flash memory. If the phone that cannot obtain the address of a
provisioning server has previously been configured with settings it will use those previous
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settings.

Provisioning Methods

IP phones can be configured automatically through confi guration files stored on a central
provisioning server, manually viaweb user interface or phone user interface, or by a
combination of the automatic and manual methods. If a central provisioning server is not

available, you can configure most features usng manual method.

There may be a configuration priority among the provisioning methods - settings you make
using a higher priority provisioning method override settings made using a lower priority
provisioning method.

The precedence order for configuration parameter changes is as follows (highest to lowest):

A S S
Phone/Web User Interface
[ 1 Priorty
Note The priority mechanism takes effect only if the value of the parameter

Jstatic.auto_provi si onForearsitfasnmatiop ondhts pacam@ar, refer te e
Configuration Parameters on page 154.

Static settings have no priority. For example, settings associated with auto
provisioning/network/syslog, TR069 settings and internal settings (e.g., the temporary
configurations to be used for program running). For more information, refer to Appendix F: Static
Settings on page 1018.
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Central Provisioning

The following figure shows how the phone interoperates with provisioning server when you use
the centralized provisioning method:

S
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SIP IP Phona

Using the boot files and configuration files to provision the phones and to modify features and
configuration s is called the central provisioning method. You can use a text-based editing
application to edit boot files and configuration files, and then store boot files and configuration
files to a provisioning server. IP phones can be centrally provisioned from a provisioning server.
For more information on the provisioning server, refer to Setting Up a Provisioning Serveron
page 140. For more information on boot files, refer to Boot Files on page 131. For more
information on configuration files, refer to Configuration Files on page 133.

IP phones can obtain the provisioning server address during startup . Then IP phones download
boot file s and 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 T5 Series W5 Series CP860 IP_Phones Auto_Provisioning Guid adition
to the boot files and configuration files, the IP phones also download resource files during auto

provisioning. For more information on resource files, refer to Resource Fileson page 135.

Yealink IP phones support keeping user personalized configuration settings using the
MAC-Ilocal CFG file. For more information onthis file, refer to MAC-local CFG Fileon page 134.

The IP phones can be configured to upload log files (log files provide a history of phone events),
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call log files and contact files to the provisioning server. You canconfigure a separate directory
for each of these files to help organize: a log file directory, a call log file directory and a contact
file directory. For more information, refer to Viewing Log Fileson page 947, Backing up the Call
Log on page 335 and Backing up the Local Contacs on page 359.

Manual Provisioning

When you manually configure a phone via web user interface or phone user interface, the
changes associated with non-static settings you make will be stored in the MAC-local CFG file
For more information on MAC-local CFG file, refer toMAC-local CFG Fileon page 134. This file is
stored on the phone, but a copy can be also uploaded to the provisioning server or a specific
URL(if configured).

There are two ways to manually provision IP phones:

Web User Interface

Phone User Interface

Web User Interface

You canconfigure IP phones via web userinterface, a web-based interface that is especially
useful for remote configuration. Because features andconfiguration s vary by phone model and

firmware version, options available on each page of the web user interface can vary.

An administrator or a user can configure IP phonesvia web user interface; but accessing the
web user interface requires password. The default user name and password for the

admi ni st r atadminD&asesersitive) The]default user name and password for the
usera r e husetDEasé sensitive).For more information on configuring passwords, refer to

Userand Administrator Passwords on page 907.

Thismethod enables you to perform configuration changes on a per-phone basis. Note that the
features can be configured via web user interfaceare limited. So, you can use the web user
interface method as the sole configuration method or in conjunction with central provisioning

method and phone user interface method.

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

more information, refer to Web Server Typeon page 61.

Phone User Interface
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You canconfigure IP phones viaphone user interface on a per-phone basis. As with the web
user interface, phone user interface makes configuration s available to users and administrators;
but the Advanced/Advanced Settings option is only available to administrators and requires
an administrator password (default: admin). For more information on configuring password,

refer to Userand Administrator Passwords on page 907.

If you want to reset all settings made from the phone user interface to default, refer to Yealink

phone-specific user guide.
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Boot Files, Configuration Files and Resource Files

When IP phones areconfigured with central provisioning m ethod, they will request to download

the boot files, configuration files and resource filesfrom the provisioning server.

The following sections describe the details of boot files, configuration files and resource files:
Boot Files
Configuration Files
ResourceFiles

Obtaining Boot Files/Configuration Files/ ResourceFiles

Boot Files

Note

Yealink IP phones running firmware version 81 or later support a new boot file in which you can
customize the download sequence of configuration files. It is efficiently for you to provision your
IP phones in different deployment scenarios, especially when you want to apply a set of features
or settings to a group of phones.

You can select whether to use the boot file or not for auto provisioning according to your
deployment scenario. If you do not use the boot file, proceed to Configuration Files on page 133.
That is, youcan also use the old mechanism for auto provisioning.

The boot files are valid BOOT files thatcan be created or edited using a text editor such as
UltraEdit. The boot files are first downloaded when you provision the phones using centralized
provisioning (refer to Central Provisioning). The configuration parameters are not included in
the boot file. You canreference some configuration files that contain parameters in the boot
files to be acquired by all your phones and specify the download sequence of these
configuration files.

Yealink supports two types of boot files: common boot file and MAC -Oriented boot file.

During auto provisioning, the IP phone first tries to download the MAC-Oriented boot file (refer
to MAC-Oriented Boot File), and then download configuration files referenced in the
MAC-Oriented boot file in sequence from the provisioning server. If no matched MAC-Oriented
boot file is found, the IP phone tries to download the common boot file (refer to Common Boot
File) and then downloads configuration files referenced in the common boot file in sequence. If
no common boot file is found, the IP phone downloads the common CFG file (refer to Common
CFGFile) and MAC-Oriented CFG file (refer to MAC-Oriented CFGFile) in sequence.

The following figure shows an example of common boot file:

#lversion:1.0.0.1
#The header above must appear asis in the first line

include:config <configure/sip.cfg>
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incl ude: col®Rb2P6kjohntftipg:u/r/le/ account . cf gbZz

overwrite_mode = 1

Learn the following:

The line beginning with J#Di& considered to be a comment.

The file headerj#!version:1.0.0.Di& not a comment and must be placed in the first line. It

cannot be edited or deleted .

Each jincludeDZstatement c dlmerefeedcedrcanfiggrationa conf i gur a
file format must be *.cfg.

The contents in the angle brackets or double quotation marks represent the download
paths of the referenced configuration files (e.g., http:// 10.2.5.208configure/account.cfg ).
The download path must point to a specific CFG file. Thesip.cfg and account.cfg are the
specified configuration files to be downloaded during auto provisioning.

The CFG files are downloaded in the order listed (top to bottom).

The IP phone downloads the boot file first, and then do wnloads the sip.cfg and account.cfg
configuration files from the Jconf isgqueneeDObedi r ect ory o
parameters in the new downloaded configuration files will override the duplicate parameters in

files downloaded earlier.

Jjoverite_mode = 1DZ means overwrite mode is enabl ed
applied to the configuration files specified to download. If the value of a parameter in

configuration files is left blank or a parameter in configuration files is deleted or

commented out, the factory default value can take effect immediately after auto

provisioning.

Note Overwrite mode only affects the non-static settings configured using configuration files.

If you do not use the boot file for auto provisioning, overwrite mode is disabled by default and
you are not allowed to enable it.

For more information on how to customize boot file, referto  Yealink SIPT2 Series T19(P)
E2 T4 SeriesT5 Series W5 Series CP860 IP_Phones Auto Provisioning Guide V81

Common Boot File

Common boot file, named y0000000000@.boot, is effectual for all phones.

MAC-Oriented Boot File

MAC-Oriented boot file, named <MAC> .boot. It will only be effectual for a specific IP phone.

The MAG Oriented boot file should be created using template boot file in advance.

The MAC-Oriented boot file is named after the MAC address of the IP phone. MAC address, a

unique 12-digit serial number assigned to each phone, can be obtained from the bar code on
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the back of the IP phone. For example, if the MAC address of an IP phone is 00156574B150, the
name of the MAC-Oriented boot file is 00156574b150.boot (case sensitive).

Configuration Files

The configuration files are valid CFGfiles that can be created or edited using a text editor such
as UltraEdit An administrator can deploy and maintain a mass of Yealink IP phones

automatically through configuration files stored on a provisioning server .
Yealink configuration files consist of:

Common CFGFile

MAC-Oriented CFG File

MAC-local CFGFile

Custom CFGFile

Common CFG File

Common CFG file, named<y0000000000xx>.cfg, contains parameters that affect the basic
operation of the IP phone, such as language and volume. Itwill be effectual for all IP phones of

the same model. The common CFG file has a fixed name

The following table lists the name of the common CFG file for each IP phone model:

IP Phone Model Common CFG file
SIRT54S y000000000070.cfg
SIRT52S y000000000074.cfg
SIRT48G y0000000000B5.cfg
SIRT48S y000000000085.cfg
SIRT46G y000000000@28.cfg
SIRT46S y000000000066.cfg
SIRT42G y000000000@9.cfg
SIRT42S y000000000067.cfg
SIRT41P y0000000000B6.cfg
SIRT41S y000000000068.cfg
SIP-T40P y000000000054.cfg
SIP-T40G y000000000076.cfg
SIRT29G y000000000046.cfg
SIRT27P y000000000045.cfg
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IP Phone Model Common CFG file
SIRT27G y000000000069.cfg
SIRT23P/G y000000000044.cfg
SIP-T21(P) E2 y00000000062.cfg
SIP-T19(P) E2 y00000000063.cfg
CP860 y00000000007.cfg

MAC-Oriented CFG File

MAC-Oriented CFG filg named <MAC>.cfg, contains parameters unique to a particular phone,

such as account registration. It will only be effectual for a specific IP phone.

The MAC-Oriented CFG file is namedafter the MAC addressof the IP phone. MAC address a
unique 12-digit serial number assigned to each phone, can be obtained from the bar code on
the back of the IP phone. For example,if the MAC address of an IP phone is 001565748150, the
name of the MAC-Oriented CFG fileis 00156574b150.cfg (case sensitive).

MAC-local CFG File

MAC-local CFG file named <MAC> -local.cfg, contains changesassociated with non-static

settings that users make via web user interface and phone user interface for example, updates

to time and date formats, ring tones, dial plan and DSS keys)This file generates only if the value

of the parameter Jstatic.auto_provision.custom.prote:q

The MAC-local CFG file is also namedafter the MAC address(the bar code label on the back of
the IP phone or on the outside of the box ) of the IP phone. For example,if the MAC address of
an IP phone is 001565748150, the name of the MAC-local CFG fileis 00156574b150-local.cfg

(case sensitive).
Note After the provisioning priority mechanism is enabled (configured by the parameter
Jstatic.autoomrpvbseonhDFusall ol der changes made Vvia we

not be saved in the <MAC> -local.cfg file. But the older settings still take effect on the phone. For
more information on this parameter, refer to Configuration Parameters on page 154.

Keeping User Personalized Settings

The MAC-local CFGfile is stored locally on the IP phone and can also be uploaded to the
provisioning server/a specific URL(if configured, refer to Configuration Parameters). This file
enables usersto keep their personalized configuration settings , even though the IP phone
reboots or upgrades. For more information on how to keep user personalized settings, refer to

Keeping User Personalized Settings after Auto Provisioning on page 153.
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Users can also select to clear the user personalized configuration settingsUserscan clear the
MAC-local CFG fileusing the following methods:

To clear the MAC-local CFGfile, reset the IP phone to factory configuration settings by
selecting Reset local settings via phone user interface (navigate to Menu ->Advanced

(default password: admin) ->Reset Config ).

To clear the MAC-local CFGfile, reset the IP phone to factory configuration settings by
navigating to the Upgrade menu via web user interface and clicking Reset local setting .

Configurations defined never be saved to  the <MAC> -local.cfg file

Most configurations made by users via phone user interface and web user interface can be
saved to the <MAC>-local.cfg file, but some static settings will never be saved to the

<MAC> -local.cfg file. For more information, refer to Appendix F: Static Settingson page 1018.

You need to reset the phone configuration s not saved in the <MAC> -local.cfg file separately.
For more information, refer to Resetting Issueson page 978.

By default, the MAC-local.cfg file will be stored on the IP phone. The IP phone can be configured
to upload this file to the provisioning server each time the file updates. For more information,
refer to the parameter jstatica ut o _pr ov i s i odescibadsnthe sectiory n ¢ DZ

Configuration Parameters on page 154.

Custom CFG File

You can create some new CFG files (e.qg., sip.cfg, account.cfgpntaining any combination of
configuration parameters. This especially useful when youwant to apply a set of features or

settings to a group of phones using the boot file.

For more information on how to create a new CFG file, refer to Yealink SIPT2 %ries T19(P)

E2 T4 Series T5 Series W5 Series CP860 IP_Phones Auto Provisioning Guide V81

Resource Files

When configuring some particular features, you may need to upload resource files to IP phones.
Resourcefiles are optional, but if the particular feat ure is being employed, these files are
required.

If the resource file is to be used for all IP phones of the same model, the access URLof resource
file is best specified in the common CFG file. However, if you want to specify the desired phone
to use the resource file, the access URLof resource file should be specified in the MAC-Oriented
CFG file During provisioning, the IP phones will request the resource files in addition to the
configuration files. For more information on the access URLof resource file, refer to the
corresponding section in this guide.

The followings show examples of resource files:

Language packs

Ring tones
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Local contact file
Input method file

For more information on resource files, refer to Obtaining Boot Files/Configuration

Filed Resource Fileson page 137.

If you want to delete resource files from a phone at a later date - for example, if you are giving
the phone to a new user - you can reset the IP phone to factory configuration settings . For more

information, refer to Resetting Issueson page 978.
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Obtain ing Boot Files/ Configuration Files /Resource Files

Yealink supplies some template configuration files and resource files for you, so you candirectly edit and customize the files as required. You can ask the distributor or

Yealink FAEor template files. You can also obtainthe template files online: http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage .

The names of the Yealinksupplied template files are:

Template File File Name Description

Allows you to customize the download sequence of the configuration

Boot File y000000000000.boot files during auto provisioning. For more information, refer to Boot Files
on page 131.
Common CFG File | Common.cfg Allow you to deploy and maintain a mass of Yealink IP phones. For
more information, refer to Common CFG Fileand MAC-Oriented CFG
MAC-Oriented CFG .
. . MAC.cfg File on page 134.
Configuration File
Files
For example,
) ) Allow you to apply a set of features or settings to a group of Yealink IP
Custom CFG Files sip.cfg . . )
phones. For more information, refer to Custom CFG Fileon page 135.
account.cfg
Allows you to add or modify time zone and DST settings for your area.
Resource Files | AutoDST Template | AutoDST.xml For more information, refer to Customizing an AutoDSTTemplate File
on page 258.
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Template File

File Name

Description

Language Packs

For example,
000.GUI.English.lang
1.English_note.xml

1.English.js

Allow you to customize the translation of the existing language on the
phone/web user interface. For more information, refer to Loading

Language Packson page 262.

Keypad Input
Method Fle

ime.txt
Russian_ime.txt

Hebrew_ime.txt

Allow you to customize the existing input method on YealinkIP
phones. For more information, refer to Keypad Input Method

Customization on page 271.

Replace Rule

Allows you to customize multiple replace rules for IP phone dial plan.

dialplan.xml For more information, refer to Customizing ReplaceRule Template File
Template
on page 297.
Allows you to customize multiple dial now rules for IP phone dial plan.
Dial Now Template | dialnow.xml For more information, refer to Customizing Dial Now Template File on

page 302.

Softkey Layout

Template

CallFailed.xml
Callln.xml

Connecting.xml

Dialing.xml (not applicable to

SIRT48GS IP phones)
RingBack.xml

Talking.xml

Allow you to customize soft key layout for different call states. For
more information, refer to Customizing Softkey Layout Template File

on page 283.

Directory Template

favorite_setting.xml

Allows you to customize the directory list for your IP phone. For more
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Template File File Name Description

information, refer to Customizing a Directory Template File on page
327.

Allows you to customize the search source ist for your IP phone. For
Super Search

T | super_search.xml more information, refer to Customizing a Super SearchTemplate File
emplate

on page 331.

Allows you to add or modify multiple contacts at a time for your IP
Local Contact File contact.xml phone. For more information, refer to Customizing a Local Contact Fle

on page 342.

Allows you to add or modify multiple remote contacts for your IP
Remote Phone Book | Department.xml

phone. For more information, refer to Customizing Remote Phone
Template Menu.xml

Book Template Fileon page 574.
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To download template files:

1. Goto Yealink Document Download page and select the desired phone model.
2. Download and extract the combined files to your local system.

For example, the following illustration shows the template files available for SIP-T46G IP

phones running firmware version 81.

User Yealink_SIP-T46G_User_Guide_V&1_20.pdf

Documents X R . ) . .
Yealink_SIP-T2_Series_T19(P) E2_T4_Series_IP_Phones_Administrator_Guide_V81_20.pdf

Yealink_SIP-T2_Series_T19(P)
E2_T4_Series_CP860_IP_Phones_XML_Browser_Developer's_Guide_V&1_20.pdf

Yealink_SIP-T2 Series_T19(P) E2_T4_Series_IP_Phones_Auto_Provisioning_Guide_V81_20.pdf

Yealink_SIP_Phones_AutoProvisioning_Template_V81_20.zip

Yealink_IP_Phones_Configuration_Guide_for_User_Access_Level_V81_20.pdf
Yealink_IP Phones_Description of Configuration Parameters in CFG Files_V81_20.zip

Yealink Phonebook Generation Tool_V&1_20.zip

Yealink Configuration Encryption Tool User Guide_V&1_20.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 tte filename as required. The following table lists the

special characters supported by Yealink IPphones:

Pl Server HTTP/HTTPS TFTRFTP
atform
Support: ~ 1@ $" ()_| Support: ~ 1@ $" ()
- .. [1{} (including -1y %& =+
Windows space) (including space)
Not Support: | < >:" Not Support; |< > :"
IN*?2#%& = + I\*2#
Support: ~1@%$" ()_
, . Support: ~1@$" ()
- <> I < > %
Linux (including space) - -
& = + (including space)
Not Support: /\ *?#
Not Support: /\ *?#
%& =+

Setting Up a Provisioning Server

This chapter provides basic instructions for setting up a provisioning server and deploying

phones from the provisioning server.

This chapter consists of the following sections:

Why Using a Provisioning Server?
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Configuring Basic Features

Supported Provisioning Protocols
Configuring a Provisioning Server

Deploying Phonesfrom the Provisioning Server

Why Using a Provisioning Server?

You can use a provisioning server to configure your IP phones. A provisioning server allows for
flexibility in upgrading, maintainin g and configuring the phone. Boot files, configuration files
and resource files are normally located on this server.

When IP phones are triggered to perform auto provisioning, it will request to download the
boot files and configuration files from the provisioning server. During the auto provisioning
process,the IP phone will download and update configuration files to the phone flash. For more
information on auto provisioning, refer to Yealink SIPT2_Series T19(P)

E2 T4 Series T5 Series W5 Series CP860 IP_Phones Auto_Provisioning Guide V81

The IP phones can be configured to periodically upload the log files to the provisioning server
or specific server, which can help an administrator more easily find the system problem and fix it.
For more information on log files, refer to Viewing Log Fileson page 947. The IP phones can
also be configured to upload the contact file to the provisioning server or specific server,
avoiding the loss of the local contacts. For more information, refer to Backing up the Local
Contacts on page 359.

Supported Provisioning Protocols

Note

IP phones perform the auto provisioning function of uploading log files (if configured),

uploading contact files (if configured), downloading boot files, 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 protts. And 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
and password are specified as part of the provisioning server address, for example,

http://user:p wd@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 haracters 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.|P phones arenot compatible with
active FTP.

Configuring a Provisioning Server

The provisioning server can beset up on the local LAN or anywhere on the Internet. Use the
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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 T5 Series W5 Series CHB6@hones Auto_Provisioning Guide V81

To set up the provisioning server:

1. Install a provisioning server application or locate a suitable existing server.

2. Create an account and home directory.

3.  Set security permissionsfor the account.

4. Create boot files and then edit them as desired.

5. Create configuration files and then edit them as desired.

6. Copy the boot files, configuration files and resource files to the provisioning server.

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

to Deploying Phones from the Provisioning Serveron page 142.

Note Typically all phones are configured with the same server account, but the serveraccount 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

During auto provisioning, IP phones download the boot file first, and then download the
configuration files referenced in the boot file in sequence. The parameters in the new
downloaded configuration files will override the duplicate parameters in files downloaded
earlier. For more information on boot files and configuration files, refer to Boot Files on page
131 and Configuration Files on page 133.

The boot files can only be used by the IP phones running firmware version 81 or later. The
configuration files, supplied with each firmware release, must be used 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 those parameters that require changes.

To deploy IP phones from the provisioning server:

1. Create per-phone boot 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>.boot file s by using the template boot file.
c) Specifythe configuration files paths in the file as desired.
2. Edit the common boot file by performing the following step:
a) Specifythe configuration files paths in the file as desired.
3. Create per-phone configuration files by performing the following steps:
a) Create per-phone <MAC>.cfg files by using the MAC-Oriented CFGfile from the

distribution as templates.
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b) Edit the parameters in the file as desired.
4.  Create new common configuration files by performing the followi ng 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.
5. Copy boot files and configuration files to the home directory of the provisioning server.
6. Reboot IP phones to trigger the auto provisioning process.

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

configuration files from the provisioning server.

For protecting against unauthorized access you can encrypt configuratio n files. For more

information on encrypting configuration files, refer to Encrypting and Decrypting Fileson page

934.

During auto provisioning, the IP phone tries to download the MAC -Oriented boot file first. If no
matched MAC-Oriented boot file is found on the server, the IP phone tries to download the
common boot file. If the MAC -Oriented boot file and common boot file exist simultaneously on
the provisioning server, the common boot file will be i gnored after the IP phone successfully
downloads the matched MAC-Oriented boot file.

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 server address by
broadcasting the PnP SUBSCRIBE messagliring startup.

DHCP: DHCPoption 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 DHCProtocol , 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 T5 Series W5 Series CP860 IP_Phones Auto_Provisioning_Guide V81

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.
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Note

Automatically, from the provisioning server for a mass ofphones.

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

replaced by the actual firmware version).

Associated )
IP Phone Model . Firmware Name Example
Firmware Name
SIRT548T52S 70.81.0.10.rom
70.X.x.X.rom
(T5Sfirmware unified)
SIRT48S/T46S/T42S/T41S
66.x.X.X.rom 66.81.040.rom
(T4S firmware unified)

SIRT48G 35.x.x.Xx.rom 35.81.040.rom
SIRT46G 28.X.x.Xx.rom 28.81.040.rom
SIRT42G 29.X.x.X.rom 29.81.040.rom
SIRT41P 36.x.X.X.rom 36.81.040.rom
SIP-T40P 54.x.x.x.rom 54.81.040.rom
SIP-T40G 76.X.X.X.rom 76.81.040.rom
SIRT29G 46.X.X.X.rom 46.81.040.rom
SIRT27P 45.x.X.x.rom 45.81.040.rom
SIRT27G 69.x.x.X.rom 69.81.040.rom
SIRT23P/G 44 x.X.x.rom 44.81.040.rom
SIP-T21(P) E2 52.x.x.x.rom 52.81.040.rom
SIRT19(P) E2 53.x.x.x.rom 53.81.040.rom
CP860 37.x.x.x.rom 37.81.010.rom

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 from the Provisioning Server

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 candownload 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.
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Method of checking for configuration files is configurable .

Procedure

Configuration changes can be performed using the following methods.

Configure the way for the IP phone to check

for configuration files.

Parameters:
static.auto_provision.power_on
static.auto_provision.repeat.enable
static.auto_provision.repeat.minutes
static.auto_provision.weekly.enable

static.auto_provision.weekly_upgrade_interval

Central static.auto_provision.inactivity _time_expire
Provisionin . - N
visioning <y0000000000Xx>.cf static.auto_provision.weekly.begin_time
fi i . . .
(Configuration g static.auto_provision.weekly.end_time
File)

static.auto_provision.weekly.dayofweek
static.auto_provision.flexible.enable
static.auto_provision.flexible.interval
static.auto_provision.flexible.begin_time

static.auto_provision.flexible.end_time

Specify the access URL of firmware.
Parameter:

static firmware.url

Configure the way for the IP phone to check

for configuration files.
Navigate to :

http://<phonelPAddress>/servlet?p=settings -

Web User Interface autop&g=load

Upgrade firmware.
Navigate to :

http://<phonelPAddress>/servlet?p=settings -
upgrade&q=load
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Details of Configuration Parameters:

Parameter s Permitted Values Default

static. auto_provision.power_on Oorl 1

Description :

Triggers the power on 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 when powered
on.

Web User Interface:

Settings->Auto Provision->Power On

Phone User Interface:

None

static. 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
. . . Integer from 1 to
static. auto_provision.repeat.minutes 1440
43200
Description :

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

processrepeatedly.
Note : I't works only if tstkeicavalouerofi shenpae
to 1 (On).

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

Phone User Interface:
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Parameter s Permitted Values Default
None
static. auto_provision.weekly.enable Oorl 0
Description :

Triggers the weekly 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 weekly.
Web User Interface:

Settings->Auto Provision->Weekly

Phone User Interface:

None

static. auto_provision.weekly_upgrade_interval Integer from O to 12 0

Description :
Configures the time interval (in weeks) for the IP phone to perform an auto provisioning.

If it is set to O, the IP phone will perform an auto provisioning process at the specific day(s)

configured by the parameter jstatic.auto_provision.weekly.dayofweekD&very week.

If it is set to other values (e.g.,3), the IP phone will perform an auto provisioning process at a
random day between the specific day(s) configured by the parameter

Jstatic.auto_provision.weekly.dayofweekZXery three weeks.

Note:Itworksonl y i f the val uetatioduttd epmpaviasnedre.rwg
to 1 (On).

Web User Interface:
Settings->Auto Provision->Weekly Upgrade Interval(0~12week)
Phone User Interface:

None

static. auto_provision.inactivity_time_expire Integer from 0 to 120 0

Description :
Configures the delay time (in minutes) to perform an auto provisioning process when the IP
phone is inactive at regular week.

If it is set to O, the IP phone will perform an auto provisioning process at random between a
startingt i me configured shajcauhe_paoamei en. weekl

endingt i me configured skajcauhe_paoameien. jweekl

If it is set to other values (e.g.,60), the IP phone will perform an auto provisioning proce ss
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Parameter s Permitted Values Default

only when the IP phone has beeninactivated for 60 minutes (1 hour) between the starting
time and ending time.

Note : The IP phone may perform an auto provisioning process when you are using the IP
phone on office hour. It works only if the value of the parameter
jstaticaut o_provision. weelkOny. enabl eDZis set t

Web User Interface:
Settings->Auto Provision->Inactivity Time Expire(0~120min)

Phone User Interface:

None
. - o Time from 00:00 to
static. auto_provision.weekly.begin_time 00:00
23:59
Description :

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

process weekly.
Note: |1t works only if tstkkicavalbbuerovishenpae
to 1 (On).

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

Phone User Interface:

None
. . . Time from 00:00 to
static. auto_provision.weekly.end_time 00:00
23:59
Description :

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

process weekly.

Note:Itworksonlyi f t he val ue othticd lhteo p@mmr @awmied iea n Jwe
to 1 (On).

Web User Interface:

Settings->Auto Provision->Time

Phone User Interface:

None

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

digits
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Parameter s Permitted Values Default

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:
static.auto_provision.weekly.dayofweek =01

If the value of the parameter jstatic.auto_provision.weekly upgrade_intervaDig set to O, it
means the IP phone will perform an auto provisioning process every Sunday and Monday.

If the value of the parameter Jstatic.auto_provision.weekly upgrade_intervaDig set to other
value (e.g., 3),i means the IP phone will perform an auto provisioning process by randomly
selecting a day from Sunday and Monday every three weeks

Note:l't wor ks only i f t hetatiwaad tuce_ porfo vtihsei rissetd
to 1 (On).

Web User Interface:
Settings->Auto Provision->Day of Week
Phone User Interface:

None

static. auto_provision.flexible.enable Oor1l 0

Description :

Triggers the flexible feature to on or off.

0-Off

1-On

If itis setto 1 (On), the IP phone will perform an auto provisioning process at random
between a starting time configured by the parameter
"static.auto_provision.flexible.begin_time" and anending time configured by the parameter

"static.auto_provision.flexible.end_time" on a random day within the period configured by

the parameter "static.auto_provision.flexible.interval".

Note : The day within the period is based upon the phone's MAC address and does not

change with a reboot whereas the time within the start and end is calculated again with
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Parameter s Permitted Values Default

every reboot.
Web User Interface:
Settings->Auto Provision->Flexible Auto Provision

Phone User Interface:

None
. . L Integer from 1 to
static. auto_provision.flexible.interval 30
1000
Description :

Configures the interval (in days) for the IP phone to perform an auto provisioning process.
The auto provisioning occurs on a random day within this period based on the phone's MAC
address.

Example:
static.auto_provision.flexible.interval = 30

The IP phone will perform an auto provisioning process on a random day (e.g., 18) based on
the phone's MAC address.

Note: |t works only if tstkeicavalbueroWishenpat
to 1 (On).

Web User Interface:
Settings->Auto Provision->Flexible Interval Days

Phone User Interface:

None
. L . o Time from 00:00 to
static. auto_provision.flexible.begin_time 02:00
23:59
Description :

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

process at random.

Note: |t works only if tstkeicavalbuerovishenpat
to 1 (On).

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

None

. . . . Time from 00:00 to
static. auto_provision.flexible.end_time 9359 Blank
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Parameter s Permitted Values Default

Description :

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

process at random.

If it is left blank or set to a specific value equal to starting time configured by the parameter
Jstatcaut o_pr ovi si on. wtkedkghgne villgeform an autongdvidioning
process at the starting time.

If it is set to a specific value greater than starting time configured by the parameter
jstaticaut o_provision. weekly.begin_timeDZ the

process at random between the starting time and ending time.

If it is set to a specific value less than starting time configured by the parameter
Jstatcaut o_provision. weekly.begin_timeDZ the
process at random between the starting time on that day and ending time in the next day.

Note: |t works only if tstkkicavalbuerovishenpat
to 1 (On).

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

Phone User Interface:

None
o URL within 511
static. firmware.url Blank
characters
Description :

Configures the access URL othe firmware file.

Example:

static.firmware.url = http://192.168.1.20/ 28.81.0.15.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 .
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2. Make the desired change.

Yealink | v

Preference
Time & Date
Call Dsplay
Upgrade

Auto Provision
Configuration
Dial Plan

Voice

Ring

Tones

Softkey Layout
TROGS

Volce Monitoring
S

Power Saving

Auto Provision

PP Actve

OHO? Actve

Custom Option(128~254)
DHCP Option Value
Server URL

User Nama

Password

Attempt Bxpred Tme(s)
Cormmon AES Key
MAC-Ormnted AES Key
Ze10 Actve

Wat Tme(1~100s)
Power On

Repeatedy
IntervalMrstes)
Weaidy

Weeldy Upgrade Interval{0~12week)

Inactitty Time Expre(0~120mn)

Tem

Day of Week

Flexbie Auto Provison
Fextie Interval Days
Flaxdie Tea

®onoff @
eonDoff @

yealnic (7]

PR
s
v
rv——
Dsabled -
S
Sonloff @
on®of @
1440
o ®of @
1
0
00 : 00 -~ 00 : 00
V! Sunday
¥ Hondyy

Y Tuesday
YiWednesdy @

¥ Thursday
¥\ Fricay
| Saturday
os & of @
30
02 :00 -

Auto Proveson Now

Cancel

OO0 O®

e

o0

RN

Auto Proveson
The 1P phone Gan ntesoperate
WA DIOVEDANG SANNE USND
w0 provisionng for deployng
the P phones,

When the I phone triggers to
perform auto peovsioning, & wil
request to downioad the
configuration fles from the
proveionng server, Dumng the
R0 prVIEONNG process, the
P pbone wil download and
update configuration fles to the
phone fash,

@ You con ciick bere to get
morce guides.

3. ClickConfirm to accept the change.

When the JPower OnDi& set to On, the IP phone will check boot files and configuration files

stored on the provisioning server during startup and then will download firmware from the

server.

Upgrading Firmware via Web User Interface
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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 .




Configuring Basic Features

Note

3. ClickUpgrade.

Log Out

Yealinklve o —

| Account || Network || [ | =L | Directory || Security |

Preference NOTE
Version )
Time & Date Reset to Factory Setting
Firmware Version 28.81.0.20 Resets the IP phone to factory
- configurations.
Call Display Hardware Version 28.1.0.128.0.0.0
Reboot
Upgrade Reboots the IP phone.
Reset to facto Reset to facto n
Auto Provision " i o Upgrading Firmware
Reboot 0 Upagrades firmware manually.
Configuration
Select And Upgrade Firmware i) " Browse... I No file selected. ‘ You can click here to get
a more guides.
s

A dialog box pops up to prompt J Fi r mw a r StP Pbohe wiill lbeeupdated. It will take 5
minutes to complete. Pl ease don'.t power of f! DZ

4.  Click OK to confirm the upgrade.

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

Keeping User Personalized Settings after Auto Provisioning

Note

Generally, the administrator deploys phones in batch and timely maintains company phones via
auto provisioning, yet some users would like to keep the personalized settings (e.g., ring tones,
wallpaper, dial plan, time format or DSS keys), after auto provisioning. These specific scenarios
are applicable to YealinkIP phones. The following demonstrated specific scenarios are taking

SIRT46GIP phones as example forreference.

Yealink IP phones support FTP, TFTP, HTTP and HTTPS protocols for uploading the
<MAC> -local.cfg file. This section takes the TFTP protocol as an example. Before performithe
following, make sure the provisioning server supports uploading.

If you are using the HTTRHTTPSserver, 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
jstatic.auto_provision.custom.upload_met hodlI
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The following table lists the configuration parameters used to determine the phone behavior for

keeping user personalized settings

Parameter s Permitted Values Default

static .auto_provision.custom.protect Oorl 0

Description :

Enables or disables the IP phone to keep userpersonalized settings after auto provisioning.
0-Disabled

1-Enabled

If itis setto 1 (Enabled),<MAC> -local.cfg file generates and personalized non-static settings

configured via web or phone user interface will be kept after auto provisioning.

Note : Theprovisioning priority mechanism (phone/web user interface >central
provisioning >factory defaults) takes effect only if the value of this parameter is set to 1
(Enabled).| f the value of the parameter Joverwr

value of this parameter will be forced to set to 1 (Enabled).
Web User Interface:
None

Phone User Inte rface:

None

static .auto_provision.custom.sync Oorl 0

Description :

Enables or disables the IP phone to upload the <MAC>-local.cfg file to the servereach time
the file updates, and download the <MAC> -local.cfg file from the server during auto
provisioning.

0-Disabled

1-Enabled

If it is set to 1 (Enabled), the IP phone will upload the <MAC> -local.cfg file to the
provisioning server or a specific servereach time the file updates to back up this file. During
auto provisioning, the IP phone will d ownload the <MAC> -local.cfg file from the

provisioning server or a specific serverto override the one stored on the phone.

Note:l' t wor ks only if the value of the par af
to 1 (Enabled). The upload/download path is configured by the parameter

Jstatic.auto_provision.custom.sync.patiDzZ

Web User Interface:
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Parameter s Permitted Values Default

None
Phone User Interface:

None

static .auto_provision.custom.sync.path URL Blank

Description :
Configures the URL for uploading/downloading the <MAC> -local.cfg file.

If it is left blank, the IP phone will try to upload/download the <MAC> -local.cfg file to/from
the root directory of provisioning server.

Note : It works only if the value of the parameter " static.auto_provision.custom.sync" is set to
1 (Erabled).

Web User Interface:

None

Phone User Interface:

None

static .auto_provision.custom.upload_method Oorl 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 Jstatic.auto_provision.custom.syndZ i s
1 (Enabled).

Web User Interface:

None

Phone User Interface:

None

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

following introduced scenarios.
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Scenario A Keep user personalized configuration settings
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The administrator wishes to upgrade firmware from the old version to the latest version

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

For more information on the flowchart of keep user personalized configuration settings, refer to
Appendix E Auto Provisioning Flowchart (Keep User Personalized Configuration Setting$ on
page 1017.

Scenario Conditions:

SIRT46G IP phone curent firmware version: 28.81.0.15. This firmware supports keeping

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

SIRT46G IP phore target firmware version: 28.81.040. This firmware supports keeping
personalized settings and generating a <MAC> -local.cfg file.

SIRT46G IP phone MAC:001565770984
Provisioning server URL1ftp://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 settingsafter auto provisioning and upgrade,
you need to configure the value of the parameter Jstatic.auto_provision.custom.protectD® 1 in
the configuration file.

Do one of the following operatio  ns:
Scenario Operations |:

1. Edit the following parameters in the y000000000028.cfg file you want the IP phone to

download:

static.auto_provision.custom.protect = 1

static.auto_provision.custom.sync= 1

static.firmware.url = tftp://192.168.1.211/28.81.0.15.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 SIPTZ2 Series T19(P)

E2 T4 Series T5 Series W5 Series CP860 IP_Phones Auto_Provisioning Guide V81

During auto provisioning, the IP pho ne first downloads the y000000000028.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 y000000000028.cfg, 001565770984.cfg and the

001565770984 local.cfg file in sequence from the provisioning server, and then updates
configurations in these downloaded configuration files order ly to the IP phone system. The

IP phone starts up successfully, and the personalized settings in the


ftp://10.2.88.133/
ftp://10.2.88.133/
http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage
http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage
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001565770984 local.cfg file are kept after auto provisioning.

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

IP phone, and then upload this file to the provisioning server each time the file updates.

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 I:

1. Edit the following parameters in the y000000000028.cfg file you want the IP phone to
download:

static.auto_provision.custom.protect = 1

static.auto_provision.custom.sync= 0

staticfirmware.url = tftp://192.168.1.211/28.81.0.15rom

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 T5 Series W5 Series CP860 IP_Phones Auto Provisioning Guide V81

During auto provisioning, the IP phone first downloads the y00000 0000028.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 y000000000@8.cfg and 001565770984.cfg files in sequence, and
then updates configurations in the downloaded configuration files orderly to the IP phone
system. As t he v a lstate.aum fprotisiorecugoom.pratentd é 5 Js et
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.
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When a user customizes feature configurations via web/phone user interface, the P 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 pro visioning 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.

If the value of the parameter jstatic.auto_provision.custom.protectDi& set to 0, the personalized
settings in the 001565770984 local.cfg file will be overridden after auto provisioning, no matter
what the value of the parameter ] static.auto_provision.custom.syndiz.

Scenario B Clear user personalized configuration setting s

When the IP phone is given to a new user but many personalized configurations settings
of last user are saved on the ph one; or when the end user encounters some problems
because of the wrong configuration s, the administrator or user may wish to clear user

personalized configuration setting s via phone /web user interface.
Scenario Conditions:

SIRT46G IP phone MAC:001565770984

The current firmware of the phone is 28.81.0.10 or later.

Provisioning server URL: ftp://192.168.1.211

static.auto_provision.custom.protect = 1

Note The Reset local settings option on the web/phone user interface appearsonly if the value of the

parameter Jstatic.auto_provision.custom.protectDZ was

I f the value of the parameter Jjstatic.auto_provision

001565770984 local.cfg file on the provisioning server will be cleared.

To clear personalized configuration setting s via phone user interface:

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

2.  SelectReset local settings .
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Note

The LCDscreen prompts jReset localcfg settings?DZ

Reset Config

) Warning

Reset local.cfg settings?

Cancel

3. Press theOK soft key.

The LCDscreen prompts jReset localsettings, Please vaitADZ
To clear personalized configuration setting s via web user interface:

1. Click on Settings ->Upgrade .

2. Click Reset local settings .

3
Log Out

English(Englsh) -

Account Network Dsskey Features Settings Directory Security

Yealink | s

Preference NOTE
Version )
Time & Date Reset to Factory Setting
Firmware Version 28.81.0.20 Resets the IP phone to factory
" configurations.
Call Display Hardware Version 28.1.0.128.0.0.0 ¢
Reboot
Upgrade — Reboots the IP phone.
Reset local settings Reset local settings | -
Auto Provision @ Upgrading Firmware
Reset non-static settings Reset non-static settings (7] Upgrades firmware manualy.
Configuration
9 Reset static settings Reset static settings e You can click here to get
5 more guides.
Dial Plan Reset userdata & local config Reset userdata & local config e L
Voice Reset to factory Reset to factory e
Reboot o
Ring
Select And Upgrade Firmware ) ‘[ Browse... ] Mo file selected. |
Tones
Upgrade

The web user interface promptsjClearlocal.cfg settings?DZ
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, it will
download the configuration files fr om 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 y0O00000000028.cfg/001565770984 cfg
file will take effect. If there are no configuration fil es on the provisioning server, the IP
phone will be reset to factory defaults.

As the static settings are never saved in the <MAC>local.cfg file, you need to reset the static
settings separately by clicking Reset static settings option.
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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 wishesto keep
personalized settings of the phone after factory reset.

Scenario Conditions:
SIRT46G IP phone MAC 001565770984
Provisioning server URL: ftp://192.168.1.211
static.auto_provision.custom.sync = 1

Note As the parameter Jstatic.auto_provi si olacalcfy st
file on the IP phone will be uploaded to the provisioning server at tftp://192.168.1.211.

You can keep the personalized settings of the phone &fter factory reset via phone or web user

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

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

The LCDscreen prompts JReset to factory setting?DZ

Reset Config

) Warning

Reset to factory setting?

3.  Press theOK soft key.
The LCDscreen prompts JResetting to factory, please waitA DZ

The LCDscreen prompts JWelcome InitializingAplease waitDZ
To reset the phone to factory via web user interface:

1. Click on Settings ->Upgrade .
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2. ClickReset to factory to resetthe phone.

Log Out |

Engiish(Englsh) -

Yealink | vss

Account Network Features Settings Directory

Preference NOTE
Version @)
Time & Date Reset to Factory Setting
Firmware Version 28.81.0.20 Resets the IP phone to factory
. configurations.
Call Display Hardware Version 26.1.0.128.0.0.0
Reboot
Upgrade R Reboots the IP phone.
Reset to factol Reset to factol | =
Auto Provision " L @ Upgrading Firmware
Reboot Reboat o Upgrades firmware manually.
Configuration
Select And Upgrade Firmware ) ‘[ Browse... ] No file selected. | You can click here to get
o more guides.
S

The web user interface promptsjDo you want to reset to factory? DZ
3. Click OK.

After startup, all configurations of the phone will be reset to factory defaults. So the value
of the parameter Jstaticaut o_pr ovi s i owillbe resetttoodnCorsiguratioin
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:// 192.168.1.21) will not be cleared after reset.

To retrieve personalized settings of the phone after factory reset:

1. Set the values of the parametersjstatic.auto_provision.custom.synda@nd
jstaticaut o_provision.custom.protectDZto R&fgl in the
or 001565770984.cfg).

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

As the value of the parameterjstatica ut o _pr ovi s i oissetdalsthedPnphopey n ¢ DZ
will download th e 001565770984 local.cfg file from the provisioning server to override the

one stored on the phone. So the configurations in 001565770984 local.cfg file will be

updated and stored on the IP phone during auto provisioning. As the value of the
parameterjstaticaut o _pr ovi s i o nissettsk, theperponatizedeconfigDztion
settings will be kept after auto provisioning. As a result, the personalizedconfiguration

settings of the phone are retrieved after f actory reset.

Scenario D Import or export the local configuration file

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:

SIRT46G IP phone MAC: 001565770984

The current firmware of the phone is 28.81.0.10 or later.

161


ftp://10.2.88.133/

Administrator @ Guide for SIRT2 SeriegT19(P) E2T4 SeriedT5 Series/CP860IP Phones

Provisioning server URL: ftp://192.168.1.211

Note As the personalized settings of the phone cannot be changed via auto provisioning when the
value of the parameter ] static.auto_provision.custom.pr
the settings in the <MAC> -local.cfg file before importing it.

Scenario Operations:
To export local configuration file via web user interface:

1. Click on Settings ->Configuratio n.

2. SelectLocal Settings from the pull -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.

LogOut |

English{English) -

Yealink | s

Account Network Dsskey Features Settings Directory Security

Preference Export Import Config Mo file selected. [7) NOTE
Time & ate P

1P phones can provide feedback
in a variety of forms such as log

Call Display - files, packets, status indicators
Export CFG Configuration File Local Settings - 0 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 selectec 0  Log Files

- Capturing Packets
- Configuration File

Configuration

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

1. Click on Settings ->Configuratio n.

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

Logout

English{English) -

Yealink | e

Status Account Network Dsskey Features Settings Directory Security

Preference Export Import Config No file selected. (7] NOTE

Time & Date ‘Configuration

1P phones can provide feedback
in a variety of forms such as log

Call Displa
pay files, packets, status indicators
Export CFG Configuration File Local Settings - o and so on, which can help an
Upgrade administrator more easiy find

the system problem and fix it.

Auto Provision
- Log Files

- Capturing Packets
- Configuration File

| Import CFG Configuration File Browse... | No file sale:tet[ Import ] 0 |

Configuration

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. As a result, the configurations in the new 001565770984 local.cfg file
contain the configurations only in the existing local configuration file and those in the
imported 001565770984 local.cfg file. And this new 001565770984 local.cfg file will be
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saved to the phone flash and take effect.

Note | f the value of the parameter Jstatic.auto_fg
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.
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Configuring Basic Features

This chapter providesinformation for making configuration changes for the following basic
features:

Power Indicator LED
Notification Popups
Contrast

Wallpaper

Transparency
ScreenSaver

Power Saving

Backlight

ldle Clock

Bluetooth

Page Switch Key

Enable Page Tips

Page Tips for ExpansionModule
Label Length

Account Registration
Multiple Line Keysper Account
Multiple Call Appearances
Call Display

Display Method on Dialing
Web ServerType

Time and Date

Language

Input Method

Logo Customization
Softkey Layout

Key As Send

Dial Plan

Emergency Dialplan

Hotline
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Off Hook Hot Line Dialing
Directory List
SearchSource List In Dialing
Call Log

Call List Show Number
Missed Call Log

Local Directory

Live Dialpad

Speed Dial

Call Waiting

Auto Redial

Auto Answer

IP Direct Auto Answer

Allow IP Call

Accept SIPTrust ServerOnly
Call Completion

Anonymous Call
Anonymous Call Rejection
Do Not Disturb (DND)
BusyTone Delay

Return Code When Refuse
EarlyMedia

180 Ring Workaround

Use Outbound Proxyin Dialog
SIPSessionTimer
SessionTimer

CallHold

Call Forward

Call Transfer

Local Conference

Network Conference
Transfer on Conference HangUp
Feature Key Synchronization

TransferMode via Dsskey
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Allow TransExistCall
Directed Call Pickup

Group Call Pickup

Dialog Info Call Pickup
RecentCall In Dialing

ReCall

Call Number Filter

Call Park

Calling Line Identification Presentation (CLIP)
Connected Line Identification Presentation (COLP)
Mute

Intercom

Call Timeout

Ringing Timeout

Send user=phone

SIPSend MAC
SIPSendLine

Reserve# in User Name
Password Dial

Unregister When Reboot
100 Reliable Retransmission
Reboot in Talking

Answer By Hand
USBRecording
CSTAControl

Quick Login

Cloud

Power Indicat or LED

Power indicator LED hdicates power status and phone status. It is not applicable to CP860 IP

phones.
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There areseven 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.

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 Pow er 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.

MissCall Power Light Flash

MissCall Power Light Flashallows the power indicator LED to flash when the IP phone misses a
call.

Procedure

Power indicator LEDcan be configured using the following methods.

Configure the power indicator LED
Parameters:

phone_setting.common_power_led_enable

Central L
en ra _ phone_setting.ring_power_led_flash_enable
Provisioning <y0000000000 . .

‘ phone_setting.mail_power_led_flash_enable
(Configuration XX>.cig
File) phone_setting.mute_power_led_flash_enable

phone_setting.hold_and_held_power_led_flash_enable
phone_setting.talk_and_dial_power_led_enable

phone_setting.missed_call_power_led_flash.enabél

Configure the power indicator LED
Web User Interface

Navigate to :
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http://<phonelPAddress>/servlet?p=features -powerl
ed&g=load

Details of Configuration Parameters:

Permitted
Parameter s Default
Values
phone_setting.common_power_led_enable Oorl 0

Description :
Enables or disables thepower indicator LED to be turned on.

For
SIP-T54S/T52S/T48G/T48S/T46G /T46S/T42G/T42S/T4A1P/ T41S/T40P/T40G/T29G/T27
P/T27G/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 Oor1l 1

Description :

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

incoming call.

For
SIP-T54S/T52S/ T48G/T48S/T46G/T46S/T42G/T42S/T41P/ T41S/T40P/T40G/ T29G/T27
P/T27G/T23P/T23G/T21(P) E2 IP phones :

0-Disabled (power indicator LED does not flash)

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

0-Disabled (power indicator LED does not flash)

1-Enabled (power indicator LED fst 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 ordisables the power indicator LED to flash when the IP phone receives a voice mail

or a text message.

For
SIP-T54S/T52S/T48G/T48S/T46G/T46S/T42G/T42SIT41P/ T41S/T40P/T40G/T29G/T27
P/T27GI/T23P/T23G/T21(P) E2 IP phones :

0-Disabled (power indicator LED does not flash)

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

0-Disabled (power indicator LED does not flash)

1-Enabled (power indicator LED dowly 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-T54S/T52S/T48G/T48S/T46G/T46S/TA42G/T42S/TA1P/ T41S/T40P/T40G/T29G/T27
P/T27G/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 IP phones.

Web User Interface:

Features>Power LED->Mute Power Light Flash
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Permitted
Parameter s Default
Values
Phone User Interface:
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 hold or is held.

For
SIP-T54S/T52S/ T48G/T48S/T46G/TA6S/T42G/T42S/TA1P/ T41S/TA0P/ TA0G/ T29G/T27
P/T27G/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 fst 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 ordisables the power indicator LED to be turned on when the IP phone is busy.

For
SIP-T54S/T52S/T48G/T48S/T46G/T46S/T42G/T42S/TA1P/ T41S/T40P/T40G/T29G/T27
P/T27G/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:
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Permitted
Parameter s Default
Values
None
phone_setting.missed_call_power_led_flash.enable Oor1l 1
Description :

Enables or disables the power indicator LED to flash when the IP phonemisses a call

For
SIP-T54S/T52S/ T48G/T48S/T46G/TA6S/T42G/T42S/TA1P/ T41S/TA0P/ TA0G/ T29G/T27
P/T27G/T23P/T23G/T21(P) E2 IP phones :

0-Disabled (power indicator LED does not flash)

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

0-Disabled (power indicator LED does not flash)

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

Web User Interface:

Features>Power LED >MissCall Power Light Flash

Phone User Interface:

None

To configure the power Indicat or LED via web user interface:

1. Click on Features->Power LED.

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 Powe r Light Flash .

Select the desired value from the pull-down list of Mute Power Light Flash.

o o > w D

Select the desired value from the pull-down list of Hold/Held Power Light Flash.

7. Select the desired value from the pull-down list of Talk/Dial Power Light On
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8. Select the desired value from the pull-down list of MissCall Power Light Flash .

Log Out
English(English) ¥

Yealink | vas

Account Network Features Settings Directory Security
Forward&DND Power LED NOTE
Common Power Light On | Enabled v e
General i Power Indicator LED
Information Ringing Power Light Flash Enabled v e It indicates power status and
. phone status.
Audio Voice/ Text Mail Power Light Flash Enabled v e :
. You can click here to get
Mute Power Light Flash Disabled @ more guides.
Intercom .
Hold/Held Powrer Light Flash Disabled v e
Transfer Talk/Dial Power Light On | Disabled v 0
Call Pickup MissCall Power Light Flash Enabled v e
Remote Control = e
Phone Lock
ACD
SMS
Action URL
Bluetooth
Power LED

9. Click Confirm to accept the change.

Notification Popups

Notification popups feature allows the IP phone to display the pop-up message box when it
misses a call, forwards a incoming call to other party or receives a new voice mail ora new text

message

The following shows an example of receiving a new voice mail:

2 New Voice Mail(s)

Procedure

Notification popups can be configured using the following methods.

Configure notification popups.
Central Provisioning <y0000000000x% .c | Parameters:
(Configuration File) fg features.voice_mail_popup.enable

features.missed_call_popup.enable
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features.forward_call_popup.enable

features.text_message_popup.enable

Configure notification popups.

Navigate to :
Web User Interface

http://<phonelPAddress>/serviet?p=feature
s-notifypop&g=load

Details of Configuration Parameters:

Permitted
Parameter s Default
Values
feature s.voice_mail_popup.enable Oorl 1

Description :

Enables or disablesthe IP phone to display the pop -up messagebox when it receives a new

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 messagebox 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

Description :
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Permitted
Parameter s Default
Values

Enables or disablesthe IP phone to display the pop -up message box when it forwards an
incoming call to other party .

0-Disabled

1-Enabled

Web User Interface:

Features > Notification Popups ->Display Forward Cal Popup
Phone User Interface:

None

features.text_message_popup.enable Oorl 1

Description :

Enables or disablesthe IP phone to display the pop -up message box when it receives a new

text message.
0-Disabled
1-Enabled

Note: 1t works only if the value of the para
(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
Select the desired value from the pull-down list of Display Voice Mail Popup .

Select the desired value from the pull-down list of Display Missed Call Popup .

P w DN

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 Mess age Popup .

LogOut |
- English(English) ¥
Yedlinklvees I —
Account Features Directory
Forward&DND HNotification Popups NOTE
Display Voice Mail Popup Enabled v o
General Notification-Popups
Information Display Missed Call Popup Enabled v 0 It allows the IP phone to display
the pop-up message when it
- Display Forward Call Papup Enabled v misses 3 call, forwards an
Audio 0 incoming call to other party or
Display Text M P Enabled ¥ receives a new voice mai or a
T —— Isplay Te: essage Popup nable e SaiEne message.
Confirm Cancel
Transfer You can click here to get
more guides.
Call Pickup
Remote Control
Phone Lock
ACD
SMS
Action URL
Bluetooth
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 | ows u disptagwith mininmakegedtrain. Na@ican CDQ s
configure the LCDg contrast of SIRT40RG, SIRT27RG, SIRT23P/G, SIRT21(P) E2SIRT19(P)
E2and CP860IP phones EXP20(connected to SIP-T29G T27RT27G IP phones) and EXP40
(connected to SIP-T48G/T48S/T46@T46S IP phones). Make sure the expansion module has
been connected to the IP phone before adjustment.

It is not applicable to SIRT54S/T52S/T42G/T42SIT41RA T41SIP phones.
Procedure

Contrast can be configured using the following methods.

Configure the contrast of the LCD

Central Provisioning screen.
<y0000000000x».cfg
(Configuration File) Parameter:

phone_setting.contrast

Configure the contrast of the LCD

screen.
Web User Interface
Navigate to :

http://< phonelPAddress>/servlet?p
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=settings-preference&q=load

Configure the contrast of the LCD
Phone User Interface

screen.
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 T4A8G/T48S/T46GT46S1 P phones, it configures the
EXP40 only.

For T29G I P phones, it confi gur EXP20nlye LCD
ForT27HG|I P phones, it conf i gur | phonehne thé cOribécted ¢
EXP20

For T40P/T40G/T23P/T23G/T21(P) EA19(P) E2ZCP860 IP phones, it configur

contrast of the IP phone.

Note : We recommend that you set the contrast of the LCD scieento 6 as a more
comfortable level. It is not applicable to SIRT543T525/T42G/T42S/T41R T41SIP phones.

Web User Interface:

For SIP-T48G/T48S/T46G/T46S/T29G :

None

For SIP-T40P/T40G/T27P/T27G/T23P/T23G/T21(P) E2/T19(P) E2/CP860
Settings->Preference >Contrast

Phone User Interface:

Menu->Basic->Display->Contrast

To configure contrast via web user interface  (take SIP-T23G IP phones for example) :

1. Click on Settings ->Preference .
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2. Select the desired value from the pull-down list of Contrast.

LogOut
= English(English) -
Yealink |2 Py
Account DSSKey Features Settings Directory
T S— Live Dialpad Disabled - NOTE
Inter Digit Time(1~14s) 4
Time & Date Language
Backlight Time(seconds) 30 - Selects a language for the web
- user interface.
Call Display Contrast 6 -
Live Dialpad
Upgrade WatchDog Enabled T It allows IP phones to
Ring Type RingLwav - automaticaly dial out the
Auto Provision 9 TYp 1. entered phone number after a
Upload Ringtone Browse... | No file selected. specied period of time.
Configuration
Upload Cancel Backiight
Specifies the brightness of the
Dial Plan LCD screen display.

3. Click Confirm to accept the change.
To configure contrast via phone user interface  (take SIP-T23G IP phones for example) :

1. PressMenu ->Settings ->Basic Settings ->Display ->Contrast .
2. Press@ or@ , or theSwitch soft key to increase or decrease the intensity of contrast.

3. Press theSave soft key to accept the change.
To configure the contrast via phone user interface:

1. PressMenu ->Basic->Display ->Contrast .
If EXP40 is not connected to the phone, the Contrast Settirg screen displays "No EXP".
2. Press@ or @ , or the Switch soft key to increase or decrease the intensity of contrast.

3. Press theSave soft key to accept the change or the Back soft key to cancel.

Wallpaper
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Wallpaper is an image used asthe background of the IP phone and EXP50 (if connected)Users
can select an image from IP phone built-in background or customize wallpaper from personal
pictures. To set the custom wallpaper asthe IP phone/ EXP50background, you need to upload
the custom wallpaper to the IP phone in advance. The wallpaper is onlyapplicable to SIRT54S,
SIRT52S,SIRT48GS, SIRT46d S, SIRT29GIP phonesand EXP50(connected to the
SIRT548T52S IP phones)expansion module.

For SIRT54ST52SIP phones, you can also set a custom picture stored in your USB flashdrive as
the wallpaper. In order to do this, make sure the USB flash drive containingpictures is
connected to your phone. For more information, refer to Yealink phone-specific user guide

You canset the wallpaper for the SIRT54S/T52S/T48G/T48S/T46GT46S/T29GIP phones idle
screen (for T48G'S, the DSSkey list is folded) and EXP50(connected to the SIRT54ST52S IP
phones) expansion module.

You can also separately set the wallpaper for the SIPT48G'S IP phones when the DSS key list is
unfolded, avoiding the display of the line key labels to be blocked by the background image.


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

Configuring Basic Features

When the DSS key ist is unfolded (tap More key when the phone is idle):

09:40 Tue, Sep 20

09:39 Tue, Sep 20

Note The wallpaper will display on the entire screen. Note that the line key labels, time and date, icons,
and soft keys will display over the wallpaper, while they are invisible on the image logo screen.

The wallpaper image format must meet the following :

. Single File
Phone Model Format Resolution ) Note
Size
<=4.2
SIRT54S/T52S _ <=5MB 2MB of space
megapixels
* jpg/*.png/*. should be
bmp/*.jpeg reserved for the
<=2.0
SIRT48G'S . <=5MB phone
megapixels

179



Administrator @ Guide for SIRT2 SeriedT19(P) E2/T4 SeriedT5 Series/CP860IP Phones

180

. Single File
Phone Model Format Resolution ) Note
Size
SIRT46G/T46S <=1.8
) <=5MB
IT29G megapixels

Procedure

Wallpaper can be configured using the following methods.

Central Provisioning

(Configuration File)

cfg

<y0000000000x»%.

Configure the wallpaper displayed on the
IP phone.

Parameter :

phone_setting.backgrounds

Configure the wallpaper displayed on the

expansion module.
Parameter :

expansion_module.backgrounds

Specify the access URL of the custom

wallpaper.
Parameter :

wallpaper_upload.url

Configure the wallpaper with DSSkey

unfold.
Parameter :

phone_setting.backgrounds_with_dsskey u
nfold

Web User Interface

Configure the wallpaper displayed on the

IP phone.

Configure the wallpaper displayed on the

expansion module.
Upload the custom wallpaper.

Configure the wallpaper with DSSkey
unfold.

Navigate to:

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

gs-preference&qg=load

Phone User Interface

Configure the wallpaper displayed on the
IP phone.

Configure the wallpaper displayed on the
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expansion module.

Configure the wallpaper with DSSkey
unfold.
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Details of the Configuration Parameter s:

Permitted
Parameter s Default
Values

Refer to the
phone_setting.background s following Default.jpg

content

Description :

Configures the wallpaper displayed on the IP phone idle screen.

For SIRT48G/S IP phones, it configures the wallpaper when the DSS keyist is folded.
Permitted Values :

Default.jpg, 01.jpg, 02.jpg, 03.jpg, 04.jpg, 05.jpg, 06.jpg, 07.jpg, 08.jpg, 09.jpg or 10.jpg or
custom wallpaper name (e.g.,wallpaper.jpg)

Example:

phone_setting.backgrounds = Default.jpg

Note : It is only applicable to SIRT54S/T52S/T48G/T48S/T46G/T46S/T29G IP phones.
Web User Interface:

Settings->Preference->Wallpaper

Phone User Interface:

Menu->Basic->Display->Wallpaper

Refer to the )
. . Default -exp50.j
expansion_module.backgrounds following
content Pg

Description :
Configures the wallpaper displayed on the expansion module.
Permitted Values :

Default-exp50.jpg, 01-exp50.jpg, 02-exp50.jpg, 03-exp50.jpg, 04-exp50.jpg, 05-exp50.jpg,
06-exp50.jpg, 07-exp50.jpg, 08-exp50.jpg, 09-exp50.jpg or 10-exp50.jpg or custom

wallpaper name (e.g.,wallpaper.jpg)
Example:
expansion_module.backgrounds= Default-exp50.jpg

Note : It is only applicable to EXP50expansion modules connected to the SIRT54ST52S IP

phones.

Web User Interface:

Settings->Preference->Wallpaper for expansion modules
Phone User Interface:

Menu->Basic->Display->EXPWallpaper->Wallpaper
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Permitted
Parameter s Default
Values
URL within
wallpaper_upload.url 511 Blank
characters

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-T543T525 T48G/T48S/T46G/T46S/T29G IP phones. The

format of the wallpaper image must be * jpg, *.png, *.bmp or *.jpeg (*.jpeg is only applicable
to T54S/T52S IP phones)

Web User Interfac e:

Settings->Preference->Upload Wallpaper (800*480)

Phone User Interface:

None
Refer to the
phone_setting.backgrounds_with_dsskey_unfold following Auto
content
Description :

Configures the wallpaper displayed on the IP phone when the DSS key list is unfolded

If it is set to Auto, the IP phone will use the wallpaper selected for the idle screen configured

by t he p phoaensetting.mackgroundsDZ
Permitted Values :

Auto, Default.jpg, 01.jpg, 02.jpg, 03.jpg, 04.jpg, 05.jpg,06.jpg, 07.jpg, 08.jpg, 09.jpg or 10.jpg

or custom wallpaper name (e.g.,wallpaper.jpg)
Example:
phone_setting.backgrounds_with_dsskey_unfold= 01.jpg
Note : It is only applicable to SIRT48GS IP phones.
Web User Interface:

Settings->Preference->Wallpaper with DSSkey unfold
Phone User Interface:

Menu->Basic->Display->Dsskey Wallpaper

To upload custom wallpaper via web user interface (take SIP-T48G IP phones for

e

1.
2.

xample) :

Click on Settings ->Preference .

In the Upload Wallpaper (800*480) field, click Browse to locate the wallpaper image from
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your local system.

3. ClickUpload to upload the file.

English(En

Yealink | s

Status Account Network Dsskey Features Settings Directory Security

e Live Dialpad Disabled - e
Inter Digit Time(1~14s) 4 0
Time & Date Language
Transparency B80% - Selects a language for the web
i user interface.
Call Display Unused BackLight Low - @
Live Dialpad
Upgrade REm e e 8 - @ It allows IP phones to
y automatically dial out the
Auto Provision Backlight Time(seconds) Always On - e i ST T T
WatchDog Disabled - e specified period of time.
Configuration
! Ring Type Ringl.wav - @ Backlight
~ Specifies the brightness of the
Dial Plan Upload Ringtone ‘[ Browse... ] Mo file selected. ‘ ] LED screen display.

—_—

Specifies the contrast of the

~ Wallpaper Default.jpg - LCD screen display.
Ring 0
Wallpaper with DSSkey unfold Default.jpg - e Ring Tones
Tones A ring tone that wil alert you
Uplozd Walpaper(8007480) | Browse... | Mo file selected. i) e e I
soney Layou
P 7
TRO69 Screensaver Wait Time Never - @ You can click here to get
more guides.
ScreenSaver Display Clock Enabled -
Voice Monitoring
Screensaver Type System - 0

sIp

Confirm Cancel

The custom wallpaper appears in the pul-down lists of Wallpaper and Wallpaper with
DSSkey unfold .

To change the wallpaper via web user interface (take SIP-T48G IP phones for example)

1. Click on Settings ->Preference.
2. Select the desired wallpaper from the pull-down list of Wallpaper .

3.  Select the desired wallpaper from the pull-down list of Wallpaper with DSSkey unfold

Log Out

English(English) -

Status Account Network Dsskey Features Settings Directory Security

Yealink | s

Inter Digit Time(1~14s) 4 0
Time & Date Language
Transparency 100% hd Selects a language for the web
;. user interface.
Call Display Unused BackLight Low - @
Live Dialpad
Upgrade Active Backight Level 8 - @ It allows IP phones to
automatically dial out the
A T Backlight Time(seconds) Always On AN 7 ] i) S CaE R e
WatchDog Disabled - e specified period of time.
Configuration
= Ring Type Ringl.wav - @ Backiight
_ Specifies the brightness of the
Dial Plan Upload Ringtone ‘[ Browse... ] No file selected. ‘ (7] LCD screen display.

Voice Upload Cancel Contrast

Specifies the contrast of the

Wallpaper Defauttjpg - LCD screen display.
Ring (2] play.
‘Wallpaper with DSSkey unfold 01.jpg - e Ring Tones
Tones A ring tone that will alert you
Upload Walpaper(800°480) [ rowse... | o file selected. K> D
sory ayout
-
TRO69 Screensaver Wait Time Never e You can click here to get
more guides.
ScreenSaver Display Clock Enabled -
Voice Monitoring
Screensaver Type System - e

sIp

Confirm Cancel

4. Click Confirm to accept the change.
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To change the wallpaper for expansion modules via web user interface:

1. Click on Settings ->Preference.

2. Select the desired wallpaper from the pull-down list of Wallpaper for expansion

modules .

Logout
EngishlEngish) -

Yealink | s

Status Account Network Dsskey Features Settings Directory Security
. Live Dialpad Disabled - @ NOTE
Inter Digit Time(1~14s) 4 (7]
Time & Date Live Dialpad
Transparency 100% A o It allows IP phones to
. . automatically dial out the
CaNlEaRay Unused BackLight Low - @ entered phone number after a
specified period of time.
Upgrade Active Backlight Level 8 - @ g 5
y Backlight
Auto Provision E IR EEE ) A2y On - @ Specifies the brightness of the
Watch Dog Disabled - o LCD screen display.
Configuration
! Ring Type Ringl.wav - @ Contrast
) Specifies the contrast of the
Dial Plan Upload Ringtone " Browse... I No file selected. | [7] LED scraen disply.
A ring tone that wil alert you
) Wallpaper Default.jpg AN 7 ] when a call comes in for the IP
Ring phone.
Wallpaper for expansion modules Default-exp50.jpg - |
fones Upload Wallpaper(480+272) " Browse... I No file selected. | Q@ You C:” click here to get
mare guides.
Softkey Layout

3. ClickConfirm to accept the change.
To change the wallpaper via phone user interface (take SIP-T48G IP phones for example) :

1. Tap B ->Basic->Display ->Wallpaper /Dsskey Wallpaper .
2. Tap or , Or press @ or @to select the desired wallpaper image.
3. Tapthe Save soft key to accept the change.

To change the wallpaper for expansion modules  via phone user interface:

1. PressMenu ->Basic->Display ->EXPWallpaper .

2. Press @ or @ , or the Switch soft key to select the desired wait time from the
Wallpaper field.

3. Press theSave soft key to accept the change.

Transparency

If you are using a custom image with a single color or complex background, it may affect your
experience of the idle screen display. Users can choose an appropriate transparency for DS&ey
labels and status bar on the idle screen as required.The transparency is only applicable to
SIRT548T525 T48G/T48S IP phones.
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When the transparency is set to 100%:

09:39 Tue, Sep 20

When the transparency is set to 0%:

09 56 Tue, Sep 20

Procedure

Transparencycan be configured using the following methods.

Central Provisioning

(Configuration File)

<y0000000000x»% .cfg

Configure the transparency of the
LCD screen.

Parameter :

phone_setting.idle_dsskey_and_title.

transparency

Web User Interface

Configure the transparency of the

LCD screen.
Navigate to:

http://<phonelPAddress> /servlet?p

=settings-preference&q=load

Phone User Interface

Configure the transparency of the
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LCD screen.

Details of the Configuration Parameter:

Parameter Permitted Values Default

L . 0%, 20%, 40%,
phone_setting .idle_dsskey_and_title.transparency 100%
60%, 80% or 100%

Description :

Configures the transparency of the DSSkey labelsand status bar on the idle screen for the IP
phone.

If it is set to 0%, the DSSkey labels and status bar are non-transparent.
Example :
phone_setting.idle_dsskey_and_title.transparency = 80%

Note : It is also applicable when the DSS key list is unfolded.t is only applicable to
SIRT548T525 T48G T48S IP phones.

Web User Interface:
Settings->Preference->Transparency
Phone User Interface:

Menu->Basic->Display->Transparency

To change the transparency via web user interface (take SIP-T48G IP phones for example) :

1. Click on Settings ->Preference.

2. Select the desiredvalue from the pull -down list of Transparency .

Backlight
Specifies the brightness of the
LCD screen display.

Log Out
- English W,
Yealink | v+ S ; / X
l Status i [ Account ! ] Network i I Dsskey 1 ] Features I Settings ‘ Directory | | Security ‘
Doctorence Live Dialpad Disabled @ NOTE
Inter Digit Time(1~14s) 4 0
Time & Date Live Dialpad
I Transparency 80% @ | It allows IP phones to
call Displa automatically dial out the
i Unused BackLight Low v 0 entered phone number after 3
specified period of time.
Upgrade Active Backlight Level 8 @
(7]

Auto Provision Backlight Time(seconds) Always On v

3. ClickConfirm to accept the change.
To change the transparency via phone user interface:

1. Tap B ->Basic->Display ->Transparency .

2. Tapthe gray box of the Transparency field, and then select the desired value from the
pull-down list.

3. Tap the Save soft key to accept the change.
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The screen saver will automatically startwhen the IP phone is idle for a certain amount of time if
you have configured the screensaver wait ime. You can stop the screen saver and return to the
idle screen at any time by pressing a key on the phone or tapping the touch screen (touch
screen isonly applicable to SIP-T48GS IP phones) The screen saver is only applicable to
SIRT54S,SIRT52S,SIRT48GS, SIRT46G Sand SIRT29GIP phones.

Userscan select to display the built-in screen saver or customscreen saver. To set the custom
screen saver for the IP phone, you need to upload the custom screen saver in advancelf
multiple pictures are uploaded, all pictures are displayed like a slide show when screen saver

starts.

For SIRT54ST52S IP phones, you can also set a custom picture stored in your USB flashdrive as
the screen saver In order to do this, make sure the USB flash drive containingpictures is

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

The screen saverimage format must meet the following :

) Single File
Phone Model Format Resolution ) Note
Size
<=4.2
SIRT54S/T52S ] <=5MB
megapixels

2MB of space

*Jpgl*.png/*. <=2.0 should be
SIRT48GS . <=5MB
bmp/*.jpeg megapixels reserved for the
phone
SIRT46G/T46S <=1.8
. <=5MB
IT29G megapixels

The following shows that the built-in screen saveris displaying on the phone:

10:03

Tue, Sep 20



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

Screen saver carbe configured using the following methods .

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

S Parameter :
Central Provisioning <y0000000000x%>.c

) . . screensaver.delete
(Configuration File) fg

Configure the IP phone to display the clock

and icons when the screen saver starts.
Parameter :

screensaver.display_clock.enable

Configure the interval for the IP phone to
change the picture when the screen saver
starts.

Parameter :

screensaver.picture_change_interval

Configure the interval for the IP phone to
move the clock and icons when the screen

saver starts.
Parameter :

screensaver.clock_move _interval

Configure the time to wait in the idle state

before the screen saver starts.

Web User Interface Configure the type of screen saver to

display.

Upload the custom screen saver image
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Delete custom screen saver image
Navigate to:

http://<phonelPAddress>/servlet?m=mod__

data&p=settings -preference&qg=load

Configure the screen saver wait time on the
Phone User Interface
IP phone.

Details of the Configuration Parameter s:

Parameter s Permitted Values Default
15, 30, 60, 120,
300, 600, 1800,
screensaver.wait_time 21600
3600, 7200, 10800,
21600

Description :

Configures the time (in seconds) to wait in the idle state before the screen saver starts.
15-15s

30-30s

60-1min

120-2min

300-5min

600-10min

1800-30min

3600-1h

3200-2h

10800-3h

21600-6h

Note : It is only applicable to SIRT54S SIRT52S SIRT48GFS, SIRT46G' S and SIRT29GIP

phones.

Web User Interface:
Settings->Preference->Screensaver Wait Time
Phone User Interface:

Menu->Basic-> Display->Screensaver>Wait Time

screensaver.type Oorl 0

Description :

Configures the type of screen saver to display.
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Parameter s Permitted Values Default

0-System
1-Custom
If it is set to 0 (System), the LCD screen will display the systenscreen saverimages.

If it is set to 1 (Custom), the LCD screen will display the custom screen saver images (you
need to upload custom image files to the IP phone).

Note : It is only applicable to SIRT54S,SIRT52S,SIRT48GFS, SIRT46GF S and SIRT29GIP

phones.

Web User Interface:

Settings->Preference->Screensaver Type

Phone User Interface:
Menu->Basic>Display->Screensaver>Screensaver Type

Note : It is configurable only if you have uploaded custom image file (s) to the IP phone.

URL within 511
screensaver.upload_url Blank
characters

Description :

Configures the access URL of thecustom screen saverimage.
Example:

screensaver.upload_url =http://192.168.10.25/Screencapture.jpg

During the auto provisioning process, the IP phone connects to the HTTPprovisioning server
] 192.026DZ. land do wsereeo sadesmagelj Sscr eencapture. jp

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 : It works only if the value of the parameter | s ¢ r e e.ntsyapveeid 1 (Custom). It is
only applicable to SIRT54S,SIRT52S,SIRT48GS, SIRT46G S and SIRT29G IP phones.

Web User Interface:
Settings->Preference->Upload Screensaver

Phone User Interface:

None
http://localhost/all
or
screensaver.delete Blank
http://localhost/  na
me.(jpg/png/bmp)
Description :
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Parameter s Permitted Values Default

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 SIRT54S,SIRT52S,SIRT48GFS, SIRT46F S and SIRT29G IP

phones.

Web User Interface:
None

Phone User Interface:

None

screensaver.display_clock.enable Oorl 1

Description :

Enables or disables the IP phone to display the clock and icons when the screen saver starts.
0-Disabled

1-Enabled

Note : It is only applicable to SIRT54S,SIRT52S,SIRT48GFS, SIRT46GF S and SIRT29G IP

phones.

Web User Interface:
Settings->Preference->Screensaver Display Clock
Phone User Interface:

Menu->Basic>Display->Screensaver> Display Clock

. _ Integer from 5 to
screensaver.picture_change_interval 1200 60

Description :

Configures the interval (in seconds) for the IP phone to change the picture when the screen

saver starts.

Note : I't works only if the value of tCastom)maadr
the parameter Jscreensaver . upl oaditiswony DZ s h
applicable to SIRT54S,SIRT52S,SIRT48GS, SIRT46GF S and SIRT29G IP phones.

Web User Interface:
None

Phone User Interface:
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Parameter s Permitted Values Default
None
) Integer from 5 to
screensaver.clock_move_interval 600
1200
Description :

Configures the interval (in seconds) for the IP phone to move the clock and icons when the

screen saver starts.

Note:ltwor ks only i f the \saeensaer.didplaytcdoek.enalaBZ ai nse t
1 (Enabled).lt is only applicable to SIRT54S,SIRT52S,SIRT48GS, SIRT46G' S andSIRT29G
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. SelectCustom 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.

The Upload Screensaver field appears only if Screensaver Type is set to Custom.

Log Out

Engiish(Englsh) -

Yealink | s

Account Network Dsskey Features Settings Directory Security

Inter Digit Time(1~14s) 4 0
Time & Date Live Dialpad
Unused BackLight Low - o It allows IP phones to
. automatically dial out the
Call Display Active Backlight Level 8 M o entered phone number after a
specified period of time.
Upgrade Backlight Time(seconds) Always On - @ P P
Backlight
Auto Provision UEEIEE Enabled - @ Specifies the brightness of the
Ring Type RingL.wav - o LCD screen display.
Configuration
o Upload Ringtone | Browse... | N file selected. ) Contrast
Specifies the contrast of the
Dial Plan Upload LCD screen display.
Voice Wallpaper Default.jpg - 0 Ring Tones
A ring tone that wil alert you
. Upload Walpaper(480*272) | Browse... | Nofile selected. @ when a call comes i for the IP
ing phone.
Ve Screensaver Wait Time 6h - @ You C:" click here to get
mare guides.
Softkey Layout Screensaver Display Clock Enabled - @
TRO69 Screensaver Type Custom - o
Screensaver - @
Voice Monitoring
Upload Screensaver ‘[ Browse... ] Mo file selected. ‘ [7]
Power Savin
-
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The custom screen saver appears in the puldown list of Screensaver. The Screensaver

field appears only if Screensaver Type is set to Custom.

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.

Yealink | s

Preference
Time & Date
Call Display
Upgrade

Auto Provision
Configuration
Dial Plan

Voice

Ring

Tones
Softkey Layout
TROG9

Voice Monitoring

Account Network

Live Dialpad

Inter Digit Time(1~14s)
Unused BackLight
Active Backlight Level
Backlight Time(seconds)
‘Watch Dog

Ring Type

Upload Ringtone

‘Wallpaper

Upload Wallpaper(480*272)

Dsskey Features
Disabled - 9
4 @
Low - 9
8 A ]
Always On - 9
Enabled - 9
Ringl.wav - @

Settings

" Browise... I No file selected.

Default.jpg - 0

" Browise... I No file selected.

Screensaver Wait Time 6h - 9
Screensaver Display Clock Enabled - 0
Screensaver Type System - 0 |

Log Out

English{English) -

Directory Security

Live Dialpad

It alows 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 will 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 configure the screen saver wait time

interface:

1. Click on Settings ->Preference.

and screensaver display clock via web user

2. Select the desired time from the pull -down list of Screensaver Wait Time .

3.  Select the desired value from the pull-down list of Screensaver Display Clock .

Yealink | s

Preference
Time & Date
Call Display
Upgrade

Auto Provision
Configuration
Dial Plan

Voice

Ring

Tones
Softkey Layout

TRO69

Voice Monitoring

Account Network

Live Dialpad

Inter Digit Time(1~14s)
Unused BackLight
Active Backlight Level
Backlight Time(seconds)
‘Watch Dog

Ring Type

Upload Ringtone

‘Wallpaper

Upload Wallpaper(480*272)

Dsskey Features
Disabled - 9
s >
Low - 0
o - @
Always On - 9
Enabled - 9
Ringl.wav - 9

Settings

‘[ Browse... ] No file selected.

Default.jpg -

]

u Browise... I No file selected.

Screensaver Wait Time 6h - 9
Screensaver Display Clock Enabled - 0
Screensaver Type System - 0

Cancel

Log Out

Engiish(Engish) -

Directory Security

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 will alert you
when a call comes in for the TP
phone.

You can click here to get
more guides.
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4. Click Confirm to accept the change.
To configure the screen saver via phone user interface:

1. PressMenu ->Basic->Display ->Screensaver.

2. Press @ or @ or the Switch soft key to select the desired wait time from the Wait
Time field.

3. Press @ or @ or the Switch soft key to select the desired value from the Display
Clock field.

4. Press @ or @ , or the Switch soft key to select the desired value from the
Screensaver Type field.

This field is available only if you have uploaded custom image file(s) via web user interface.

5.  Press theSave soft key to accept the change.

Power Saving

The power-saving feature is used to turn off the backlight and screen (turning off the screen is
only applicable to SIRT54S/T52S/T48G/T48S/T46G/T46S/T29G IP phoneand EXP50expansion
module (connected to the SIP-T54ST52S IP phones) to conserve energy.The IPphone and
EXP50 (if connected)enter power-saving mode after the phone has been idle for a certain
period of time. And the IP phone and EXP50 (if connected)will exit power-saving mode if a
phone/EXP50event occurs - for example, if the phone has an incoming call or message, or you
press a key on the phone/EXP50o0r tap the touch screen (touch screen isonly applicable to
SIRT48dS IP phones). The power saving is not applicable to SIRT19(P) E2 IP phones.

If the screen saver(refer to ScreenSaver) is enabled on your phone, power-saving mode will still
occur. For example, if a screen saver is configured to display after the phone is idle for 5 minutes,
and power-saving mode is configured to turn off the backlight and screen after the phone is idle
for 15 minutes, the backlight and screen will be turned off after the screen saverdisplays for 10

minutes.

You canconfigure the following power -saving settings:
Office Hour : Configuresthe starting time and ending time of the day office hour for each
day of the week. You can configure power saving around your work schedule.

Idle TimeOut (minutes) : Configures the period of time before the IP phone enters
power-saving mode. You can configure different idle timeouts for office hours and off
hours (evenings and weekends).You can also specify a separate timeout period that

applies after you use the phone.
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By default, the Office Hours Idle TimeOut is much longer than the Off Hours Idle TimeOut. If you
use the IP phone, the idle timeout that applies (User Input Extension Idle TimeOut or Office
Hours/Off Hours Idle TimeOut) is the timeout with the highest value. If the phone has an
incoming call or message, the User Input Extension Idle TimeOut is ignored.

Not e If you disable the power saving feature, the IP phone will automatically enter power-saving mode
to protect the screen when the phone is inactive for 72 hours. That is, the color screen phones will
turn off the backlight and screen, and the black-and-white screen phones will only turn off the
backlight. Image persistence maybe caused on LCD ifpower saving is disabled.

Procedure

Power saving can be configured using the following methods .

Configure the power saving intelligent mode.
Parameter :

features.power_saving.intelligent_mode

Configure the power saving feature.
Parameter :

features.power_saving.enable

Configure the office hour.
Parameters:
Central features.power_saving.office_hour.monday

Provisioning <y0000000000 features.power_saving.office_hour.tuesday
(Configuration xx>.cfg
File)

features.power_saving.office_hour.wednesday
features.power_saving.office_hour.thursday
features.power_saving.office_hour.friday
features.power_saving.office_hour.saturday

features.power_saving.office_hour.sunday

Configure the idle timeout .

Parameters:
features.power_saving.office_hour.idle_timeout
features.power_saving.off _hour.idle_timeout

features.power_saving.user_input_ext.idle_timeout

Configure the power saving feature.
Configure the office hour.
Web User Interface Configure the idle timeout .

Navigate to:

http://<phonelPAddress>/serviet?p=settings -pow
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ersaving&q=load

Details of the Configuration Parameter s:

Parameter s Permitted Values Default

features.power_saving.intelligent_mode Oorl 1

Description :

Enables or disables the power savingintelligent mode .
0-Disabled

1-Enabled

If it is set to O (Disabled), the IP phone staysin power-saving mode even if the office hour

arrives the next day.

If it is set to 1 (Enabled),the IP phone will automatically identify the office hour and exit

power-saving mode once the office hour arrives the next day.
Note : It is not applicable to SIP-T19(P) E2 IP phones.

Web User Interface:

None

Phone User Interface:

None

features.power_saving.enable Oorl 1

Description :

Enables or disables the power savingfeature.
0-Disabled

1-Enabled

Note : It is not applicable to SIP-T19(P) E2 IP phones.
Web User Interface:

Settings->Power Saving >Power Saving

Phone User Interface:

None

. i ) . Integer from1 to
features.power_saving.office_hour.idle_timeout 960 960
Description :

Configures the time (in minutes) to wait in the idle state before the IP phone enters

power-saving mode during the office hours.
Example:

features.power_saving.office_hour.idle_timeout = 600
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Parameter s Permitted Values Default

The IP phone will enter power-saving mode when it has beeninactivated for 600 minutes (10
hour) during the office hours .

Note : It is not applicable to SIP-T19(P) E2 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 10 10
Description :

Configures the time (in minutes) to wait in the idle state before the IP phone enters

power-saving mode during the non -office hours.
Example:
features.power_saving.off_hour.idle_timeout = 5

The IP phone will enter power-saving mode when it has beeninactivated for 5 minutes
during the non -office hours.

Note : It is not applicable to SIP-T1YP) E2 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 minimum time (in minutes) to wait in the idle state - after using the phone -

before the IP phone enters power-saving mode.

Example :
features.power_saving.user_input_ext.idle_timeout =5

Note : It is not applicable to SIP-T19(P) E2 IP phones.

Web User Interface:

Settings->Power Saving>User Input Extension Idle TimeOut
Phone User Interface:

None

. ' Integer from 0 to
features.power_saving.office_hour.monday 9 7,19

23, Integer from O
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Parameter s Permitted Values Default
features.power_saving.office_hour.tuesday to 23 7,19
features.power_saving.office_hour.wednesday 7,19
features.power_saving.office_hour.thursday 7,19
features.power_saving.office_hour.friday 7,19
features.power_saving.office_hour.saturday 7,7
features.power_saving.office_hour.sunday 7,7

Description :

Configures the starting time and ending time of the day¢ office hour.

Starting time and ending time are separated bya comma.

Example:

features.power_saving.office_hour.monday =7,19

Note : It is not applicable to SIP-T19(P) E2 IP phones.

Web User Interface:

Settings->Power Saving->Monday/Tuesday/Wednesday/Thursday/Friday/Saturday/Sunday
Phone User Interface :

None

To configur e the power saving fe ature via web user interface:

1. Click on Settings ->Power Saving .
SelectEnabled from the pull -down list of Power Saving.
Enter the starting time and ending time respectively in the desired day field.

Enter the desired value (1-960) in the Office Hours Idle Time Out field.

o > WD

Enter the desired value (1-10) in the Off Hours Idle Time Out field.
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6. Enter the desired value (1-30) in the User Input Extension Idle TimeOut field.

Log Out

English(English) v

Yealink |1

Account Settings Directory

PReiearee Power Saving Enabled @ NOTE

office Hour @

Time & Date Settings Powersaving
Monday 07 | —-|19

Call Display You can click here to get
Tuesday 0z -|12 more guides.

Upgrade Wednesday 07 |-|12

Auto Provision Rl=y 07 |-[19
_ Friday a7 | —-|19
Configuration
Saturday a7 | —-|07

Dial Plan

Sunday a7 | —-|07
Voice Idle TimeOut (minutes)
Ring Office Hour Idle TimeOut 960

Off Hour Idle TmeOut 10
Tones

200

User Input Extension Idle TimeOut 10

Softkey Layout

Confirm Cancel
TROG9

Voice Monitoring

sIp

Power Saving

7. Click Confirm to accept the change.

Backlight

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

SIRT548T525 T48G/T48S/TA6GT46ST42G/T42S/TA1PT41S/T40P/T40G/T29G/T27P/T27GIT2
3P/IT23G/T21(P) EZCP860IP phones EXP40(connected to SIP-T48G/T48S/T46GT46S IP phones)
and EXP20(connected to SIRT29G/T27RT27G IP phones).

You can configure the backlight time as one of the following types:

Always Off: Backlight is turned off permanently (not applicable to
SIRT543T525 T48G/T48S/T46GT46S/T29GIP phones)

Always On: Backlight is turned on permanently.

15s, 30s, 1min, 2min, 5min, 10min or 30min : 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.

Active Backlight Levelis used to adjust the backlight intensity of the LCD screenwhen the phone
is active.Unused BackLightis used to adjust the backlight intensity of the LCD screen when the
phone is inactive. Active Backlight Levelis applicable to SIRT543T52S IP phones and the
connected EXP50Q SIRT48G/T48S/T46@&T46S IP phones and the connected EXP40,

SIRT29G T27RAT27G IP phones andthe connected EXP20Unused BackLight is only applicable
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Note

to SIRT54ST52S IP phones SIRT48GT48S/T46G/T46SIP phonesand the connected EXP40,
SIRT29G IP phones and he connected EXP20

It is not applicable to SIP-T19(P) E2 IP phones.

Before you

adjust the

been connected to the IP phone.

LCDgs

backlight of

exp

The following table lists available method s and configuration options to configure the backlight

of phone model s/expansion modules.

Phone Model (and
the connected

expansion module)

Configuration
Methods

Configuration Options

Unused BackLighflnactive
Level (not applicable to

T54ST525EXP50)
Configuration Files EXP50)
T48GS(EXP40)
Web User Interface Active Backlight LevelActive
TA6G/S(EXP40)
Phone User Interface Level
T29G(EXP20
( ) Backlight Time (not applicable
to EXP50)
Configuration Files Active Backlight LevelActive
T27PIG(EXPD) Web User Interface Level
Phone User Interface Backlight Time
T42G'S
T41P/S
Configuration Files
T40RG
Web User Interface Backlight Time
T23P/G
Phone User Interface
T21(P) E2
CP860
Procedure

Backlight can be configured using the following methods.

Central Provisioning

(Configuration File)

<y0000000000x»%>.c

Configure the backlight of the LCD screen.
Parameters:
phone_setting.active_backlight_level
phone_setting.inactive_backlight_levé

phone_setting.backlight_time

Web User Interface

Configure the backlight of the LCD screen.

Navigate to :
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http://<phonelPAddress>/servlet?p=settin
gs-preference&g=load

Phone User Interface Configure the backlight of the LCD screen.

Details of Configuration Parameters:

Parameter s 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.

ForT549T52SI P phones, it confi gur ephotehrelthe CDQ s
connected EXP50.

For T48G/T48S/T46GT46SI P phones, it configures the
the connected EXP40.

For T29G/T27HT27Gl P phones, it configures the LCD
connected EXP20

Note : It is applicable to SIRT54ST52S IP phones and the connected EXP50
SIRT48G/T48S/T46G/T46S IP phones and the connected EXP40, STRIG/T27P/T27G IP
phones and the connected EXP20.

Web User Interface:
Settings->Preference->Active Backlight Level
Phone User Interface:

Menu->Basic->Display->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
ForT549T52SI P phones, it configur ephotrehe LCDQs
For T48G/ T48S/ T46G/ T46S | P phones, it con

the connected EXP40.

For T29G I P phones, it configures thectdCD
EXP20

If it is set to 0 (Off), it works only if the value of the parameter
jphone_setting.backlight _ _timeDZis not set
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Parameter s Permitted Values Default

Note : It is applicable to SIRT54ST52SIP phones, SIRT48G/T48S/T46G/T46S IP phones and
the connected EXP40, SIPT29G IP phones and the connected EXP20.

Web User Interface:
Settings->Preference->Unused BackLight
Phone User Interface:

Menu->Basic->Display->Backlight->Inactive Level

Refer to the
. . _ 0,1, 15, 30, 60, 120, 300, .
phone_setting.backlight_time following
600 or 1800
content

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 SIRT54S/T52S/T48G/T48S/T46GT46S/T29GIP phones)
15-15s

30-30s

60-1min

120-2min

300-5min

600-10min

1800-30min

If it is set to 60 (1min), the intensity of the LCD screenwill be changed when the IP phone
has beeninactivated for 60 seconds.

For SIP-T54S/T52S/T48G/T48S/T46G/T46S/T29G:

The default value is 0.

For SIP-T42G/T42S/T41P/ T41S/T40P/T40G/T27P/T27G/T23P /T23G/T21(P) E2/CP860:
The default value is 30.

Note : It is not applicable to SIP-T19(P) E2 IP phones.

Web User Interface:

Settings->Preference->BacKight Time(seconds)

Phone User Interface:

Menu->Basic->Display->Backlight->BacHKight Time

To configure the backlight via  web user interface:

1. Click on Settings ->Preference .

2. Select the desired value from the pull-down list of Unused BackLight .
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3.
4.

Select the desired value from the pull-down list of Active Backlight Level .

Select the desired value from the pull-down list of Backlight Time(seconds).

Yealink | v

Log Out |
English(English) ¥

Account Network Dsskey Settings Directory Security

NOTE

Live Dialpad

It allows IP phones to
automatically dial out the
entered phone number after a
specified period of time.

Backlight

T Live Dialpad Disabled @
Inter Digit Time(1~14s) 4 (7]
Time & Date
Unused BackLight Low @
Call Display Active Backlight Level g @
Upgrade Backlight Time(seconds) Always On v 0
T, Watch Dog Disabled @
Ring Type Ringl.wav v 0

o,

Specifies the brightness of the
LCD screen display.

Contrast

5.

Click Confirm to accept the change.

To configure the backlight via phone user interface:

1.
2.

PressMenu ->Basic->Display ->Backlight .

Press@ or @ , or the Switch soft key to select the desired level from the Active Level

field.

Press@ or @ , or the Switch soft key to select the desired value from the Inactive

Level field.

Press@ or @ , or the Switch soft key to select the desired time from the Backlight

Time field.

Press theSave soft key to accept the change.

Idle Clock Display
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Idle clock is displayed on the center of the idle screen by default. You can hide the idle clock,

and the time and date are displayed on the right of the status bar. It is only applicable to
SIRT54S IP phones.

Procedure

Idle clock can be configured using the following methods .

Central Provisioning

(Configuration File)

<y0000000000xx%.cfg

Configure the idle clock.
Parameter :

phone_setting.idle_clock_display.enable

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 SIRT54SIP 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. PressMenu->Basic->Display ->Idle Clock .

2. Press @ or @ , or the Switch soft key to select the desired value from the Idle Clock
Display field.

3. Pressthe Save soft key to accept the change.

Bluetooth

Bluetooth enables low-bandwidth wireless connections within a range of 10 meters (32 feet).
The best performance is in the 1 to 2 meters (3 to 6 feet) range. You can activate/deactivate the
Bluetooth mode and then pair and connect the Bluetooth headset with your phone. For
SIRT48S/T48G/T46ST46G/T29GIP phone, you can alsoconnect your Bluetooth -Enabled
mobile phone to the IP phone, and then synchronize the mobile contacts to the IP phone. For
more information, refer to the Yealink phone-specific user guide 1t is only applicable to
SIRT54S/T52S/T48G/T48S/TA6G/T46SI42S/T41ST29GT27G IP phones.

You canpersonalize the Bluetooth device name for the IP phone. The pre-configured 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/T48S/T46G/T46ST42S/T41SN29GT27G IP 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 following methods.

Central Provisioning

(Configuration File)

<y0000000000xx»%.cfg

Configure Bluetooth mode.
Parameter:

features.bluetooth_enable

Configure the Bluetooth device name.
Parameter:

features.bluetooth_adapter_name

Web User Interface

Configure Bluetooth mode.
Navigate to :

http://<phonelPAddress>/serviet?p=f
eatures-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-T54S/T52S/T48G/T48S/T46G/T46ST42S/T41ST29GT27G

IP phones.

Web User Interface:

Features >Bluetooth->Bluetooth Active

Phone User Interface:

Menu->Basic->Bluetooth ->Bluetooth

features.bluetooth_adapter_name

] o Refer to the
String within 64 .
following
characters
content

Description :

Configures the Bluetooth device name.

For SIP-T54S IP phones:
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Parameter s Permitted Values Default

The default value is Yealink T54S.
For SIP-T52S IP phones:
The default value is Yealink T52S.
For SIP-T48G IP phones:
The default value is Yealink T48G.
For SIP-T48S IP phones:
The default value is Yealink T48S.
For SIP-T46G IP phones:
The default value is Yealink T46G.
For SIP-T46S IP phones:
The default value is Yealink T46S.
For SIP-T42S IP phones:
The default value is Yealink T42S.
For SIP-T41S IP phones:
The default value is Yealink T41S.
For SIP-T29G IP phones:
The default value is Yealink T29G.
For SIP-T27G IP phones:
The default value is Yealink T27G.

Note : It works only if the value of the parameter] f eat ur es . b | uisesettod (Om).
It is only applicable to SIP-T54S/T52S/T48G/T48S/TA6G/T46SI42S/T41ST29GT27G IP
phones.

Web User Interface:
None

Phone User Interface:

Menu->Basic->Bluetooth ->Bluetooth (On)->Edit My Device Information->Device Name

To activ ate the Bluetooth mode via web user interface:

1. Click on Features->Bluetooth .
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2. Select the desired value from the pull-down list of Bluetooth Active .

Log Out
English(English) ¥

Yealinklvss

Account Features i Directory

Forward&DND T (@ NOTE
Bluetooth Active on @
General Bluetooth
Information
Confirm Cancel
Audio You can click here to get
more guides.

Intercom
Transfer
Call Pickup

Remote Control

Phone Lock

ACD

SMS

Action URL

Bluetooth

3. Click Confirm to accept the change.
To activ ate the Bluetooth 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

Select Edit My Device Information and then press the Enter soft key.

The LCD screen displays the device name and MAC addres3he MAC address cannot be
edited.

5. Enter the desired name in the Device Name field.

6. Press theSave soft key to accept the change.

Page Switch Key
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The page switch keyallows you to conveniently switch between p ages of line keys on the phone.

Up to three pages are supported. By default, you can use the page switch key only if a line key
not located on the first page is assigned functionality. The maximum of the line keys displaying
on the first page depends on how many dedicated hard line keys your phone supports. For
example, a SIPT46G phone supports 10 dedicated hard line keys. It can display a maximum of
10 line keys on the first page. If the line key X (X is greater than 10) is assigned functionality, the
10th line key in the right bottom w ill automatically act as a page switch key.
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You can configure the line key in the right bottom to be fixed as a switch page key. Then you
can always use this key. It is especially useful for users who need to configure multipage line
keys.

Each page of the line keys has a corresponding page icon. For more information on page icon,
refer to Enable Page Tipson page 209.

It is only applicable to SIP-T54S/T52ST46G/T46S/T42G/T42S/T41P/T41S/T29G/T2TR27G IP
phones.

Procedure

Page switch keycan only be configured using the configuration files.

Configure the page switch key.
Central Provisioning
<y0000000000x»>.cfg | Parameter:
(Configuration File)
features.keep_switch_page_key.enable

Details of the Configuration Parameter:

Parameter Permitted Values Default

features.keep_switch_page_key.enable Oor1l 0

Description :

Enables or disables the line key in the bottom right of the phone to be fixed as a page switch
key.

0-Disabled

1-Enabled

If it is set to O (Disabled), the page icons appear only if a line key not located on the first
page is assigned functionality. Then you can use the line key in the bottom right to switch

pages.

Note : It is only applicable to
SIRT54S/T52ST46G/T46S/T42G/T42S/TA1P/T41S/T29G/T27P27G IP phones.

Web User Interface:
None
Phone User Interface:

None

Enable Page Tips

Enable page tipsfeature allows usersto enable the page icon and page switch key LEDon the
phone to indicate different statuses. It is mainly used in the scenaiio of configuring multi -page
line key. It is only applicable to
SIRT54S/T52S/T46G/T46S/TA42G/T42S/ITA1P/T41S/T29G/T27P27G IP phones.
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The following shows the page icons:

i3 1005

History Directory

The following table lists the page icons to indicate different statuses:

Phone Models

Icons

Description

SIRT5439T529 T46G/T46S/T29G

Fastflashing: the BLFmonitored user
receives an incoming call on the

non-current page.

Solid: there is a parked call to the line on

the non-current page.

Fastflashing: the line receives an
incoming call on the non-current page.

SIRT42G/T42S/TA1RT41SIT27AT27G

Fastflashing:

The BLFmonitored user receives an

incoming call on the non-current page.

The line receives an incoming call on the

non-current page.
Solid:
There is a parked call on the non-current

page.

Procedure

Enable page tipscan be configured using the following methods.

Central Provisioning

(Configuration File)

<y0000000000xx% .cfg

Configure enable page tips.
Parameter:

phone_setting.page_tip

Web User Interface

Configure enable page tips.
Navigate to :

http://<phonelPAddress> /servlet?p
=dsskey&model=1&g=load&linepa
ge=1
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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
keys on the non-current page.

0-Disabled
1-Enabled

Note : It is only applicable to
SIRT54S/T52S/T46G/T463T42G/T42S/TA1PT41S/T29G/T27RT27G 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.

2. SelectEnabled from the pull -down list of Enable Page Tips.

Log Out

English(English) v

Yealink | 1.

Account Settings Directory Security

Line Key1-9 | Enable Page Tips| Enabled v Label Length | Default v NOTE
Key Type Value Label Line Extension
Line Key10-18 Line Keys
Line Keyl | Line ¥ || Default v Line 1 v Line keys allow you to quickly
= access features such as recall
D Line Key2 | Line v | | Default v Line 2 v l— and voice mail.
Programable Key Line Key? |Line v | | Default v Line 3 M
You can click here to get
Ext Key Line Key4 | Line ¥ | | Defaulk v Line 4 v more guides.
Line Key5S | Line v || Default v Line 5 v
Line Key6 | Line ¥ || Default v Line 6 v
Line Key7 | Line ¥ || Default v Line 7 v
Line Key8 | Line ¥ || Default v Line 8 v
Line Keyd | Line ¥ | | Default v Line 9 v
Confirm Cancel

3. Click Confirm to accept the change.

Page Tips for Expansion Module

You are allowed to configure the page switch key LED on the expansion module to indicate
when BLF monitored user receives an incoming call on the noncurrent page. It is only
applicable to EXP50 connected to the SIPT54ST52S IP phones.
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The following table lists the page switch key LE

Dto indicate different statuses:

LED Status Description
Off (non-configurable) Indicates non-current pages.
Solid green (non-configurable) Indicates current page.

Flashing red

The BLF monitored user receives an
incoming call on the non-current pages.

You can also customize thepage switch key LEDstatus when BLF monitored user receives an

incoming call on the non -current pages.

Procedure

Page tips for expansion module can only be configured using the configuration files.

Central Provisioning <y0000000000x»
(Configuration File) .cfg

Configure page tips for the page switch keys

for the expansion modules.
Parameter s:
expansion_module.page_tip.blf_call_in.enable

expansion_module.page_tip.blf_call_in.led

Details of the Configuration P arameter s:

Parameter s

Permitted Values Default

expansion_module.page_tip.blf_call_in.enable

Oorl 1

Description :

Enables or disablesthe page switch key LEDon the expansion module to indicate when BLF

monitored user receives an incoming call on th
0-Disabled
1-Enabled

Note : It is only applicable to EXP50expansion
phones.

Web User Interface:
None
Phone User Interface:

None

e non-current pages.

modules connected to the SIP-T5439T52S IP

expansion_module.page_tip.blf_call_in.led

$LEDr30

Strin
g 00300%

Description :
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Parameter s Permitted Values Default

Configures the page switch key LEDstatus on the expansion module when BLF monitored

user receives an incoming callon the non-current pages.

This value uses the same macro action string syntax as an Enhanced DSS key.
If it is left blank, the default value takes effect.

Example:

expansion_module.page_tip.blf_call_in.led= $LEDr3000300%

It means an infinite loop for page switch key LED status: illuminates solidred for 300ms and

then goes out for 300ms.

Note : It works only if the value of the parameter
Jexpansion_module.page_tip.blf_call_in.enablBZ i s s et t loischly gpiicakbledtd e
EXP50expansion modules connected to the SIP-T54ST52S IP phones.

Web User Interface:
None
Phone User Interface:

None

Label Length

Label length allows IP phones to extend the display length of the line key label on the idle
screen If the label length feature is enabled, more characters will be displayed on the idle LCD
screen.Label length is only applicable to SIRT54S T48G/T48S/T46GT46S/T29GIP phones.
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When label length feature is set to Default :

11:08 Tue, Sep 20

History Directory Menu

SIRT46G

SIRT48G
When label length feature is set to Extended :

For SIRT54S/T46G/T46S/T29G IP phones, the display length of the line key labels extended
and the characters are displayedin one line.

History Directory Menu

SIRT46G
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For SIRT48GS IP phones,the characters are displayedin two lines.

SIRT48G

When label length feature is set to Mid -range, the idle screen can display 9 digits at most (for
SIRT549, 10 digits at most (for SIP-T46G/T46S) and 11 digits at most (for SIPT29G)

14 27 Thu, Mar 09

[ % 1006

=" 861812355

Directory

SIRT46G

Procedure

Label length can be configured using the following methods.

Configure label length.
Central Provisioning
<y0000000000xx% .cfg Parameter:
(Configuration File)

features.config_dsskey_length

Configure label length.
Navigate to :

Web User Interface http://<phonelPAddress>/servlet?p
=dsskey&model=1&g=load&linepa
ge=1
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Details of the Configuration Parameter:

Parameter Permitted Values Default

features.config_dsskey_length 0,1or2 0

Description :

Configures the label length of the label displayed on the idle LCD screen for the line key.
0-Default

1-Extended

2-Mid-range (only applicable to SIP-T54S/T46G/T46S/T29G IP phones)

Note : For SIRT54S/T46G/T46S/T29G IP phonesf it is set to 2 (Mid-range), the idle screen
can display 9 digits at most. For SIRT48GT48S IP phones, the idle screen can display 9
digits at most by default. It is only applicable to SIRT54S/T48G/T48S/T46GT46S/T29GIP
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 .

Tog Out |
English(English) v

Yealink | v _

Account Settings Directory Security

Line Key1-9 Enable Page Tips | Enabled v Label Length | Extended v | NOTE
Key Type Value Label Line Extension
Line Key10-18 Line Keys
Line Keyl | Line v | | Default v Line 1 v Line keys allow you to quickly
Line Key19-27 access features such as recall
3 Line Key2 | Line v | | Default v Line 2 v and voice mail.
Programable Key Line Key? | Line ¥ | | Defaut v Line 3 M
You can click here to get
Ext Key Line Key4 | Line ¥ | | Defauft Al Line 4 A more guides.
Line Keys | Line v | | Default v Line 5 v
Line Key6é | Line v | | Default v Line & v
Line Key7 | Line v | | Default v Line 7 v
Line Key8 | Line v | | Default v Line & v
Line Keyd | Line v | | Default v Line & v
Confirm Cancel

3. Click Confirm to accept the change.

Linekey Length in Short

Linekey length in short allows IP phones to shorten the line key label when the phone places a
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call, receivesa call,is during a call,or is idle (if large DND icon is enabled). You can configure the

phone to display 2 characters or nothing via linekey length in short feature. It is only applicable
to SIP-T52S IP phones.

If you configure the phone to display 2 characters, the display will match the rules below

Label Short Label Description
J Shor tbDZlhatselhi gherlapel
) ] If the value of JShort LabelDi& configured, the
Any string or Configured . ) )
) value of JLabel DZis i
Blank (e.g., aLinel) ) )
Display the first two characters of the short
label (e.g., aL)
Configured HUf the label contains uppercase characters or
(e.g., aLinel) Blank digits, only the uppercase characters and
(e.g.,sunmy) digits are displayed. It displays two
characters from left to right (e.g., L1).
Helse, it displays the first two characters of the
Blank Blank label (e.g., su).
If both left blank, the default label is used. The
display rule is the same as above.

The following figure shows an example of label display when it is set to 2 chars

123 Delete EndCall

The following figure shows an example of label display when it is set to No Label:

123 Delete EndCall
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Procedure

Linekeylength in short can be configured using the following method s.

Central Provisioning
<y0000000000xx% .cfg
(Configuration File)

Configure linekey length in short.
Parameter:

features.config_dsskey_length.shorte
n

Web User Interface

Configure linekey length in short.
Navigate to :

http://<phonelPAddress>/serviet?p
=dsskey&model=1&g=load&linepa
ge=1

Details of the Configuration Parameter:

Parameter

Permitted Values Default

features.config_dsskey_length.shorten

Oor1l 1

Description :

Configures the label length in short of line key displayed on LCD screenwhen the phone

places a call, receives call,is during a call, or is idle (if large DND icon is enabled).

0-No Label

1-2 chars

If it is setto O (No Label), you can press the line key to displaythe line key label when the

label length is shorten.

If itis set to 1 (2 chars), the exceedng characterswill be ignored.

Note: It is only applicable to SIP-T52S IP phones.
Web User Interface:

Dsskey>Line Key>Linekey length in short
Phone User Interface:

None
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To configure the | inekey length in short via web user interface:

1. Click on Dsskey->Line Key.

2. Selectthe desired value from the pull -down list of Linekey Length in short .

o
Log Out
- English(English) -
Yealink |2 ) ) _ _ _ )
Account Network Features Directory
Line Key1-7 Enable Page Tips Enabled - Linekey length in short 2 chars - | NOTE
Key Type Value Label Short Line Extension
Line Key8-14 Line Keys
Line Keyl Line ~ Default ~ 1052 Line 1 - Line keys allow you to quickly
5 access features such as recall
Line Key15-21 Line Key2  Line - Defaukt - Line 2 - and voice mail.
Programable Key Line Key3 Line ~ Default - Line 3 -
. - *ou can click here to get
Ext Key Line Key4 Line ~ Default - Line 4 - S rodha
Line Key5  Line ~ Default - Line 5 -
Line Key6  Line ~ Default - Line & -
Line Key7 Line ~ Default - Line 7 -

3. ClickConfirm to accept the change.

Account Registration

Registering an account makes it easier forthe IP phones to receive an incoming call or dial an
outgoing call. Yealink IPphones support registering multiple accounts on a phone; eachaccount

requires an extension or phone number.

The number of the registered accounts must meet the following :

Phone Model Account s
SIRT54S/T48G/T48S/T46GT46S/T29G <=16
SIRT52S/T42GT42S <=12
SIRT41P/T41S[T27RAT27G <=6
SIRT40P/T40G/T23P/T23G <=3
SIRT21(P) E2 <=2
SIRT19(P) E2 1
CP860 1 (SIP/Cloud account)

<=2 (PSTNaccount)

The IP phones support SIP server redundancy for account registration. For more information,
refer to Server Redundancyon page 739. If you want to customize multiple DSSkeysto
associate with an account refer to Multiple Line Keys per Accounton page 230. If you want to
configure the maximum number of concurrent calls per line key, refer to Multiple Call

Appearanceson page 236.

Not e You can only register a Cloud account for CP860 IP phones via phone user interface. Famore
information, refer to Yealink CP860 User_ Guide
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Procedure

SIPAccount registration can be configured using the following methods.

Central Provisioning
<MAC>.cfg
(Configuration File)

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_proxy.Y.address

account.X.outbound_proxy.Y.port

Configure the interval for the IP phone to

retry to re-register when registration fails.
Parameter:

account.X.reg_fail_retry_interval

Web User Interface

Configure the SIPaccount registration

information.
Navigate to :

http://<phonelPAddress>/servlet?p=accou
nt-register&g=load&acc=0

Configure the interval for the IP phone to

retry to register when registration fails.
Navigate to :

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

nt-adv&qg=load&acc=0

Phone User Interface

Configure the SIPaccount registration

information.
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Details of Configuration Parameters:

Parameter s Permitted Values Default

account.X.enable Oor1l 0

Description :

Enables or disables the account X.

0-Disabled

1-Enabled

X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)
X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)
X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q
X ranges from 1 to 2 (for SIRT21(P) E2)

Xis equal to 1 (for SIRT19(P) EACP860)

Web User Interface:

Account->Register->Line Active

Phone User Interface:

Menu->Advanced (default password: admin) ->Accounts-> Activation

String within 99
account.X.label Blank
characters

Description :

(Optional.) Configures the label to be displayed on the LCD screen for account X.
X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)
X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

Xis equal to 1 (for SIRT19(P) EACP860)

Web User Interface:

Account->Register->Label

Phone User Interface:

Menu->Advanced (default password: admin) ->Accounts->Label

) String within 99
account.X.display_name Blank
characters
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Parameter s Permitted Values Default

Description :

Configures the display nametobe di spl ayed on t he doadcdownX.
X ranges from 1to 16 (for SIP-T54S/T48G/T48S/T46G/T46S/T29G)
X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

Xis equal to 1 (for SIRT19(P) EZCP860)

Web User Interface:

Account->Register->Display Name

Phone User Interface:

Menu->Advanced (default password: admin) ->Accounts->Display Name

String within 99
account.X.auth_name Blank
characters

Description :

Configures the user name for register authentication for account X.
X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)
X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q

Xranges from 1 to 2 (for SIP-T21(P) E2)

Xis equal to 1 (for SIRT19(P) EACP860)

Note : The user name for register authentication is provided by ITSP It is always matched
with a password (configured by the parameter] ac c o u nt . X usedfea egister d DZ
authentication, if required by the server.

Web User Interface:
Account->Register->Register Name
Phone User Interface:

Menu->Advanced (default password: admin) ->Accounts->Register Name

String within 99
account.X.user_name Blank
characters

Description :

Configures the register user name for account X.

X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)
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Parameter s Permitted Values Default

X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

X is equal to 1 (for SIRT19(P) EZCP860)

Note : Theregister user name is provided by ITSP It is used to identify the account.
Web User Interface:

Account->Register->User Name

Phone User Interface:

Menu->Advanced (default password: admin) ->Accounts->User Name

String within 99
account.X.password Blank
characters

Description :

Configures the password for register authentication for account X.
X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)
Xranges from 1 to 12 (for SIP-T52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

X is equal to 1 (for SIRT19(P) EACP860)

Note : The password for register authentication is provided by ITSP.
Web User Interface:

Account->Register->Password

Phone User Interface:

Menu->Advanced (default password: admin) ->Accounts->Password

account. X.sip_server.Y.address String within 256

Blank
(X ranges from 1 to 16, Y ranges from 1 to 2) characters
Description :

Configures the IP address or domain name of the SIP server Yhat accepts registrations for

account X.

X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)
X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q
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Parameter s Permitted Values Default

X ranges from 1 to 2 (for SIRT21(P) E2)

Xis equal to 1 (for SIRT19(P) EACP860)
Example:

account.l.sip_serverl.address= 10.2.1.48
Web User Interface:

Account->Register->SIP Server Y>ServerHost
Phone User Interface:

Menu->Advanced (default password: admin) ->Accounts->SIP ServerY

account. X.sip_server.Y.port Integer from O to

5060
(X ranges from 1 to 16, Y ranges from 1 to 2) 65535
Description :

Configures the port of the SIP server Mhat specifies registrations for account X.
X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)

X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

X is equal to 1 (for SIRT19(P) EACP860)

Example:

account.1.sip_serverl.port = 5060

Note : If the value of this parameter is set to 0, the port used depends on the value specified

by the parameter] account . X. si p_server.Y.transport |
Web User Interface:
Account->Register->SIP Server Y>Port
Phone User Interface:

None

account.X.outbound_proxy_enable Oorl 0

Description :

Enables or disables the IP phone to send requests to the outbound proxy server for account
X

0-Disabled
1-Enabled

X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)
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Parameter s Permitted Values Default

X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)
X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q
X ranges from 1 to 2 (for SIRT21(P) E2)

X is equal to 1 (for SIRT19(P) EZCP860)

Web User Interface:

Account->Register->Enable Outbound Proxy Server
Phone User Interface:

Menu->Advanced (default password: admin) ->Accounts->Outbound Status

IP address or domain
account.X.outbound_proxy.Y.address Blank
name

Description :

Configures the IP address or domain name of the outbound proxy server Y for account X.
X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)

X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

X is equal to 1 (for SIRT19(P) E2CP860)

Example:

account.1.outbound_proxy.1.address= 10.1.8.11

Note: 1t wor ks only if the value of the para
to 1 (Enabled).

Web User Interface:
Account->Register->Outbound Proxy Server Y
Phone User Interface:

Menu->Advanced (default password: admin) ->Accounts->Outbound ProxyY

Integer from O to
account.X.outbound_proxy.Y .port 5060
65535

Description :
Configures the port of the outbound proxy server Y for account X.
X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)

X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27PIT27G)
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Parameter s Permitted Values Default

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q
X ranges from 1 to 2 (for SIRT21(P) E2)

Xis equal to 1 (for SIRT19(P) EACP860)

Example:

account.1.outbound_proxy.1.port = 5060

Note: 1t works only if the value of the para
to 1 (Enabled).

Web User Interface:
Account->Register->Outbound Proxy Server Y->Port

Phone User Interface:

None
) ) Integer from O to
account.X.reg_fail_retry_interval 30
1800
Description :

Configures the interval (in seconds) for the IP phone to retry to re-register account X when
registration fails.

X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)
Xranges from 1 to 12 (for SIP-T52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

X is equal to 1 (for SIRT19(P) EACP860)

Example:

account.l.reg_fail_retry_interval= 30

Note : It works only if the values of the parameters "account.X.reg_failed_retry_min_time"

and "account.X.reg_failed_retry_max_time" are set to 0.

Web User Interface:

Account->Advanced->SIP Registration Retry Timer(0~1800s)
Phone User Interface:

None

To register an account via web user interface:

1.
2.
3.

Click Account ->Register .
Select the desired accountfrom the pull -down list of Account .

SelectEnabled from the pull -down list of Line Active .
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4.  Enter the desired value inLabel, Display Name , Register Name , User Name, Password
and SIP Serverl/2 field respectively.

Engish{Englsh)

Yealink | s

Dsskey Features Settings Directory Security

Register 5 : - NOTE
Regster Status Regstered
Basic Account Registration
Lne Active Enabled > 9 Regsters account(s) for the P
one.
Codec Label 101 %) L
Advanced Dspiey Kome 291 o It s often requred i VoIP
deployments to ensure
N
REFOUA Tiame 0 L7 continuky of phone service, for
User Name 101 events where the server needs
L) to be taken offine for
Password FXTTTrrTs o mantenance, the server fals, or
the connection between the 1P
SIP Server 1 @ phone and the server faks.
Server Host 10.2.1.48 Port 5060 (7] NAT Traversal
A general term for techniques
Tansport wop M) that establsh and maintain P
connections traversng NAT
Server Bxpres 3600 (7] gateways. STUN & one of the
Server Retry Counts 3 0 NAT traversal techniques.
SIP Server 2
@ You can configure NAT traversal
Server Host Port 5060 @ | forthsaccount.
Transport uoP - @ @ You can dick here to get
more guides.
Server Epres 3600 (7]
Server Retry Counts 3 (2]
Enable Qutbound Proxy Server Dsabled > 9
Outbound Proxy Server 1 Port 5060 Q
Outbound Proxy Server 2 Port 5060 (7]
Proxy Falback Interval 3600 o
NAT STUN * @
Confrm Gancel

5.  If you use outbound proxy servers, do the following:
1) SelectEnabled from the pull -down list of Enable Outbound Proxy Server .

2) Enter the desired IP address or domain name in the Outbound Proxy Server 1/2
field and the desired port of the outbound proxy server 1/2 in the Port field
respectively.

6. ClickConfirm to accept the change.
To configure the interval for re  -register when registration fails via web user interface:

1. Click Account ->Advanced .

2. Select the desired accountfrom the pull -down list of Account .
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3. Enter the desired interval in the SIP Registration Retry Timer(0~1800s)

Yealink | s

Register
Basic
Codec

Advanced

Account Network

Keep Alve Type
Keep Alive Interval{Seconds)
RPart

Subscribe Period(Seconds)

SIP Send MAC

SIP Send Line

field.

Log Out

English(Endiish) -

Dsskey Features Settings Directory Security

NOTE

Default

DTMF
20 It is the signal sent from the IP

phone to the network, which is
generated when pressing the IP
phone’s keypad during 3 call.

Disabled [=]

1800

Session Timer

It allows a periodic refresh of
SIP sessions through a re-
INVITE request, to determine
whether a SIP session is stil
active.

Enabled

Bl

Enabled

SIP Registration Retry Timer(0~1800s)

T | Busy Lamp Field /BLF List

Monitors a specific extension/a

VQ RTCP-XR Collector Name
VQ RTCP-XR Collector Address

VQ RTCP-XR Collector port

MNumber of line key

list of extensions for status
changes on IP phones.

Shared Call Appearance
5060 (sca)/ Bridge Line
Appearance (BLA)
It allows users to share a SIP
line on several IP phones. Any
IP phone can be used to
originate or receive cals on the
shared line.

Cancel

4. Click Confirm to accept the change.

To register an account via phone user interface:

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

P WD

Select the desired account and then press theEnter soft key.
SelectEnabled from the Activ ation field.

Enter the desired value inLabel, Display Name , Register Name , User Name, Password

and SIP Serverl/2 field respectively. Contact your system administrator for more

information.

5.  If you use outbound proxy servers, do the following:

1) SelectEnabled from the Outbound Status field.

2) Enter the desired IP address or domain namein the Outbound Proxy1/2

field.

6. Press theSave soft key to accept the change.

PSTN Account
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Procedure

PSTNAccount can be configured using the following methods.

Central Provisioning

(Configuration File)

<MAC>.cfg

Configure the PSTNaccount.
Parameters:
pstn.account.X.enable

pstn.account.X.label
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Configure the PSTNaccount.

Navigate to :
Web User Interface

http://<phonelPAddress>/servlet?p=accou
nt-register&q=load&acc=0

Phone User Interface Configure the PSTNaccount.

Details of Configuration Parameters:

Parameter s Permitted Values Default

pstn.account. X.enable
Oorl 1
(Xranges from 1 to 2)

Description :

Enables or disables the PSTN accountX.
0-Disabled

1-Enabled

Note: It is only applicable to CP860 IP phones.
Web User Interface:

Account->Register->Line Active

Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin) ->Accounts->Active Line

pstn.account. X.label String within 99

Blank
(Xranges from 1 to 2) characters
Description :

(Optional.) Configures the label to be displayed on the LCD screen forPSTN accountX.
Note: It is only applicable to CP860 IP phones.

Web User Interface:

Account->Register->Label

Phone User Interface:

Menu->Settings->Advanced Settings (default password: admin) ->Accounts->Label

To configure the PSTN account via web user interface:

1. Click Account ->Register.
2. Select the desired PSTNaccount from the pull -down list of Account .

3.  Seled the desired value from the pull -down list of Line Active .
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4. Enter the desired value inLabel field.

Yealink | cesso

Register

Basic

Codec

Advanced

Account Network Dsskey Features
PSTH1 v
Register Status Registerad
Line Active Enabled v
Label PSTM1
Confirm Cancel

Log Out

English(English) v

Directory Security

NOTE

Account Registration
Registers account(s) for the IP
phone.

Server Redundancy

It is often required in VoIP
deployments to ensure
continuity of phone service, for

5. ClickConfirm to accept the change.

To configure the PSTN account via phone user interface:

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

a & w DN

Enter the desired value inLabel field.

Select the desired PSTNaccount and then press the Enter soft key.

Selectthe desired value from the Active Line field.

Press theSave soft key to accept the change.

Multiple Line Keys per Account
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You can customize the number of DSS keys to be automatically assigned with Line type. It

means multiple DSSkeys will associate with an account It is useful for managing a high volume

of calls to a line. For more information on how to register accounts, refer to Account

Registration on page 219. If you want to configure maximum number of concurrent calls per line

key, refer to Multiple Call Appearanceson page 236. It is not applicable to SIP-T19(P) EZCP860

IP phones.

The number of the DSS keys asociated with an account must meet the following :

e edle] Line Key Ext Key (with expansion
modules connect ed)

SIRT54S <=27 <=180
SIRT52S <=21 <=180
SIRT48GS <=29 <=240
SIRT46GS <=27 <=240
SIRT29G <=27 <=228
SIRT27RAG <=21 <=228
SIRT42G/T42S/TA1PT4A1S <=15 /

SIRT40P/T40G/T23P/T23G <=3 /

SIRT21(P) E2 <=2 /
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The following shows two line keys associated with aregistered account 101:

History

Directory

17 57 Tue, Dec 06

Menu

When you customize multiple line keys to be associated with an account, you can configure the

IP phone whether to transfer a call or set up a conference call using a new line key.

Procedure

Multiple line keys per account can be configured using the following methods.

Central Provisioning

(Configuration File)

<y0000000000x» .cfg

Configure auto linekeys.
Parameter:

features.auto_linekeys.enable

Configure whether to transfer a call using
a new line key on a phone basis.

Parameter:

phone_setting.call_appearance.transfer_vi

a_new_linekey

Configure whether to set up a conference
call using a new line key on a phone basis.

Parameter:

phone_setting.call_appearance.conferenc

e_via_new_linekey

<MAC>.cfg

Configure the number of DSS keys to be

assigned automatically.
Parameter:

account.X.number_of_linekey

Configure whether to transfer a call using

a new line key on a per-line basis.
Parameter:

account.X.phone_setting.call_appearance.

transfer_via_new_linekey
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Configure whether to set up a conference
call using a new line key on a perline
basis.

Parameter:

account.X.phone_setting.call_appearance.

conference_via_new_linekey

Configure auto linekeys.
Navigate to :

http:// <phonelPAddress>/servlet?p=feat
ures-general&qg=load

Web User Interface Configure the number of DSS keys to be

assigned automatically.
Navigate to:

http:// <phonelPAddress>/servlet?p=acco
unt-adv&g=load&acc=0

Details of Configuration Parameters:

Permitted
Parameter s Default
Values
features.auto_linekeys.enable Oor1l 0

Description :

Enables or disables the DSS keys to be assigned with Line typautomatically.
0-Disabled

1-Enabled

Note: The number of the DSSkeys is determined by the value of the parameter
jaccount . X. numkbis mot apglicathlei tanSEPKT #9¢PIDEACP860 IP phones.

Web User Interface:
Features>General Information->Auto Linekeys

Phone User Interface:

None
Integer
account.X.number_of_linekey from 1 to 1
999
Description :

Configures the number of DSS keys to be assigned with Line type automatically from the

first unused one (unused one means the DSS key is configured as N/A or Line). If a DSS key
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Permitted
Parameter s Default
Values

is used, the IP phone will skip to the next unused DSS key.

The order of DSS ley assigned automatically is Line Key>Ext Key.
X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)
X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIR T40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

Example:

account.l.number_of_linekey= 1

Note:l't works only if the value of the parari
(Enabled).To assign Ext Key, make sure the expansion module has beenonnected to the
phone in advance. It is not applicable to SIP-T19(P) EACP860IP phones.

Web User Interface:
Account->Advanced->Number of line key
Phone User Interface:

None

phone_setting.call_appearance.transfer_via_new_linekey Oorl 1

Description :

Enables or disablesthe IP phone to transfer a call using a new line key when multiple line
keys are associated with an account

0-Disabled
1-Enabled
If it is set to O (Disabled), the IP phone will transfer a call using the current line key.

If it is set to 1 (Enabled), the IP phone will transfer a call by automatically selecting a new line
key (the corresponding line key is not seized) instead of the current line key. If all line keys

are seized, the current line key will be used.

Note: The number of the line keys is determined by the value of the parameter
Jaccount . X. nu mbhe value donfijuiechby the parB@eter

Jjaccount . X. phone_setting.call _appearance.
that configured by this parameter. It is not applicable to SIRT19(P) EACP860IP phones.
Web User Interface:

None

Phone User Interface:

None
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Permitted
Parameter s Default
Values
phone_setting.call_appearance.conference_via_new_linekey Oor1l 1

Description :

Enables or disablesthe IP phone to set up a conference call using a new linekey when

multiple line keys are associated with an account
0-Disabled
1-Enabled

If it is set to O (Disabled), the IP phone will place a new call using the current line key when
pressing the Conf/Conference soft key.

If it is set to 1 (Enabled), the IP phone will place a new call by automatically selecting a new
line key (the corresponding line key is not seized) when pressing the Conf/Conference soft
key. Ifall line keys are seizedthe current line key will be used.

Note: The number of the line keys is determined by the value of the parameter

jaccount . X. nu mbhe value donfiguied by the parb@eter
jaccount . X. phone_setting.call _appearance.
over that configured by this parameter. It is not applicable to SIRT19(P) EACP860IP

phones.

Web User Interface:
None

Phone User Interface:

None

Per-Line Parameters:

Two parameters listed in the above table have a perline equivalent that you can configure. The
per-line parameters are listed in the following table. Note that the per -line parameter takes
precedence over the global parameter.

X stands for the serial number of the account.

X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)

X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

Per-Line Parameter:
account.X.phone_setting.call_appearance.transfer_via_new_linekey

Global Parameter:
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phone_setting.call_appearance.transfer_via_new_linekey

Per-Line Parameter:
account.X.phone_setting.call_appearance.conference_via_new_éikey
Global Parameter:

phone_setting.call_appearance.transfer_via_new_linekey

To configure auto linekeys feature via web user interface:

1. Click on Features->General Information
2. SelectEnabled from the pull -down list of Auto Linekeys .

If Auto LineKeys is enabled, you can automatically assign multiple DSS keys with Line type
for a registered line on the phone.

Log

Yealink [+

Account Network Dsskey Features Settings Directory Security

Ge | Inf ti
Forward&DND rera fnformation [LTiE
Call Watting Enabled E|
General Call waiting
Information Cal Waiting On Code It allows IP phones to receive a
new incoming call when there is
Vi already an active cal.
Audio Cal Waiting Off Code
Auto Redizl Dissbled -~ Auto Redial
Intercom o Redi ssble It allows IP phones to
. . automaticaly redial 2 busy
Auto Redizl Interval (1~300s) 10 number aftar the first attempt.
Transfer Auto Redial Times (1~300) 10 Key As Send
N Assigns "#” or =" as the send
Call Pickup o key.
Hotline
Remote Control 1P phone will automatically dil
out the hotline number when
Phone Lodk Voice Mal Tons Enzbled [=] ifting the handsef, pressing the
DHEP Hostname SIP-T46G iziakeruhnne key or the line
ACD :
Reboot in Taking Disabled [=] call Completion
SMS It allows users to monitor the
Hide Feature Access Codes Disabled Iz‘ busy party and establish a cal
when the busy party becomes
Action URL Display Method on Dialing User Name E avalable to receive a cal.
Power LED | Auto Linekeys Enabled [~] | You can click here to get
more guides.
Notification Popups

3. ClickConfirm to accept the change.
To configure the number of line keys via web user interface:

1. Click Account ->Advanced.
2. Select the desired acount from the pull -down list of Account .

3.  Enter the desired number in the Number of line key field.
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This field appears only if Auto Linekeys is enabled.

Log Out

Yealink | v Engish(Engish)

Account Network Dsskey Features Settings Directory Security

S NoTE
Keep Alive Type Defauft B
Basic DTMF
Keep Alive Interval{Seconds) 30 It is the signal sent from the IP

phone to the network, which is

Codec RPort Disabled [+l generated when pressing the IP
phone’s keypad during 3 call.
Advanced Subscribe Period(Seconds) 1800
Session Timer
It allows 2 periodic refresh of
SIP sessions through a re-
INVITE request, to determine
SIP Send MAC Enabled whether 3 SIP session is stil
active.
SIP Send Line Enabled E|
. . y Busy Lamp Field/BLF List
SIP Registration Retry Timer(0~1800s) 30 Monitors a specific extension/a
list of extensions for status
VQ RTCP-XR Collector name changes on IP phones.

VQ RTCP-XR Collector address
e Shared Call Appearance

- (scA)/ Bridge Line
VQ RTCP-XR Collector port 5060 Aomearamet (BLA
Mumber of line key 1 | It allows users to share a SIP

line on several IP phones. Any
1P phone can be used to

originate or receive cals on the
Eanfom Cancel shared line.

4. Click Confirm to accept the change.

Multiple Call Appearances
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You can enable each registered lineon the phone to support multiple concurrent calls. For
example, you can place one call on hold, switch to another call on the same registered lire, and
have both calls display.

You can set the maximum number of concurrent calls per line key on a phone or a per-line basis.
For example, if you configure the maximum number of concurrent calls per line key for account
1 to three, you can only have three call appearanceson line 1. The additional incoming calls will
be rejected. If you assign a registered line to multiple line keys (refer to Multiple Line Keys per
Account), the number of concurrent calls applies to all line keys. That is, you can have three call
appearances per line key.

Procedure

Multiple call appearances canbe configured using the configuration file s.

Specify the number of concurrent calls for

each line key on a phone basis.
<y0000000000x» .cf

Parameter:
g
phone_setting.call_appearance.calls_per_lin
Central Provisioning
ekey
(Configuration File)
Specify the number of concurrent calls for
each line keyon a per-line basis.
<MAC>.cfg

Parameter:

account.X.phone_setting.call_appearance.ca
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lls_per_linekey

Details of Configuration Parameter

Permitted
Parameter Default
Values

) ] Integer from
phone_setting.call_appearance.calls_per_linekey Oto 24 0
(o]

Description :

Configures the maximum number of concurrent calls per line key for the IP phone. It applies

to all registered lines.

If it is set to O, there is no limit for the number of concurrent calls.

Example:

phone_setting.call_appearance.calls_per_linekey = 2

It means that you can have up to two concurrent calls per line key on the IP phone.

Note: The value configured by the parameter
jaccount . X. phone_setting.call _appearance.
configured by this parameter. It is not applicable to SIRT19(P) EACP860IP phones.

Web User Interface:
None
Phone User Interface:

None

Per-Line Parameter :

Jjaccount . X. phone_setting. cal hepa-linp mmeameienaftte cal | s_per _ | |
global parameter] phone _setting. call _appeatakesmeeedaneel | s _per _| i ne
over the global parameter.

X stands for the serial number of the account.

X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)

X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

Call Display

Display contact photo allows the IP phone to present the contact avatar when it receivesan
incoming call, dials an outgoing call or engages in a call To use this feature, make sure that you

have uploaded the avatar for the contact in advance. For more information, refer to Customizing
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Note

238

a Local Contact File(Color Screen Phone$ on page 347. Display contact photo feature is only
applicable to SIRT54S/T52S/T48G/T48S/T46GT46S/T29GIP phones.

Display called party information allows the IP phone to present the callee identity in addition to

the presentation of caller identity whe n it receivesan incoming call.

The following figure shows an example of screen displaywhen Display Called Party Information
feature is enabled on the phone (a call from Tom (phone number: 1008) to Marry (phone
number: 1009)).

For SIRT42G/T42S/T41P/T41S[TA0P/T40G/T27P/T27G/T23/PT23G/T21(P) E2/T19(P) HZP860
IP phones:

> Ringing

'E' w Marr

Tom 1003
Marry 1009

Answer

You can customize the call information to be displayed on the IP phone as required. IP phones
support five call information display methods: Number+Name, Name, Name+Number, Number
or Full Contact Info (display name<sip:xxx@domain.com>).

The caller information may be too long to be entirely displayed on the phone in a short time.
You can customize the horizontal scroll speed of the caller information when the phone is

ringing, so that you can check the caller information more quickly before picking up the call.

SIRT42G/T42S/T41P/T41S/TA0PT40G/T23P/T23G/T21(P) E2/T19(P) B2P860IP phones have a
limited display (up to three lines) due to their smaller screen size.
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Procedure

Call Displaycan be configured using the following methods.

Central Provisioning
<y0000000000xx>.cfg
(Configuration File)

Configure display contact photo feature.
Parameter:

phone_setting.contact_photo_display.en
able

Configure display called party

information feature.
Parameter:

phone_setting.called_party_info_display.

enable

Specify the call information display
method.

Parameter:

phone_setting.call_info_display_method

Specify the horizontal scroll speed of

caller information .
Parameter:

phone_setting.incoming_call.horizontal_

roll_interval

Web User Interface

Configure display contact photo feature.

Configure display called party

information feature.

Specify the call information display
method.

Navigate to :

http://<phonelPAddress>/serviet?p=set
tings-calldisplay&q=load

Details of Configuration Parameters:

Parameter s

Permitted Values Default

phone_setting.contact_photo_display.enable

Oorl 1

Description :

Enables or disables the IP phone to display contact avatar when it receives an incoming call,

dials an outgoing call or engagesin a call.
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Parameter s Permitted Values Default

0-Disabled

1-Enabled

Note : It is only applicable to SIP-T54S/T52S/T48G/T48S/T46G/T46S/T29G IP phones.
Web User Interf ace:

Settings-> Call Display->Display Contact Photo

Phone User Interface:

None

phone_setting.called_party_info_display.enable Oor1l 0

Description :

Enables or disables the IP phone to display the called account information when receiving an

incoming call.

0-Disabled

1-Enabled

Web User Interface:

Settings->Call Display->Display Called Party Information
Phone User Interface:

None

phone_setting.call_info_display_method 0,1,2,30r4 0

Description :

Specifiesthe call information display method when the IP phone receives an incoming call,
dials an outgoing call or is during an active call.

0-Name+Number

1-Number+Name

2-Name

3-Number

4-Full Contact Info (display name<sip:xxx@domain.com>)
Web User Interface:

Settings->Call Display->Call Information Display Method
Phone User Interface:

None

L . . . Integer from 100 to
phone_setting.incoming_call.horizontal_roll_interval 2000 500
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Parameter s Permitted Values Default

Description :

Configures the interval (in milliseconds) for the IP phone to horizontally scroll the caller

information when the phone is ringing.

Note : It is not applicable to CP860 IP phones.
Web User Interface:

None

Phone User Interface:

None

To configure call display features via web user interface:

1. Click on Settings ->Call Display .
Select the desired value from the pull-down list of Display Contact Photo .

Select the desired value from the pull-down list of Display Called Party Information

P w DN

Select the desired value from the pull-down list of Call Information Display Method

Tog Out
English(English) ¥

Yealink | vas

Account Network Settings Directory Security

Preference Call Display NOTE
Display Contact Photo | Enabled @
Time & Date i call Display
Display Called Party Information Disabled v e Display called party information
Call Displa ) allows the IP phone to present
pay Call Information Display Method Name-+Number @ the callee identity in addition to
_ the presentation of caller
Upgrade identity when it receives an
comig ot

5. Click Confirm to accept the change.

Display Method on Dialing

When the IP phone is on the pre-dialing or dialing screen, the account information will be

displayed on the top left corner of the LCD screen.

Cancel

You can customize theaccount information to be displayed on the IP phone as required. IP
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phones support three account information display methods: Label, Display Name or User Name.
Procedure

Display method on dialing can be configured using the following methods.

Configure display method on dialing .
Central Provisioning
<y0000000000x»>.cfg | Parameter:
(Configuration File)
features.caller_name_type_on_dialing

Configure display method on dialing .

Navigate to :
Web User Interface

http://<phonelPAddress>/servlet?p=fe
atures-general&q=load

Details of Configuration Parameter

Parameter Permitted Values Default

features.caller_name_type_on_dialing 1,20r3 3

Description :

Configures the account information displayed on the top left corner of the LCD screen when
the IP phone is on the pre-dialing or dialing screen.

1-Label

2-Display Name

3-User Name

Web User Interface:

Features>General Information->Display Method on Dialing

Phone User Interface:

None

To configure display method on dialing via web user interface:

1. Click on Features->General Information .
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2. Select the desired value from the pull-down list of Display Method on Dialing

Yealink | s

Forward&DND

General
Information

Audio

Intercom
Transfer

Call Pickup
Remote Control
Phone Lock
ACD

SMS

Action URL
Power LED

Notification Popups

Account

General Information

Features

Call Waiting Enabled Iz‘

Call Waiting On Code

Cal Waiting Off Code

Auto Redial Disabled E

Auto Redial Interval (1~300s) 10

Auto Redizl Times (1~300) 10

Voice Mail Tone Enabled

DHCP Hostname SIP-T46G

Reboot in Talking Disabled E|

Hide Feature Access Codes Enabled [+]
| Display Method on Dialing User Mame E| |

Auto Linekeys Disabled E|

Log Out
English(English) -

Directory

NOTE

‘Call Waiting

It alows IP phones to receive a
new incoming call when there is
already an active cal.

Auto Redial

It alows IP phones to
automatically redial a busy
number after the first attempt.

Key As Send
Assigns "#" or "*" as the send
key.

Hotline

1P phone will automatically dil
out the hotline number when
lifting the handset, pressing the
speakerphone key or the line
key.

‘Call Completion

It allows users to monitor the
busy party and establish a call
when the busy party becomes
available to receive a call.

You can click here to get
more guides.

3. Click Confirm to accept the change.

Time and Date

IP phones maintain a local clock.The time and date can be displayed in several formats on the

idle screen of IP phones. You can select one of thedefault time/date formats or customize the

date format.

There are 2 available time formats:] 12 HourDd@r ] 24 HourDZor example, for the time format j12

HourDZhe time will be displayed in 12-hour format with AM or PM specified. For the time

format 24 HourD#he time will be displayed in 24 -hour format (e.g., 9:00 PM displays as21:00).

Thetime formats available:

Time Format Example (21:39:41)
12 Hour 09:39 PM
21:39:41
24 Hour
21:39

There are 7available date formats by default. F o r

MMMDZ WWWDZ r e ptheeabbeewidtion of the weekday, | D

and

The date formats available:

] MMMDZ s tlefdirst¢éhsee latters of the month.

exampl e,

t he
D DZ s teeptwoedigi¢ day,

for

Date Format

Example (2016-09-02)

WwWwW MMM DD

Fri, Sep 02

DD-MMM -YY

02-Sep-16
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Date Format Example (2016-09-02)
YYYYMM-DD 2016-09-02
DD/MM/YYYY 02/09/2016
MM/DD/YY 09/02/16
DD MMM YYYY 02 Sep, 2016
Www DD MMM Fri,02 Sep

Yealink IP phones alsosupport customizing date format . For example, YYYMMM -DDD-WWW,
and W,MD, etc. For more information, refer to Time and Date Settingson page 249.

The following table lists available configuration methods for time and date.

Option Configuration Methods

Configuration Files
NTPtime server Web User Interface

Phone User Interface

Configuration Files
Time Zone Web User Interface

Phone User Interface

Web User Interface

Time
Phone User Interface
Configuration Files
Time Format Web User Interface
Phone User Interface
Web User Interface
Date
Phone User Interface
Configuration Files
Date Format Web User Interface
Phone User Interface
Date Format (custom) Configuration Files

Configuration Files
Daylight Saving Time
Web User Interface

NTP Time Server

A time server is a computer server that reads the actual time from a reference clock and

distributes this information to the clients in a network. The Network Time Protocol (NTP) is the
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most widely used protocol that distributes and synchronizes time in the network .

The IP phones synchronize the time and dateautomatically from the NTP time server by default.
The NTPtime serveraddresscan be offered by the DHCPserver or configured manually. NTP by
DHCP Priorityfeature can configure the priority for the IP phone to use the NTPtime server

addressoffered by the DHCPserver or configured manually.
Time Zone

Atime zone is a region on Earth that has a uniform standard time. It is convenient for areas in
close commercial or other communication to keep the same time. When configuring the IP

phone to obtain the time and date from the NTP time server, you must set the time zone.

Procedure

NTP time server and time zonecan be configured using the following methods.

Configure NTP by DHCP priority
feature and DHCP time feature.

Parameters:

local_time.manual_ntp_srv_prior

local_time.dhcp_time

Central Provisioning Configure the NTP server, time zone.
<MAC> .cfg
(Configuration File) Parameters:
local_time.ntp_serverl
local_time.ntp_serveg
local_time.interval

local_time.time_zone

local_time.time_zone_name

Configure NTP by DHCP priority

feature and DHCP time feature.

Configure the NTP server, time zone.
Web User Interface
Navigate to :

http://<phonelPAddress>/servlet?p

=settings - datetime&q=load

Configure DHCP time feature.
Phone User Interface
Configure the NTP server time zone.

Details of Configuration Parameters:

Parameter s Permitted Values Default

local_time.manual_ntp_srv_prior Oorl 0
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Parameter s Permitted Values Default

Description :

Configures the priority for the IP phone to use the NTP serveraddress offered by the DHCP

server.
0-High (use the NTP serveraddress offered by the DHCPserver preferentially)
1-Low (use the NTP serveraddress configured manually preferentially)

Web User Interface:

Settings->Time & Date->NTP by DHCP Priority

Phone User Interface:

None

local_time.dhcp_time Oorl 0

Description :

Enables or disables the IP phone to update time with the offset time offered by the DHCP

server.
0-Disabled

1-Enabled

Note : It is only available to offset from Greenwich Mean Time (GMT)
Web User Interface:

Settings->Time & Date->DHCP Time

Phone User Interf ace:

Menu->Basic->Time & Date->DHCP Time>DHCP Time

local_time.ntp_serverl IP address or domain name cn.pool.ntp.org

Description :

Configures the IP address or the domain name of the NTP serverl.

The IP phone will obtain the current time and date from the NTP server 1
Example:

local_time.ntp_serverl = 192.168.0.5

Web User Interface:

Settings->Time & Date->Primary Server

Phone User Interface:

Menu->Basic>Time & Date->General>SNTP Settings>NTP Served

local_time.ntp_server2 IP address or domain name pool.ntp.org
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Parameter s Permitted Values Default

Description :
Configures the IP address or the domain name of the NTP server2.

If the NTP serverl is not configured (configured by the parameterj | ocal _t i me).

or cannot be accessed, the IP phone will request thetime and date from the NTP server 2.
Example:

local_time.ntp_server2 = 192.168.0.6

Web User Interface:

Settings->Time & Date->Secondary Server

Phone User Interface:

Menu->Basic->Time & Date->General>SNTP Settings>NTP Servel

local_time.interval Integer from 15 to 86400 1000

Description :
Configures the interval (in seconds)to update time and date from the NTP server.

Example:
local_time.interval = 1000

Web User Interface:
Settings->Time & Date ->Update Interval (15~86400s)
Phone User Interface:

None

local_time.time_zone -11to +14 +8

Description :

Configures the time zone.

For more available time zones, refer to Appendix B: Time Zoneson page 993.
Example:

local_time.time_zone = +8

Web User Interface:

Settings->Time & Date->Time Zone

Phone User Interface:

Menu->Basic>Time & Date->Generalt>SNTP Settings>Time Zone

local_time.time_zone_name String within 32 characters China(Beijing)

Description :
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Parameter s Permitted Values Default

Configures the time zone name.

The available time zone names depend on the time zone configured by the parameter
Jjl ocal _t i meFormoreneforrzation enlfzZe available time zone namesfor each

time zone, refer to Appendix B: Time Zoneson page 993.

Example:
local_time.time_zone_name = China(Beijing)

Note: It works only ifthevalueof t he parameter Jlocal _ti me
(Automatic) and the parameter Jjlocal _ti me

Web User Interface:
Settings->Time & Date->Location
Phone User Interface:

Menu->Basic->Time & Date->General>SNTPSettings->Location

To configure NTP by DHCP priority feature via web user interface:

1. Click on Settings ->Time & Date .

2. Select the desired value from the pull-down list of NTP by DHCP Priority .

-
Log Out

English(English) v

Yealink | v

Account_ | ( ( | Settings | Directory.

Time&Dat:
Preference imesbate NOTE
DHCP Time Disabled @
Time & Date Time and Date
Manual Time Disabled @ It displays on the idle screen of
Call Displa IP phones.
play Time Zone +8 China~ Singapore . Australia« Russia v o
Time Zone
Upgrade Daylight Saving Time ® Automatic ' Enabled ' Disabled &:[”;;03”5”‘;;;5%{%””3;53““
time. It is convenient for areas
Auto Provision Locstion China(Beiina) @ in close commercal or other
communication to keep the
_ Fixed Type DST by Date DST by Week -
Configuration @ ETE NG
Start Date Manth l_ Day l_ Hour l— NTP Server
Dial Plan The IP phones synchronize the
End Date Month Day Hour time and date automatically
_ from the NTP time server by
Voice Offset(minutes) Q default.
i NTP by DHCP P High v Daylight Saving Time
Ring v riority 9 0 | It is the practice of temporary
’ advancing clocks during the
Tones Primary Server an.pool.ntp.org 0 summer time so that evenings
have more daylight and
Secondary Server pool.ntp.org 0 mornings have less, Typically,
Softkey Layout dlocks are adjusted forward one
Update Interval (15~86400s) 1000 0 hour at the start of spring and
backward in autumn.
R Time Format Hour 24 @
Voice Monitoring Date Format VAN MMM DD @ Ve e G e B g
more guides.
sIP Confirm Cancel

3. Click Confirm to accept the change.
To configure the NTP server, time zone via web user interface:

1. Click on Settings ->Time & Date .
SelectDisabled from the pull -down list of Manual Time .

Select the desired time zone from the pull-down list of Time Zone .

»p woDN

Select the desired location from the pull-down list of Location .
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5. Enter the domain name or IP addressin the Primary Server and Secondary Server field

respectively.

6. Enter the desired time interval in the Update Interval (15~86400s) field.

Log Out
English(English) v

Yealink | v

Account Settings Directory Security
Preference Time&Date NOTE
DHCP Time Disabled @
Time & Date Time and Date
Manual Time Disabled @ It displays on the idle screen of
Call Displa IP phones.
play | Time Zone +8 China+ Singapore . Australa., Russa ¥ 0 |
Time Zone
Upgrade Davlight Saving Ti ® Automati Enabled Disabled A time zone is a region on Earth
Pg aylig aving Time utomatic nable isable 0 R e e
time. It is convenient for areas
Auto Provision | Loeien China(Beiina) M 7] | in close commercial or other
communication to keep the
_ Fixed Type DST by Date DST by Week
Configuration @ same tme.
Start Date Manth Day Hour NTP Server
Dial Plan The IP phones synchronize the
End Date Month Day Hour time and date automatically
~ from the NTP time server by
Voice Offset(minutes) (7] default.
il TP by DHCP Priori High v Daylight Saving Time
Ring ¥ ty g 0 It is the practice of temporary
; advancing clocks during the
Tones Primary Server an.pool.ntp.org o summer time so that evenings
have more daylight and
Secondary Server pool.ntp.org 0 mornings have less. Typicaly,
Softkey Layout clocks are adjusted forward one
Update Interval (15~86400s) 1000 0 hour at the start of spring and
backward in autumn.
EREGS Time Format Hour 24 @
Voice Monitoring Date Format WWW MMM DD @ You can click here to get
more guides.
SIP | confim | cancel

7. Click Confirm to accept the change.
To configure the NTP server and time  zone via phone user interface:

1. PressMenu->Basic->Time & Date ->General->SNTP Settings.

2. Press@ or@ , or theSwitch soft key to select the time zone that applies to your area

from the Time Zone field.

3. Enter the domain name or IP addressin the NTP Serverl and NTP Server?2 field

respectively.

4. Press@ or@ ,or the Switch soft key to select the desired value from the Daylight
Saving field.

If Auto matic is selected, the Location field will appear.

5. Press @ or@ ,or the Switch soft key to select the desired value from the Location
field.

6. Press theSave soft key to accept the change.

Time and Date Settings

You can set the time and date manually when IP phones cannot obtain the time and date from
the NTPtime server. The time and date display can use one of several different formats. You can

customize date format as required.
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You need to know the following rules when customizing date formats:

Format Description

It represents a two-digit year.
YIYY )
For example, 16, 17 18A

Y isused more than twice | It represents a four-digit year.

(e.9., YYY, YYYY) For example, 2016, 201720184

It represents a two-digit month.
M/MM .
For example, 01, 02A , 12

It represents the abbreviation of the month.
MMM )
For example, Jan, Feb, A,

M is used more than three | It represents the long format of the month.

times (e.g., MMMM) For example, January, Fel

D is used more than once | It represents a two-digit day.

(e.g., DD) For example, 01,024, 31

It represents the abbreviation of the day of week.
W/WW )
For exampl e, Mon, Tue, A,

W is used more than twice | It represents the long format of the day of week.

(e.9, WWW,WWWW) |For example, Monday, Tue:;s

Procedure

Time and date can be configured using the following methods.

Configure the time and date

manually.
Parameter:

local_time.manual_time_enable

Configure the time and date formats.

Central Provisioning
<MAC> .cfg Parameter s:

(Configuration File) . .
local_time.time_format

local_time.date_format

Customize the date format.
Parameter :

Icl.datetime.date.format

Configure the time and date
Web User Interface
manually.
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Configure the time and date formats.
Navigate to :

http://<phonelPAddress>/serviet?p
=settings-datetime&q=load

Configure the time and date
Phone User Interface manually.

Configure the time and date formats.

Details of Configuration Parameters:

Parameter s Permitted Values Default

local_time.manual_time_enable Oorl 0

Description :

Enables or disables the IP phone to obtain time and date from manual settings.
0-Disabled (obtain time and date from NTP server)

1-Enabled (obtain time and date from manual settings)

Web User Interface:

Settings->Time & Date->Manual Time

Phone User Interface:

None

local_time.time_format Oorl 1

Description :

Configures the time format.
0-Hour 12

1-Hour 24

If it is set to O (Hour 12), the time will be displayed in 12-hour format with AM or PM
specified.

Ifitis setto 1 (Hour 24), the time will be displayed in 24-hour format (e.g., 2:00 PM displays
as 14:00).

Web User Interface:
Settings->Time & Date->Time Format
Phone User Interface:

Menu->Basic->Time & Date->Time & Date Format->Time Format

local_time.date_format 0,1,2,3,4,50r6 0
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Parameter s Permitted Values Default

Description :

Configures the date format .
0-WWwW MMM DD
1-DD-MMM -YY
2-YYYYMM-DD
3-DD/MMIYYYY
4-MM/DD/YY

5-DD MMM YYYY
6-Www DD MMM

Note:] WWWDZ r epresents the abbreviat i o-digitddy, t

] MMMDZ r epresents the first trédpresesalfoardibityeas
and] YYDZ r e pr edigi pearrsTheavalue wamfigured by the parameter

jlcl.datetime.date.formatDZtakes preceden
Web User Interface:

Settings->Time & Date ->Date Format

Phone User Interface:

Menu->Basic->Time & Date->Time & Date Format->Date Format

f

Icl.datetime.date.format String Blank

Description :
Configures the format of date string .
Y = year, M = month, D = day, W = day of week
Value formats are:
Any combination of W, M, D and the separator (e.g., spacedash, slash)
Example :
Icl.datetime.date.format = W,MD
The I P phone will di spl ay ted@e20gdate in | W,
Any combination of Y, M, D, W and the separator (e.g., space, dash, slash
Example:
Icl.datetime.date.format = YYYY¥MMM -DDD-WWW

The IP phone will display the date in]YYYYMMM -DDD-WWWDZ f o remat  (
2016-Apr-20-Wednesday).

Note:] Y DZ DZ' Y DZ atwopdigityea,mtos e t han t wo . YYYDZepresénta
four-digit year,] MPAMMDZ r e patwosdgihment h, | MésbhBahe e pr

abbreviation of the month, t hr ee or mor e t han MMM repesgntthBz
long formatofthe month, one or mor e (e.¢n,DBD)repnesenty DDZdigit day,
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Parameter s Permitted Values Default

] WDEWDZ r epresents the abbr etmeecatri onmr ef tthhe e
(e.g., WWW) representthe long format of the day of week .

Web User Interface:
None
Phone User Interface :

None

To configure the time and date manually via web user interface:

1. Click on Settings ->Time & Date .
2. SelectEnabled from the pull -down list of Manual Time .

3. Enter the time and date in the corresponding fields.

Log Out
English(English) v

Yealink | v

Account Network Settings Directory Security
Preference Time&Date NOTE
DHCP Time Disabled @
Time & Date Time and Date
Manual Time Enabled @ It displays on the idle screen of
Call Displa IP phones.
(2 Date Year| 2016 |Month | 12 Day |7
Time Zone
Upgrade Ti H 8 Minute | 53 g dl14 A time zone is a region on Earth
e me our nue seon that has a uniform standard
time. It is convenient for areas
Auto Provision Time Format Hour 24 e in close commercal or other
_ Date Format WWW MMM DD v e c;’:?;pn‘?tmn lEgyiie
Configuration .
I NTP Server
Dial Plan | Confirm | | Cancel | The IP phones synchronize the

4. Click Confirm to accept the change.
To configure the time and dat e format s via web user interface:

1. Click on Settings ->Time & Date .

2. Select the desired value from the pull-down list of Time Format .
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3. Select the desired value from the pull-down list of Date Format .

Log Out
English(English) M

Yealinklwes : :

Account Network Dsskey Settings

Preference Time&Date NOTE
DHCP Time Disablad @
Time & Date Time and Date
Manual Time Disabled @ It displays on the idle screen of
Call Displa IP phones.
(5T Time Zone +8 China+ Singapore . Australiz+ Russia =~ v o
Time Zone
Upgrade i il O i A time zone is a region on Earth
pg Daylight Saving Time Automatic Enabled Disabled @) that has a uniform standard
- - . time. It is convenient for areas
Auto Provision lezmise China(Befing) " in close commercial or other
communication to keep the
_ Fixed Type DST by Date DST by Week
Configuration o TR
Start Date Manth Day Hour NTP Server
Dial Plan The IP phones synchronize the
End Date Month Day Hour time and date automaticaly
~ from the NTP time server by
Voice Offset(minutes) (7] default.
i NTP by DHCP Prior, High v Daylight Saving Time
Ring ¥ 17 g 0 It is the practice of temporary
" advancing clocks during the
Tones [y SERE an.pool.ntp.org 0 summer time so that evenings
» have more daylight and
Secondary Server pool.ntp.org 0 mornings have less. Typically,
Softkey Layout clocks are adjusted forward one
Update Interval (15~86400s) 1000 0 hour at the start of spring and
backward in autumn.
TROGY Time Format Hour 24 9
Voice Monitoring Date Format WWW MMM DD @ You can click here to get
more guides.
sIp | Confim | | Cancel |

4. Click Confirm to accept the change.
To configure the time and date  manually via phone user interface:

1. PressMenu->Basic->Time & Date ->General->Manual Settings .
2. Enter the date and time in the Date Time field.

3. Press theSave soft key to accept the change.
To configure the time and date format s via phone user interface:

1. PressMenu->Basic->Time & Date ->Time & Date Format .

2. Press@ or @ , or theSwitch soft key to select the desired time format from the Time
Format field.

3. Press @ or @ or the Switch soft key to select the desired date format from the Date
Format field.

4. Press theSave soft key to accept the change.

Daylight Saving Time (DST)
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Daylight Saving Time (DST) is the practice of temporary advancing clocks during the summer

time so that evenings have more daylight and mornings have less. Typically, clocks are adjusted

forward one hour at the start of spring and backward in autumn. Many countries have used the

DST at various times, details vary by location. By default, the DST is set to Automatic, so it can be

adjusted automatically from the current time zone configuration. You can configure DST forthe

desired area as required.
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Procedure

Daylight saving time can be configured using the following methods.

Configure DST.
Parameters:

local_time.summer_time
Central Provisioning
<MAC> .cfg local_time.dst_time_type
(Configuration File)
local_time.start_time

local_time.end_time

local_time.offset_time

Configure DST.

Navigate to :
Web User Interface

http://<phonelPAddress>/servlet?p=setting
s-datetime&q=load

Details of Configuration Parameters:

Parameter s Permitted Values Default

local_time.summer_time 0,1or2 2

Description :

Configures Daylight Saving Time (DST) feature.
0-Disabled

1-Enabled

2-Automatic

Web User Interface:

Settings->Time & Date->Daylight Saving Time
Phone User Interface:

Menu->Basic>Time & Date->General>SNTP Setting->Daylight Saving

local_time.dst_time_type Oorl 0

Description :

Configures the Daylight Saving Time (DST}ime type.
0-DST ly Date

1-DST by Week

Note : It works only if the value of the parameterj | ocal _ti me. summer _t
(Enabled).
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Day of Week : 1=Monday, 2=Tuesday, A7=Sunday
Hour of Day : 0=0am, 1=1a m, A, 11@n3 =
Example:

local_time.start_time= 1/1/7/0

(Enabled).

Web User Interface:
Settings->Time & Date->Start Date
Phone User Inter face:

None

Note : It works only if the value of the parameter] | ocal _t i me.

summer

Parameter s Permitted Values Default

Web User Interface:
Settings->Time & Date->Fixed Type
Phone User Interface:
None
local_time.start_time Time 1/1/0
Description :
Configures the starting time of the Daylight Saving Time (DST)
Value formats are:

Month/Day/Hour (for DST by Date)

Month/ Week of Month/Day of Week/ Hour of Day (for DST ky Week)
I'f Jlocal _ti me. ds tDST ly Duate), tsg theenlaipings set t o O
Month : 1=Jaruary, 2=February, A, 1&mb&@e c
Day:1=t he first day in a month, A, 31= the |
Hour:0=0am, 1=1a m, A, 11pn3 =
Example:
local_time.start_time=1/1/2
I'f Jlocal _ti me. ds tDST lyWeek),tusephe Ddpping: set to 1
Month : 1=Jaruary, 2=February, A, 1 &émb&e c
Week of Month : l1=the first week in a month, A, 5

_t

local_time.end_time Time

12/31/23

Description :
Configures the ending time of the Daylight Saving Time (DST)

Value formats are:
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Parameter s Permitted Values Default

Month/Day/Hour (for DST by Date)

Month /Week of Month/ Day of Week/Hour of Day (for DST by Week)
I f Jlocal _ti me. ds {(DST ly Date), usg theamdgpings set t o O
Month : 1=Jaruary, 2=February, A, 1émb@e c
Day:1 =t he first day in a mont h, A, 31= the |
Hour:0=0am, 1=1a m, A, 11pgn3 =
Example:
local_time.start_time= 12/12/22
Iff 1l ocal _ti me. dst _ t(DShmiey Week)uselie inapping:et t o 1
Month : 1=Jaruary, 2=February, A, 1 &émb&e c
Week of Month : 1=the first week in a month, A, 5
Day of Week : 1=Monday, 2=Tuesday, A, TWaySun
Hour of Day : 0=0am, 1=1a m, A, 11@n3 =
Example:
local_time.start_time= 4/3/2/3

Note : It works only if the value of the parameter] | ocal _ti me. summer _t
(Enabled).

Web User Interface:
Settings->Time & Date->End Date
Phone User Interface:

None

local_time.offset_time Integer from -300 to 300 Blank

Description :
Configures the offset time (in minutes) of Daylight Saving Time (DST)

Note : It works only if the value of the parameterj | ocal _ti me. summer _t
(Enabled).

Web User Interface:
Settings->Time & Date ->Offset(minutes)
Phone User Interface:

None

To configure the DST via web user interface:

1. Click on Settings ->Time & Date .
2. SelectDisabled from the pull -down list of Manual Time .

3. Select the desired time zone from the pull-down list of Time Zone.
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4. Enter the domain name or IP address in thePrimary Server and Secondary Server field

respectively.
5. Enter the desired time interval in the Update Interval (15~86400s) field.

6. Mark the Enabled radio box in the Daylight Saving Time field.

- Mark the DST by Date radio box in the Fixed Type field.

Enter the starting time in the Start Date field.

Enter the ending time in the End Date field.

Log Out
- English(English) ¥
Yealink | s
Account Network Dsskey Settings Directory Security
Preference L= NOTE
DHCP Time Disabled 9
Time & Date Time and Date
Manual Time Disabled 9 It displays on the idle screen of
Call Displar IP phones.
play Time Zone +8 China+ Singapore + Australiz + Russia v e
Time Zone
Upgrade Vi i ic ® i A time zone is a region on Earth
Pg Daylight Saving Time Automatic Enabled Disabled e that has a unifarm atandard
time. It is convenient for areas
Auto Provision RoctIveS - B Ay DST by Week @ in close commercal or other
S vl pay[1 3 2 communication to keep the
" 3 ate oni 3y our _
Configuration EEDIn G
End Date Month | 12 Day 12 Hour | 22 NTP Server
Dial Plan The IP phones synchronize the
Offset(minutes) 0 time and date automatically
~ from the NTP time server by
Voice NTP by DHCP Priority High @ defauft.
i Primary Server cn.pool.ntp.ort Daylight Saving Time
Ring Y P P01 0 It is the practice of temporary
" advancing clocks during the
Tones SEETLET S paal.ntp.org 0 summer time so that evenings
. have more daylight and
Update Interval (15~86400s) 1000 0 marnings have less. Tynically,
Softkey Layout clocks are adjusted forward one
Time Format Hour 24 M 0 hour at the start of spring and
backward in autumn.
TROG9 Date Format WAWW MMM DD hd 0
Voice Monitoring ) ) You can click here to get
Confirm Cancel more guides.

- Mark the DST by Week radio box in the Fixed Type field.

Select the desired valuesof DST Start Month, DST Start Week oMonth, DST Start Day
of Week, Start Hour of Day, DST Stop Month, DST Stop Week of Month DST Stop Day
of Week and End Hour of Day from the pull-down lists.

Logout

English(English) ¥

Yealink | s

Account Network Dsskey Settings Directory Security
Preference Time&Date NOTE
DHCP Time Disabled @
Time & Date Time and Date
Manual Time Disabled @ It displays on the idle screen of
Call Displa 1P phones.
pay Time Zone +8 China. Singapore. Australia. Russa ¥ 0
Time Zone
Upgrade i il O A time zone is a region on Earth
pg Daylight Saving Time Automatic Enabled Dissbled @@ hat has » uniform standard
. - @ time. It is convenient for areas
Auto Provision el e 157y 2w DST by Week @) in close commercil or other
. 3 st i+ [Sunde v | (0000~ communication to keep the
) art Date anuan st In M unday 2 N
Configuration i
End Date Aprl ¥ || Third In & ¥ | Monda ¥ ||03:00 ¥ NTP Server
Dial Plan The IP phones synchronize the
Offset(minutes) e time and date automatically
from the NTP time server by

7. Enter the desired offset time in the Offset(minutes) field.

8. Click Confirm to accept the change.

Customizing an Auto DST Template File

The time zone and corresponding DST pre configurations exist in the AutoDSTfile. If the DST is
set to Automatic, the IP phone obtains the DST configuration from the AutoDST file. You can
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customize the AutoDST file ifrequired. The AutoDST file allows you toadd or modify time zone

and DSTsettings for your area each year.

Before customizing, you need to obtain the AutoDST file. You can ask the distributor or Yealink
FAEfor DST template You can also obtainthe DSTtemplate online:
http://support.yealink.com/documentFront/forwardToDocumentFrontDisp layPage For more
information on obtaining the template file, refer to Obtaining Boot Files/Configuration

Filed ResourceFileson page 137.

The following table lists description of each element in the template file:

Element Type Values Description
DSTData | required no File root element
. Ti me Zonmoti
DST required no
element
szTime required [+/-1[X]:[Y] X=0~14, Y=0~59 Time Zone

String (if the content is more

) than one city, it is the best to i
szZone required ] ) o Time Zone name
keep their daylight saving time

the same)
DST time type
o1 ! fime byp _
. ) (This item is needed if
iType optional 0: DST by Date

you want to configure
1: DST by Week

DST)
Month/Day/Hour  (for iType=0)
Month: 1~12
Day: 1~31
Hour: 0 (midnight)~23
Month/Week of Month/Day of
) Week/Hour of Day (for o
szStart optional ] Starting time of the DST
iType=1)
Month: 1~12
Week of Month: 1~5 (the last
week)
Day of Week: 1~7
Hour of Day: 0 (midnight)~23
szEnd optional Same as szStart Ending time of the DST

The offset time (in

szOffset | optional Integer from -300 to 300 )
minutes) of DST

When customizing an Auto DST file, learn the following:

<DSTData> indicates the start of a template and </DSTData> indicates the end of a

template.

Add or modify time zone and DST settings between <DSTData> and </DSTData>.
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The display order of time zone is corresponding to the szTime order specified in the
AutoDST.xmlfile.

If the starting time of DST is greater than the ending time, the valid time of DST is from the
starting time of this year to the ending time of the next year.

Customizing a n Auto DST file:

Open the AutoDST file using an ASClleditor.
Add or modify time zone and DST settings as you want in the AutoDST file.
Example 1:

To modify the DST settings for the existing time zone J+5 Pakistan(lslamabadpPand add
DST settings for the existing time zone j+5:30 India(CalcuttaDZ

AutoDSTxml* x
[ . T T T . T T T R T T s T
<DST szTime="+ " szZone="Iran(Tsheran)" iType " szStart="3/22/0" 5zEnd="5/22/0" szOffset="60"/>
<DST szTime="+4" szZone="Armenia(Yerevan)" iType="1" szStart="3/5/7/2" szEnd="10/5/7/3"
<DST szTime="+4" szZone="Azerbaijan (Baku)" iType="1" szStart="3/5/7/4" szEnd="10/5/7/5" sz0ffset="60"/>
<DST szTime="+4" szZone="Georgia (Tbilisi)}" />
<DST szTime="+4" szZone="Kazakhstan (Rktau)" />
<DST szTime="+4" szZone="Russia (Samara)" /> -
<DST szTime="+4:30" szZone="Afghanistan (Kabul)"/> | Modifyit |
<D8T szZone="Kazakhstan (Aqtobe) "/> iType="1" szStart="10/1/7/2" szEnd="4/1/7/3" szOffset="60"
<DST szzZone="Kyrgyzstan (Bishkek)" />
I <DST szZone="Pakistan(Islamabad)" iType="0" sz3tart="4/15/0" szEnd="11/1/0" szOffsetZ“EZ"/>|
<DST szZone-"Russia(Chelyabinsk)" />
<DST szZone="India(Calcutta)"IiType="l" szStart="5/5/7/3" szEnd="4/1/7/2" szOffset="E:"{>
<DST szZone="Nepal (Ratmandu) "/>
<DST szZone="Kazakhstan (Astana,Almaty) "/>
<DST szZone="Russia (Novosibirsk,Omsk)" />
<DST szZone="Myanmar (Naypyitaw)" />
<DST szZon ussia (Krasnoyarsk)" />
<DST szZAone="Thailand (Bangkok) "/>
<DST szZone="China (Beijing)"/>
<DST szTime="+3" szZone="3ingapore (Singapore)" />

Example 2:

Add a new time zone (+6 Paradise) with daylight saving time 30 minutes.

lAutoDSTxml  x

10 20 30 40 50 60 70 a0 50

<DST szTime="+4:320" szZone="Afghanistan (Kabul)"/>

<DST szTime="+5" "Fazakhstan (Agtobe) "/>

<DST szTime="+5" Ryrgyzstan(Bishkek)" />

<DST szTime="+5" Pakistan (Islamabad)" iType="0" =zStart="4/15/0" szEnd="11/1/0"
<DST =zTime="+5" szZone="Russia(Chelyabinsk]"™ />

<DST =zTime="+5:30" szZone="India(Calcutta)"/>

<DST szTime="+5:45" szZone="Nepal (Eatmandu)"/>

¢DST szTime="+&" szZone="Paradise" iType="1" szStart="3/5/7/2" szEnd="10/5/7/3" szOffset="30"/>

OET szTime="+&" szzone-"Lazakhstan(Estana, EAlmaty] "
<DST szTime="+§&" szFone="Russia (Novosibirsk, Omsk)" />
<DST szTime="+ szZone="Myanmar (Naypyitaw)" />
<DST szTime="+ szZone="Russia (Erasnoyarsk)" />
<DST szTime="+7" Thailand (Bangkok) "/>
<DST szTime="+8" China (Beijing) "/>
<DST szTime="+8" Singapore (Singapore)" />

<DST szTime="+8" szZone="Rustralia (Perth)" iType="1" seStart="10/1/7/2" szEnd="3/5/7/3"
<DST szTime="+8" szZone="Russia(Irkutsk, Ulan-Ude)"/>

<DST szTime="+8:45" szZone="Eucla"/>

<DST szTime="+3" szZone="FKorea (Seocul)"/>

<D3T =zTime="+5"
<DST szTime="+53"

Japan (Tokyo) "/>
Russia(Yakutsk, Chita)"/>

<DST szTime="+5:30" szZone="Australia(Adelaide)" iType="1" szStart="10/1/7/2" szEnd="4/1/7/3
<DST =zTime="+9%:30" szZone="Australia(Darwin)" />
<DST szTime="+10 szZone="Australia (Sydney,Melbourne, Canberra) " iType="1" szStart="10/1/7/2"

<DST szTime="+10" szZone="Australia (Brisbanes)"/>

3.
4.

Save this file and place it to the provisioning server (e.g., 192.168.1.100).

Specify the accessURLof the AutoDSTfile in the configuration files.
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Procedure

The access URL of theAutoDST filecan be specified using the configuration files.

Specify the access URL of the

Central Provisioning AutoDSTfile.
<MAC> .cfg
(Configuration File) Parameter:
auto_dst.url

Details of Configuration Parameter

Parameter Permitted Values Default

auto_dst.url URLwithin 511 characters Blank

Description :

Configures the access URL of theAutoDST file (AutoDST.xml).
Example:

auto_dst.url = tftp://192.168.1.100/AutoDST.xml

During the auto provisioning process, the IP phone connects to the provisioning server
]192.168.1.100DZ AdoD® Td é Wwih leo § dsiter odbase Tyowwi findZ
anewtime zone] P ar aahd updated DST of]Pakistan (slamabad)D@nd jIndia (Calcutta)"
via web user interface: Settings ->Time & Date ->Time Zone.

Note : It works only if the value of the parameter "local_time.summer_time" is set to 2
(Automatic).

Web User Interface:
None
Phone User Interface:

None

Language
IP phones support multiple languages. Languages used on the phone user interface and web

user interface can be specified respectively as required.

The following table lists languages supported by the phone user interface and the web user

interface.

Phone/Web User Interface

English
Chinese Simplified

Chinese Traditional
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Phone/Web User Interface

French
German
Italian
Polish
Portuguese
Spanish
Turkish

Russian

Note For SIRT42G/T41P/T40P/T40G/T23P/T23G/T21(P) E2/T19(P) E2 IP phoni®y do not support
Chinese by default. For more information, contact Yealink FAE.

Loading Language Packs

Languages available for selection depend on language packs currently loaded to the IP phone.
You can customize the translation of the existing language on the phone user interface or web
user interface. You can also make new languagegnot included in the available language list)
available for use on the phone user interface and web user interface by loading language packs

to the IP phone. Language packs can only be loaded using configuration files.

You can ask the distributor or Yealink FAEor language packs. You can also obtainthe language
packs online: http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage .
For more information on obtaining the language packs, refer to Obtaining Boot

Files/Configuration Files/ResourceFileson page 137.

Note To modify translation of an existing language, do not rename the language file .

The new added language must be supported by the font library on the IP phone. If the characters
in the custom language file are not supported by the phone, the IP phone will display ]?Diistead.

Customizing a L anguage for Phone User Interface

The following table lists the available languages and associated language packs for the phone

user interface:

Available Language Associated Language Pack
English 000.GUIL.English.lang
Chinese Simplified 001.GUI.Chinese_S.lang
Chinese Traditional 002.GUI.Chinese_T.lang
French 003.GUIl.French.lang
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Available Language Associated Language Pack
German 004.GUI.German.lang
Italian 005.GULl.ltalian.lang

Polish 006.GUI.Palish.lang
Portuguese 007.GUI.Portuguese.lang
Spanish 008.GUI.Spanish.lang
Turkish 009.GUI.Turkish.lang
Russian 010.GUIRussianlang

When adding a new language pack for the phone user interface, the language pack must be

formattedas] X. GUI . n aXsartslfram0glDZna meDZ i s replaced with the | a
If the language name is the same as the existing one, the &isting language pack will be

overridden by the new uploaded one. We recommend that the filename of the new language

pack should not be the same as the existing one.

To customize a language file:

1. Open the desired language template file (e.g.,000.GUI.English.lany using an ASCII editor.

2. Modify the characters within the double quotation marks on the right of the equal sign.
Don@ modify the translation item on the left of the equal sign.

The following shows a portilo.nErmdgl itshlk. Il amgbZafger ptal &
user interface (take SIRT46G IP phones for example)

000.GULEnglish.lang x

0, .,y ,, 0 o0 30
1 [ Lang ] | Pe net modity the iterm on the left
2 o | of equal sign.

3 ﬂ'”' or '#' as sendr="ﬁey as send|

" (Empty) "=" (Empty) " T
"l10min"="10min"

& "12 Hour™="12 Hour" |[Modifythe item

7 m120s"="120s" (e, Key As Send).
E !r155rr=rr155rr

g "11‘[.i:‘.|."="11-r.i:-.|."

10 "24 Hour"="2Z4 Hour"

11 "Zmin"="2Z2min"

12 "30min"="30min"

-_-\.:r rr3Osrr=rr305rr

14 "Smin™="5Smin"

'_E rrﬁosrr=rr605rr

1 "802.1x Mode"="802.1x Mode"
17 "802.1x"="802.1x"

"RCD Login"="ACD Login"™
13 "ACD State"="ACD State”

z0 "ACD Trace"="Trace"™
E -_ !rACDFr:FrACD"
22 ";LES"=";LE5"

Z3 "ALERT"="ALERT"

4 "AP Mac Address"="AP Mac Address"
25 "Account ID"="Account ID™

Z& "RAcocount Status"="RAccount Status"
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3. Save the language fileand place it to the provisioning server (e.g., 192.168.10.25.
4.  Specify the access URL of theohone user interface language pack in the configuration files .

If you want to add a new custom language (e.g., Guilan)to your IP phone (e.g., SIPT46G),
prepare the language file named asj011.GUl.Guilan.lan@fr downloading . After update, you

will find a new | an gnuhe Pephoseaiseeiterfacan | Gui | an DZ

Menu ->Basic->Language.
Procedure

Loading language pack can only be performed using the configuration files.

Specify the access URL of thgphone
user interface language pack.

Parameter:
Central Provisioning gui_lang.url
R <y0000000000x% Cfg
(Configuration File) Delete custom LCDlanguage packs

of the phone user interface.
Parameter:

gui_lang.delete

Details of the Configuration Parameter s:

Parameter s Permitted Values Default

gui_lang.url URL within 511 characters Blank

Description :

Configures the access URL of thecustom LCDlanguage pack for the phone user interface.
Example:

gui_lang.url = http://192.168.10.25/000.GUI.English.lang

During the auto provisioning process, the IP phone connects to the HTTPprovisioning server
J192.0268DZ. land downl oadask]tole . 1GUrn g LEang@eEnglssth . | g
language translation will be changed accordingly if you have modified the language

template file.

If you want to download multiple language packs to the phone simul taneously, you can

configure as following:

gui_lang.url = http://192.168.10.25/000.GUI.English.lang
gui_lang.url = http://192.168.10.25/001.GUIChinese_dang
Web User Interface:

None

Phone User Interface:

None
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Parameter s Permitted Values Default

http://localhost/all  or

gui_lang.delete http://localhost/  Y.GUl.nam Blank

e.lang

Description :

Deletes the specified or all custom LCD language packsof the phone user interface.

Example:

Delete all custom language packs of the phone user interface:

gui_langdelete = http://localhost/all

Delete a custom language pack of the phone user interface (e.g., 0Q.GUIChinese_Sang):

gui_langdelete = http://localhost/ 001.GUIChinese_Sang

Web User Interface:
None
Phone User Interface:

None

Customizing a L anguage for Web User Interface

The following table lists available languages and associated language packs for the web user

interface:

Available Language

Associated Language Pack

Associated Note
Language Pack

English

1.Englishjs

1.English_note.xml

Chinese Simplified

2Chinese_Ss

2.Chinese_S_note.xml

Chinese Traditional

3.Chinese_Tjs

3.Chinese_T_note.xml

French 4 Frenchjs 4 French_note.xml
German 5.Germanjs 5.German_note.xml
Italian 6.Italian.js 6.Italian_note.xml
Polish 7.Polish.js 7.Polish_note.xml
Portuguese 8.Portuguesejs 8.Portuguese_note.xml
Spanish 9.Spanishjs 9.Spanish_note.xml
Turkish 10.Turkishjs 10.Turkish_note.xml
Russian 11.Russian.js 11.Russian note.xml

265



Administrator @ Guide for SIRT2 SeriedT19(P) E2/T4 SeriedT5 Series/CP860IP Phones

When adding a new language pack for the web user interface, the language pack must be

formatt eaine.ajss OZY(.Y starts from 12, Jnamelzhes repl aced
language name is the same as the existing one, the existing language file will beoverridden by

the new uploaded one. We recommend that the name of the new language file should not be

the same as the existng languages.
To customize a language file:

1. Open the desired language template file (e.g., LEnglishjs) using an ASCII editor.

2. Modify the characters within the double quotation marks on the right of the colon. Dong

modify the translation item on the left of the colon.

The following shows a portion of the language pack j1.EnglishjsDior the web user
interface (take SIRT46G IP phones for example):

LEnglish.js x

DIIII|III10 20 30 4|D||T|I|||5—

i e S b A
1 wvar _objTrans =

Madify the item
(e.g., User Mame).

e P
ar ar",

13 Do not medify the item

14 on the left of colon.
15 | J/he=sder . AEm

3. Save the language fileand place it to the provisioning server (e.g., 192.168.10.25.
4.  Specify the access URL of thaveb user interface language pack in the configuration files .

You can also customize thetranslation of the note language pack. The note information is
displayed in the icon a of the web user interface. The note language pack must be formatted

as JY.name_note.xmlDZ(jYDZand JnameDZare associated
To customize a note language file:

1. Open the desired note language template file (e.g., LEnglish_note.xml) using an ASCII

editor.

2. Modify the text of the note field. Don't modify the name of the note field.

266



Configuring Basic Features

3.
4.

The following shows a portion of the note language pack J1.English_note.xmDfor the web

user interface (take SIRT46G IP phones for example)

LEnglish_notexml x

) st A B 3 B o S I o B o BB S
?xml wersion="1.0" encoding="utf-8"?2>
| <notedata>

|
|

| Do not modify the note name.

<status>
<head>»Description:</head>
(text%ﬁt shows the current firmware version and hardware version of the device.k/text}
</note> \
<note name = "DeviceCertificate"> | fou can maodify the translation of the note name. |
<head>Description:</head>
<text>It shows the Device Certificate of the device.</text>
</note>
<note name = "network™>
<head>Description:</head>
<text>It shows the IP address mode of the device.</text>
</notex>
<note name = "network-ipv4":>
<head>»Description:</head>
<text>It shows the basic IPv4 network configurations.</text>
</mote>
<note name = "network-ipve":>
<head>Description:</head>
<text>It shows the basic IPvé network configurations.</text>
</note>

Save the language fileand place it to the provisioning server (e.g., 192.168.10.25.

Specify the access URL of the note language pack of the web user interface.

If you want to add a new language (e.g., Wuilan)to IP phones, prepare the language file named

as

j12. Wuilan.jsDZand 7 12. WAfterlugpdate, yoo willind>amdwDZ f o r

| anguage s el eatthe taprrighf cdfoer df thevizeb user interface, and new note

information is displayed in the icon when the new language is selected.

Procedure

Loading language pack can only be performed using the configuration files.

Specify the access URL of the custom

language pack for web user interface.
Parameter:

wui_lang.url

Specify the access URL of the custom

note language pack for web user

Central Provisioning interface.

<y0000000000x»%.cfg

(Configuration File) Parameter:

wui_lang_note.url

Delete custom language packs and
note language packs of the web user
interface.

Parameter:

wui_lang.delete
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Details of the Configuration Parameter s:

Parameter s Permitted Values Default

wui_lang.url URL within 511 characters Blank

Description :

Configures the access URL of thecustom language pack for the web user interface.
Example:

wui_lang.url = http://192.168.10.25/ 1.Englishjs

During the auto provisioning process, the IP phone connects to the HTTPprovisioning server
j192.026DZ. land downl oa dask]iEnghishjsD&Z n dobksllanguage
translation will be changed accordingly if you have modified the language template file .

If you want to download multiple language packs to the web user interface simultaneously,
you can configure as following:

wui_lang.url = http://192.168.10.25/ 1.Englishjs
wui_lang.url = http://192.168.10.25/11.Russiarns
Web User Interface:

None

Phone User Interface:

None

wui_lang_note.url URL within 511 characters Blank

Description :

Configures the access URL of the custom notelanguage pack for web user interface.
Example:

wui_lang_note.url = http://192.168.10.25/ 1.English_note.xml

During the auto provisioning process, the IP phone connects to the HTTPprovisioning server
] 192.0268DZ. land do wotk larguage pack]&.English notexmlDZ  Hnblish
language translation will be changed accordingly if you have modified the language
template file.

If you want to download multiple language packs to the phone simultaneously, you can

configure as following:

wui_lang.url = http://192.168.10.25/ 1.English_note.xml
wui_lang.url = http://192.168.10.25/11.Russian_note.xml
Web User Interface:

None

Phone User Interface:
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Parameter s Permitted Values Default

None

. http://localhost/all  or
wui_lang .delete ) Blank
http://localhost/  Y.name.js

Description :

Delete the specified or all custom web language packs andnote language packs of the web
user interface.

Example:

Delete all custom language packs of the web user interface:

wui_langdelete = http://localhost/all

Delete a custom language pack of the web user interface (e.g., 11.Russian.js)
wui_langdelete = http://localhost/ 11.Russian.js

The corresponding note language pack (e.g., 11.Russian_note.xml) will also be deleted.
Web User Interface:

None

Phone User Interface:

None

Specifying the Language to Use

The default language used on the phone user interface is English.If the language of your web
browser is not supported by the IP phone, the web user interface will use Englishby default. You
can specify the languages for the phone user interface and webuser interface respectively.

Procedure

Specify the language for the phone user interface or the web user interface using the following

methods.
Specify the languages for the phone
user interface and the web user
Central Provisioning interface.
<y0000000000xx% .cfg )
(Configuration File) Parameters:
static.lang.gui
static.lang.wui
Specify the language for the web
Web User Interface P -fy guag
user interface.
Phone User Interface Specify the language for the phone
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user interface.

Details of Configuration Parameters:

Parameter s Permitted Values Default

static. lang.gui Refer to the following content English

Description :
Configures the language used on the phone user interface.
Permitted Values :

English,Chinese S, Chinese_TFrench,German, Italian,Polish, Portuguese, Spanish Turkish,

Russianor the custom language name.
Example:
static.lang.gui = English

If you want to use the custom language (e.g., Guilan)for the IP phone, configure the
parameter j static.lang.gui = GuilanDZ

Note : For SIRT42G/T41P/T40P/T40G/T23P/T23G/T21(P) E2/T19(P) E2 IP phontey do
not support Chinese by default. For more information, contact Yealink FAE.

Web User Interface:
None
Phone User Interface:

Menu->Basic->Language

static. lang.wui Refer to the following  content English

Description :
Configures the language used on the web user interface.
Permitted Values :

English, Chinese_S, Chinese_T, French, German, ltalian, Polish, Portuguese, Spanish, Turki

Russianor the custom language name.
Example:
static.lang.wui = English

If you want to use the custom language (e.g., Wuilan)for the IP phone, configure the

parameter jstatic.lang.wui = WuilanDZ

Note : If the language of your browser is not supported by the IP phone, the web user
interface will use English by default. For SIRT42G/T41P/T40P/T40G/T23P/T23G/T21(P)
E2/T19(P) E2 IP phoneghey do not support Chinese by default. For more information,
contact Yealink FAE.

Web User Interface:
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Parameter s

Permitted Values

Default

None

Note : You can changethe language for the web user interface on each page via web user

interface.
Phone User Interface:

None

To specify the language for the web user interface  via web user interface :

1.

interface.

Yealink | s

Status

Status

Firmware Version

Hardware Version 28.1.0.128.0.0.0

Account

Version )

Directory

NOTE
28.81.0.20

Version
Tt shows the version of firmware
and hardware.

Device Certificate @)

Device Certificate Factory Instaled

Network

Select the desired language from the pull-down list at the top -right corner of the web user

Log Out

English(English) v

It shows the network settings

of Internet (WAN) port.

To specify the language for the phone user interface  via phone user interface :

1.
2.
3.

Input Method

PressMenu ->Basic->Language .
Press@ or@ to select the desired language.

Press theSave soft key to accept the change.

Keypad Input Method Customization

Keypad input method customization allows users to customize the existing input method on IP

phones. You can first customize the Yealinksupplied keypad input method file Jime.txtDZ

JRussian_ime.txb& r

J
J
J

123, ABCand Hebrew. By default, Hebrew input method is hidden, the IP phone will
automatically display the Hebrew input method when the language is set to Hebr ew. If you want
to set the language to Hebrew, you have to add the new custom language - Hebrew to your IP

Hebrew_i me.
i mxt DZ fil e

txtDZfile becomes af f ethechangesinthe n

i s

J He b r e vanditheredowinlwad D the IP phone. The changes in the
Ru s s i a nfileibecemes afféctiveé when the language is set to Russian.The changes in the

t

he

af f e clP phores stipport 6 mput methdde 2aB, abe,dhc,a g e s .

phone in advance. For more information, refer to Customizing a Language for Phone User

Interface on page 262.

If you just want to customize the input method for a certain language, the filename must be

f or mat tlaeglagarmmdg i me . t xGerBan(iree.txd.. ,

an
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You can ask the distributor or Yealink FAEor keypad input method file . You can also obtainthe
keypad input method file online:
http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage . For more
information on obtaining the keypad input method file , refer to Obtaining Boot
Files/Configuration Files/ Resource Fileson page 137.

The following shows a portion of the keypad input method file Jime.txtDZ

imetxt x

O, oy Loy en 3 Ao
1 [2aE]
mym
"Z2abcABC"
"3defDEF"
"4ghiGHI"
"5ik1JEL"
" EmnoMNO"
"TpgrsPQR3"
"BtuvTOv"
" SwryzWXYZ"
ngn
LTINS (V@ ey £ SER[] {1~ SE" "
ll#ll

. TS

w o
HoF DWW m )o@ Lo b

[abe]

TS

L
1 c
HoF O WD =] om0  w b

"abclieddidac”

"deflgcgea"

"ghi4iiii"

"JE15&"

"mno&sedos5R"

"pgrsTRs"

"tuv8uadia"

"wxyzIyE"

L TRINS (V@S s s ret=<> £ 8] {}~n o SE "
ll#ll

(3]
1 motn b

The following shows a portion of the keypad input method file JHebrew_ime.txtDZ

Hebrew ime.txt

=

| T e T e e Y Y T e Y T Y e Y T O T
mllll|lll1IDIIII|III2IDIIII|IIIBIDIIII|III4IDIIII|II
123 PWD]

= mqm

= mnam

= mgm

= mamn

= mgm

= mgm

= mjn

= mgw
= wgw
= mgm
= me 1@/
= fl'# "

Mo O W0 D -] R L R e

[Hebrew]

= mqm

= "1nT"
= Miqu"
= Il'-l-l-nnfl'
= rrlz—[j-. "
"u-n-["
= "nm— "
= "pyeE"
= "aopn"
= m gm
= !I'. ,(:@+_SH

= mgn

E LI N T I T B ST, BT S P S
I
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The following shows a portion of the keypad input method file JRussian_ime.txDZ

Russian_ime.txt x

0 it S T B0 S0 i 80
ab]

= mqm

= "ABBTafeTZABCabc™

"OEX¥Snexs3DEFdef™

= "HKhgten4GHIghi™

= "MHCIMMEOODSJELjKL™

"ECTYpoTy 6MNCmno™

= "EXIUdxnaTPORSpgrs™

= "IITbHmreEEE TUVEuvw"™

= "LEArmoAWAY Zwayz "

=g w

= "Rl IN- (B s4ed=<> ESER[] {1~ 58"

= rr#!r

50

[
I

HHo O -] oW b LR e
I

[RBC]

= "L, B - () irE/ERE4C=D"ELE R "
= "AEETABCT

= "OEESDEE"

= "HKIIGHI"

= "MHOOJEL"

= "PCTYMNO"

"EXIUPQRS"

= "IEEHTUV"

= "bLEOAWKYZ"

- gn

= mEL 20N ()8 r4er=<> £SER[] {1~ 258"
= rr#rr

[N

MW oA D W -] & b W
I

To customize a keypad input method file:

1. Open the desired keypad input method file (e.g.,ime.txt) using an ASCII editor.

2. Under the input method field (e.g., [abc]), add new characters or adjust the characteis order

within the double quotation marks on the right of the equal sign.

Don@ modify the item on the left of the equal sign.

ime.txt
i 10 20 30 40

vt A e A
1 [2aEB]
= mqym
= "ZabcABC"
= "3defDEF"
"4ghiGHI"
= "57k1JEL"
" EmnoMNo"
= "Tpgr=sPQRS"
= "BtuvTUv"
= "OwryzWXYZ"
= npgm
= " TPIN- () B/ i Her=<> £ SFa[] {1~ SE" "
= ngn
15 |[abe]
6T " Add new characters here or adjust the

o . T
T2 F order of these characters.

1
HOE O WD MW W b
Il

= v T IN= ()@ sHetm<> £ SER[] {1 oS8
SEFY

': 3F "el ???? For example: abc2ie33333¢HE or 4
19[4 = "ghi4iiii s3bsadcabel,

20|5 F "jx1se"

21|16 F "mno6deddHs6R"

22|17 F "pgrsTLs"

23(8 F t'I.LVEU.]i.U.ii Don't modify the items on the left of the
2419 F "wryz9yE" s

- equal sign.

a5l B omom

2 W

27)#
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3. Save thekeypad input method file and place it to the provisioning server (e.g.,
192.168.10.25.

4. Specify the access URL of the custonkeypad input method file in the configuration files.

When adding new characters for the existing input method, ensure that the added characters are
supported by IP phones.

The IP phones can only recognize thekeypad input method files uploaded using Unicode
encoding.

Do not rename the keypad input method filename.

Procedure

Specify the access URL of the custonkeypad input method file using the configuration files.

Specify the access URL of theustom
keypad input method file.

Parameter:

gui_input_method.url

Configuration File <y0000000000xx% .cfg
Delete custom keypad input method

file of the phone user interface.
Parameter:

gui_input_method.delete

Details of Configuration Parameters:

Parameter s Permitted Values Default

gui_input _method .url URLwithin 511 characters Blank

Description :

Configures the access URLof the custom keypad input method file .
Example:

gui_input_method.url = http://192.168.10.25/ime.txt

During the auto provisioning process, the IP phone connects to the provisioning server
j192.168. 1. 25DZ an dkegipady nnlpouatd smetthheo dc ufsitl oem J
gui_input_method.url = http://192.168.10 .25/Russian_ime.txt

During the auto provisioning process, the IP phone connects to the provisioning server
j192.168. 1. 25DZ an dkegipady nnlpouatd smetthheo dc ufsitl éem J
Russian language.

Note : If you want to upload a custom keypad input method file for the desired language,

you can name t hnamefi me. f kabfyuage
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Parameter s Permitted Values Default

Web User Interface:
None
Phone User Interface:

None

o http://localhost/all  or
gui_input_method.delete Blank
http://localhost/  Name.xt

Description :

Delete the specified or all custom keypad input method files of the phone user interface.
Example:

Delete all custom keypad input method files :

gui_input_method.delete = http://localhost/all

Delete a custom keypad input method file (e.g.,ime.txt) for the phone:
gui_input_method.delete = http://localhost/ ime.txt

Web User Interface:

None

Phone User Interface:

None

Specifying the Default Input Method

In addition to customizing the keypad input method file, you can also specify the default input

method for the IP phone when editing or searching for contacts.

Procedure

Specify the default input methods using the configuration files.

Specify the default input method when

editing contacts.
Parameter:

Central Provisioning directory.edit_default_input_method

<y0000000000x»%.cfg
(Configuration File) Specify the default input method when

searching for contacts.
Parameter:

directory.search_default_input_method
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Details of Configuration Parameters:

Parameter s Permitted Values Default

. . . Abc, 2aB, 123, abc, ABC or
directory.edit_default_input_method Abc
Hebrew

Description :

Configures the default input method when the user edits contacts in the Local Directory,
LDAP, Remote Phone Boolkor Blacklist

Example:
directory.edit_default_input_method = abc

Note: The input method JHebrewDZ wo r k sthewaluk of thé @ a r a m etatielang.guiDZ
is setto Hebrew.

Web User Interface:
None

Phone User Interface:

None
Abc, 2aB, 123, abc, ABC or
directory.search_default_input_method Abc
Hebrew
Description :

Configures the default input method when the user searches for contacts in the Local
Directory, LDAP, Remote Phone Boolor Blacklist.

Example:
directory.search default_input_method = abc

Note: The input method JHebrewDZ wo r k sthewaluk of the f a r a metatielra g g .

is setto Hebrew.
Web User Interface:
None

Phone User Interface:

None

Logo Customization

276

Logo customization allows unifying the IP phone appearance or displaying a custom image on

the idle screen such as a company logo, instead of the default system logo.

You may need to resize your logo file to fit the LCDscreen The image logo screen and the idle
screen are displayed alternately.The logo may affect the invisibility of time and date, soft keys

and the label of current account on the LCDscreen



Configuring Basic Features

In this example, asystem logo (Yealinklogo) is displayed on the image logo screen:

Yealink

= Logo Display

Logo is not applicable to SIRT54S/T52S/T48G T485 T46G T465/ T29GIP phones. TheselP
phone models use wallpaper instead. For more information on wallpaper, refer to Wallpaper on

page 178.

The following table lists the supported logo file format and resolution for each phone model.

Logo File i
Phone Model Resolution
Format
SIRT42G/T42S/T41PT41SCP860 .dob <=192*64 2 gray scale
SIRT27RG .dob <=240*120 2 gray scale
SIRT40R T40G/T23P/T23GT21(P) E2
.dob <=132*64 2 gray scale
T19(P) E2
Note Before uploading your custom logo to IP phones, ensure your logo file is correctly formatted.

Customizing a Logo Template File

The common picture format can be *.gif/*.jpg/*.png/*.bmp. Yealink IP phones only support the
*.dob format logo files. Yealink provides PictureExDemotool to convert *.gif/*.jpg/*.png/*.bmp

format to *.dob format. You can ask the distributor or Yealink FAE for thePictureExDemotool .
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To customize a dob formatted logo file using the PictureExDemo tool

1. Double click the PictureExDemo.exe.

z = —
Do S =

Deletel | Convert || about |

2. Click Add button to open a *.gif/*.jpg/*.png/*.bmp file.
You can repeat the second step to add multiple original picture files.

3.  Click the Convert button.

£=. GifConvertez X

Add Deletedll |[{ Convert | About

Then you can find the DOB logo files in the adv directory.

Configur ing the Logo Shown on the Idle Screen

Procedure

The logo shown on the idle screen can be configured using the following methods.

Configure the logo shown on the

Central Provisioning idle screen.
<y0000000000xx%.cfg
(Configuration File) Parameter :

phone_setting.lcd_logo.mode
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Specify the access URL of the
custom logo file.

Parameter :

Icd_logo.url

Delete all custom logo files.

Parameter :

Icd_logo.delete

Configure the logo shown on the

idle screen.

Upload the custom logo file.
Web User Interface
Navigate to :

http://<phonelPAddress>/serviet?p

=features-general&g=load

Details of Configuration Parameters:

Parameter s Permitted Values Default

phone_setting.lcd_logo.mode 0,1or2 0

Description :

Configures the logo mode of the LCD screen.

0-Off

1-System logo

2-Custom logo

If it is set to 0 (Off), the IP phone is not allowed to display a logo.

If it is set to 1 (System logo), the LCD screen will display the system logo.

If it is set to 2 (Custom logo), the LCD screen will display the custom logo (you need to
upload a custom logo file to the IP phone).

Note: Itis not applicable to SIRT54ST525 T48G/T48S/T46GT46S/T29GIP phones.
Web User Interface:
Features>General Information->Use Logo

Phone User Interface:

None
URL within 511
Icd_logo.url Blank
characters
Description :

Configures the access URL othe custom logo file.
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Parameter s Permitted Values Default

Example:
lcd_logo.url = http://192.168.10.25/logo.dob

During the auto provisioning process, the IP phone connects to the provisioning server

j192.168.10.2Z and downl oads the custom | ogo fi

Note: 1t works only if the value of the paraf
(Custom logo). It is not applicable to SIRT54S/T52S/T48G/T48S/T46GT46S/T29GIP phones.

Web User Interface:
Features>General Information->Upload Logo
Phone User Interface:

None

Icd_logo.delete http://localhost/all Blank

Description :

Deletes all custom logo files.

Example:

Icd_logo.delete = http://localhost/all

Note: It is not applicable to SIRT54S/T52S/T48G/T48S/T46GT46S/T29GIP phones.
Web User Interface:

None

Phone User Interface:

None

To configure animage logo via web user interface:

1.
2.
3.

Click on Features->General Information .
SelectCustom logo from the pull -down list of Use Logo.

Click Browse to select the logo file from your local system.


http://192.168.10.25/logo.dob
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4. Click Upload to upload the file.

Log Out
H
Yealink | v
Account Network Settings Directory Security
Forward&DND General Information NOTE
Call Waiting Enabled
General Call Waiting
Information Call Waiting On Code It allows IP phones to receive 3
new incoming call when there is
. Call Waiting Off Code already an active call.
Audio
i Auto Redial
Intercom Auto Redial Disabled E| Tt alows IP phones to
automatically redial a busy
Auto Redial Interval (1~300s) 10 number after the first attempt.
Transfer Auto Redial Times (1~300) 10 Key As Send
N Assigns "#” or "*” as the send
Call Pickup o key.
Hotline
Remote Control 1P phone will automatically dial
Call Number Filter (%! out the hotline number when
Phone Lock lifting the handset, pressing the
Use Logo Custom logo i speakerphone key or the line
ACD key.
Upload Logo [ Bromser | Mo file selected. Call Completion
SMS It allows users to monitor the
busy party and establish 2 call
_ when the busy party becomes
Action URL Display Method on Dialing User Mame E| avaiable to receive 2 call.
Power LED Auto Linekeys Disabled E| You can dlick here to get
more guides.
Notification Popups

5. Click Confirm to accept the change.

Softkey Layout

Softkey layout is used to customize the soft keys at the bottom of the LCD screen to best meet
user sgo r e dnadditiom tospedifisng which soft keys to display, you can determine their
display order. It can be configured based on call states.

The following shows the softkeys displaying on the phone in the Dialing state:

Delete Cancel

You canconfigure the softkey layout using the softkey layout templates for different call states.
For more information on how to configure a softkey layout template, refer to Customizing

Softkey Layout Template File on page 283.

You are allowed to configure the EDK soft keys in different call states.For more information on

EDK soft keys, refer toConfiguring EDKSoft Keyson page 790.
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Procedure

Softkey layout can be configured using the following methods.

Configure the softkey layout.
Central Provisioning <y0000000000xx
Parameter :
(Configuration File) >.cfg
phone_setting.custom_softkey enable

Configure the softkey layout.

Navigate to :
Web User Interface

http://<phonelPAddress>/servlet?p=settings -s

oftkey&g=Iload

Details of Configuration Parameter

Parameter Permitted Values Default

phone_setting.custom_softkey enable Oorl 0

Description :

Enables or disables custom soft keys layout feature.
0-Disabled

1-Enabled

Web User Interface:

Settings->Softkey Layout->Custom Softkey

Phone User Interface:

None

To configure softkey layout via  web user interface:

1. Click on Settings ->Softkey Layout .

2. Selectthe desired value from the pull -down list of Custom Soft key.

3. Select the desired state from the pull-down list of Call States.

4.  Select the desired soft key from the Unselected Softkeys column and then click EI

The selectedsoft key appears in the Selected Softkeys column. If more than four soft keys are
selected, aMore soft key will appear on the LCD screen, and the selected soft keys are displayed
in two pages.

5. Repeat the step 4 to add more soft keys to the Selected Softkeys column.

6. Toremove the soft key from the Selected Softkeys column, select the desired soft key and
then click \E/ .

7. To adjust the display order of soft keys, select the desired soft key and then click \:’

or[4].
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The LCD screen displays the soft keys in the adjusted order.

Log Out
English(English) ¥

Yealink | s

Account Network Dsskey Settings Directory Security

Preference
Time & Date
Call Display

Upgrade

Custom SoftKey

Call States

Unselected Softkeys

Enabled hd

7]
Dialing M ]

Selected Softkeys
(ordered by position)

NOTE

Softkey Layout

It is used to customize the soft
keys at the bottom of the LCD
screen to best meet users’
reguirements.

Empty Send You configure the softkey
. History IME layout using the softkey layout
Auto Provision Switch Delete templates for different call
Line Selection | = | Endcal [l states.
Configuration Directary
GPickup L *ou can click here to get
Dial Plan DPickup L= | more guides.
Voice
Ring
| Confirm | | Cancel | | Reset to Default |
Tones
Softkey Layout
8. ClickConfirm to acceptthe change.
Customizing Softkey Layout Template File

The softkey layout template allows you to customize soft key layout for different call states. The
call statesinclude Callrailed, Calln, Connecting, Dialing (not applicable to SIRT48GFS), RingBack
and Talking.

You can ask the distributor or Yealink FAEor softkey layout template. You can also obtainthe
softkey layout template online:
http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage . For more
information on obtaining the softkey layout template, refer to Obtaining Boot
Files/Configuration Files/ResourceFileson page 137.

The following table lists soft keys available for IP phones in different call states.

Call State Default Soft Key s Optional Soft Key s
NewcCall
Empty
Empty
CallFailed Switch
Empty
End Call
Empty
Answer
Empty
Forward
Callin Switch
Silence
Decline
Reject
Connecti . Empty Empty
Connecting
ng Empty Switch
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Call State Default Soft Key s Optional Soft Key s
Empty
End Call
Transfer
Empty Empty
SemiAttendTrans
Empty Switch
End Call
Empty
History
Send Switch
Dialing (not applicable to IME Line
SIRT48GS IP phones) Delete Favorite (Directory)
End Call GPickup
DPickup
Retrieve
Empty
Empty Empty
RingBack
Empty Switch
End Call
RingBack
Transfer
SemiAttendTrans | Empty Empty
Back Empty Switch
End Call
Empty
Mute
SWAP
NewCall
Transfer Switch
Hold Answer
Talking Talk
Conference Reject
End Call PriHold
Park
GPark
RTP Status
Security
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Call State Default Soft Key s Optional Soft Key s
Empty
Transfer
Switch
Resume
Hold Answer
NewcCall
Reject
End Call
Security
Empty
Empty Switch
Empty Answer
Held
Empty Reject
End Call NewCall
Security
PreTrans(not Transfer Empty
applicable to IME Directory
SIRT48GS IP Delete Switch
phones) End Call Send
Empty
Switch
Empty Answer
Hold Reject
Conferenced
Split Mute
End Call Manager
RTP Status
Security

When editing a softkey layout template, learn the following:

<Call States> indicates the start of a template and </ Call States> indicates the end of a

template. For example, <CallFailed></CallFailed>.

<Disable> indicates the start of the disabled soft key list and </ Disable> indicates the end

of the soft key list. The disabled soft keys are not displayed on the LCD screen.

Create disabled soft keys between<Disable> and </ Disable>.

<Enable> indicates the start of the enabled soft key list and </ Enable> indicates the end

of the soft key list. The enabkd soft keys are displayed on the LCD screen.

Create enabled soft keys between<Enable> and </ Enable>.

<Default> indicates the start of the default soft key list and </ Default> indicates the end

of the default soft key list. The default soft keys are disphyed on the LCD screen by default.
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To customize a softkey layout template:

1. Open the template file using an ASClleditor.

2. For eachsoft key that you want to enable, move the string in the disabled soft key list to
enabled soft key list in the file.

CallFailedxml* x
glllT'llllu 20 30 40 50

e r brvy S b A b S e by Sisr a1
<?xml version="1.0"7?>

[Fl «CallFailed>
B <Disable>

<Key Type="Empty"/>

<¥ey Type="Switch" />

I <¥ey Type="End Call"!:}I

- </Di=able>
= <Enable>
<¥Hey Type 11" />
<Key Type="Emptcy"/>
<Key Type="Empty"/>
<Key Type"Empty"/>

I If you want to enable the End Call soft key in CallFailed

[ </Emable> state, just mowve this string.
= <Default>

<Hey Type="NewCall"/>
<Hey Type="Empty"/>
<¥ey Type="Empty"/>
<¥ey Type="Empty"/>
</Default>
—I<;’CallFailed>

For each soft key that you want to disabled, just move the string in the enabled soft key list
to disabled soft key list.

CallFailedxml* x

T T L .
<?xml version="1.0"7>
-] «CallFailed:>
] <Disablex»
<Key Type="Empty"/>
ey Type="Switcch" />
‘ <Key Type="End Call"/>
| If you want to disable the NewCall soft key in
B <,-"Di.3:m'>\ CallFailed state, just move this string.
-] <Enablex>
I <Key Type="NewCall"/ />
<key Type="Empty" />
<Hey Type="Enpty",/>
<Key Tvpe="Enpty"/>
- </Enable>
= <Default>
<Key Type="HewCall"/ >
<Key Type="Empty"/>
<Hey Tyvpe="Empty"/,/>
<Key Type="Enpty",/>
- «</Defaults>
—_challFailed:)

3. Save the changeand place this file to the provisioning server.

4.  Specify the access URL of the aftkey layout template in the configurati on files.
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Procedure

Specify the access URL of the sftkey layout template using the configuration files .

Specify the access URL of the softkey
layout template.

Parameters:
custom_softkey_call_failed.url

Central Provisioning

<y0000000000xx>.cfg custom_softkey_call_in.url

(Configuration File) )
custom_softkey_connecting.url

custom_softkey_dialing.url
custom_softkey_ring_back.url

custom_softkey_talking.url

Details of Configuration Parameters:

Parameter s Permitted Values Default

custom_softkey_call_failed.url URL within 511 characters Blank

Description :

Configures the access URL of the astom file for the soft key presented on the LCD screen

when in the CallFailed state.
Example:
custom_softkey_call_failed.urk http:// 192.168.1.20/XMLfiles/CallFailed.xml

During the auto provisioning process, the IP phone connects to the provisioning server
j192.168. 1. 20 Die Califaleddtateitelfrarettey X ML f i | e s.DZ d i

Web User Interface:
None
Phone User Interface:

None

custom_softkey_call_in.url URL within 511 characters Blank

Description :

Configures the access URL of the astom file for the soft key presented on the LCD screen
when in the Callln state.

Example:
custom_softkey_call_in.url = http://192.168.1.20/XMLfiles/Callln.xml

During the auto provisioning process, the IP phone connects to the provisioning server
192.168.1.20DZ and downl oads t Hirectoal | | n
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Parameter s Permitted Values Default

Web User Interface:
None
Phone User Interface:

None

custom_softkey_connecting.url URL within 511 characters Blank

Description :

Configures the access URL of the astom file for the soft key presented on the LCD screen
when in the Connecting (callout) state.

Example:
custom_softkey_connecting.url = http://192.168.1.20/XMLfiles/Connecting.xml

During the auto provisioning process, the IP phone connects to the provisioning server
j192.168.1.20DZ and downl oads XtMid i CersDE dti

Web User Interface:
None
Phone User Interface:

None

custom_softkey_dialing.url URL within 511 characters Blank

Description :

Configures the access URL of the astom file for the soft key presented on the LCD screen
when in the Dialing state.

Example:
custom_softkey_dialing.url = http://192.168.1.20/XMLfiles/Dialing.xml

During the auto provisioning process, the IP phone connects to the provisioning server
j192.168.1.20DZ and downl oads the Di.aling

Note: It is not applicable to SIRT48GS IP phones.
Web User Interface:

None

Phone User Interface:

None

custom_softkey_ring_back.url URL within 511 characters Blank

Description :

Configures the access URL of the astom file for the soft key presented on the LCD screen
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Parameter s Permitted Values Default

when in the RingBackstate.
Example:
custom_softkey_ring_back.url = http://192.168.1.20/XMLfiles/RingBack.xml

During the auto provisioning process, the IP phone connects to the provisioning server
j192.168.1.20DZ andckdoswna toea dfsi Iteh ef rRoi nm gtBhae

Web User Interface:
None
Phone User Interface:

None

custom_softkey_talking.url URL within 511 characters Blank

Description :

Configures the access URL of the astom file for the soft key presented on the LCD screen
when in the Talking state.

Example:
custom_softkey_talking.url = http://192.168.1.20/XMLfiles/Talking.xml

During the auto provisioning process, the IP phone connects to the provisioning server
j192.168.1.20DZ and datoevnfliolae sf rtchme (Thad kJji XML

Web User Interface:
None
Phone User Interface:

None

Key As Send

Key as send allows assigning the pound key(j#Dor asteriskkey (j*Dzs the send key.

Sendtone allows the IP phone to play a key tone when a user presses the send key. Key tone
allows the IP phone to play a key tone when a user presses any key. Sentbne works only if key

tone is enabled.

Procedure

Key as send can be configuredusing the following methods.

Configure a send key.
Central Provisionin g
<y0000000000xx»%>.cfg Parameter:
(Configuration File)
features.key_as_send

289



Administrator @ Guide for SIRT2 SeriedT19(P) E2/T4 SeriedT5 Series/CP860IP Phones

290

Configure a send tone.
Parameter:

features.send_key_tone

Configure a key tone.
Parameter:

features.key_tone

Configure send pound key.
Parameter:

features.send_pound_key

Configure a send key.
Configure send pound key.
Navigate to :

http://<phonelPAddress>/serviet?p

Web User Interface =features-general&g=load

Configure a send tone or key tone.
Navigate to :

http://<phonelPAddress> /servlet?p

=features-audio&g=Iload

Configure a send key.
Phone User Interface
Configure a key tone.

Details of Configuration Parameters:

Parameter s Permitted Values Default

features.key_as_send 0,1or2 1

Description :

Configures the "#" or "*" key as the send key.

0-Disabled

1-# key

2-* key

If it is set to O (Disabled), neither J#D&or J*DZan be used as thesend key.
Ifitis setto 1 (# key), the pound key is used as the send key.

If it is set to 2 (* key), the asterisk key isused as the send key.

Web User Interface:

Features>General Information->Key As Send




Configuring Basic Features

Parameter s Permitted Values Default

Phone User Interface:

Menu->Features->Others->General->Key As Send

features.key_tone Oor1l 1

Description :

Enables or disables the IP phone to playa key tone when a user presses any key on your

phone keypad.
0-Disabled
1-Enabled

If it is set to 1 (Enabled), the IP phone will play a key tone when a usempresses any key on
your phone keypad.

Web User Interface:
Features>Audio ->Key Tone
Phone User Interface:

Menu->Basic>Sound->Key Tone

features.send_key_tone Oorl 1

Description :

Enables or disables the IP phone to playa key tone when a user presses a send key.
0-Disabled

1-Enabled

If it is set to 1 (Enabled), the IP phone will play a key tone when a usempresses a send key.
Note : It works only if the value of the parameter jfeatures.key_toneDi& set to 1 (Enabled).
Web User Interface:

Features>Audio ->Send Tone

Phone User Interface:

None

features.send_pound_key Oor1l 0

Description :

Enables or disables the IPphone not to send any pound key when pressing double #.
0-Disabled (Send one pound key by pressing double #)

1-Enabled (Do not send any pound key when pressing double #)

Note : I't works only if the value of t hgEnapled).

Web User Interface:
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Parameter s Permitted Values Default

Features>General Information->Send Pound Key
Phone User Interface:

None

To configure a send key via web user interface:

1. Click on Features->General Information

2. Select the desired value from the pull-down list of Key As Send.

Log Out
English(English) v

Yealink | v

Account Network Dsskey Features Settings Directory Security
Forward&DND General Information NOTE
Call Waiting Enabled @
General Call waiting
Information Call Waiting On Code e It allows IP phones to receive a
new incoming call when there is
Vi already an active cal.
Audio Call Waiting Off Code (7]
Auto Redal Dissbled v ST hE |
Intercom UE0 Red c e It allows IP phones to
. automatically redial a busy
Auto Redial Interval (1~300s) 10 e S B R TR TR
Transfer Auto Redial Times (1~300) 10 @ Key As Send
Assigns "#” or "*" as the send
Call Pickup Key As Send # @ | key.g
Remote Conirol Reserve # in User Name Enabled @ Hotline
I phone will automaticallv dial

3. Click Confirm to accept the change.
To configure a send tone and key tone via web user interface:

1. Click on Features->Audio .
2. Select the desired value from the pull-down list of Key Tone.

3. Select the desired value from the pull-down list of Send Tone.

Log Out
English(English) ¥

Yealink | vas

Account Network Dsskey Features Settings Directory Security

Forward&DND LTS NOTE
Call Waiting Tone Enabled v 0
General Tone
Information Key Tone Enabled 9 Enables or disables the call
waiting tone, key tone and
Audio Send Tone Enabled @ send tone.
Redial T Redial Tone
Intercom =dl Tone 0 It allows IP phones to continue
to play the dial tone after
[ =L i) U (AL o 7] inputting the preset numbers

4. Click Confirm to accept the change.
To configure a send key via phone user interface:

1. PressMenu ->Features->Others->General->Key As Send.

2.  Press @ or @ , or theSwitch soft key to select # or * from the Key As Send field, or
select Disabled to disable this feature.

3. Press theSave soft key to accept the change.
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To configure a key tone via web user interface:

1. PressMenu->Basic->Sound->Key Tone.

2. Press@ or© , or theSwitch soft key to select the desired value from the Key Tone
field.

3. Press theSave soft key to accept the change.

Dial Plan

Dial plan is a string of characters that governs the wayfor IP phones to process the inputs
received from the IP phoned keypads. You can use regular expression to define dial plan.
Regular expression, often called a pattern, is an expression that specifies a set of stringsA
regular expression provides a concise and flexible means tojmatchD@&pecify and recognize)
strings of text, such as particular characters, words, or patterns of charaters.

Yealink IP phones support two methods to help creating a dial plan: Dial Planusing XML
Template Files(old dial plan mechanism) and Dial Plan using Digit Map String Rules(new dial
plan mechanism). Old dial plan method supports replace rule, dial now, area code and block out
features, and each dial plan feature need its own matching rule. By contrast, new dial plan
supports one or more matching rules in one digit map string . It is helpful for completing
multiple dial plan features: replace, dial now, block out, etc by one matching string .

If you enable new dial plan mechanism, old dial plan will be ignored.

Dial Plan using XML Template Files

YealinkIP phones support the following dial plan features:

Replace Rule
Dial Now
Area Code
Block Out

You canconfigure these dial plan features via web user interface or using configuration files.
You can select to add a replace ruledial now rule one by one or using the replace rule/dial now

template file to add multiple replace rules at a time .

You need to know the following basic regular expression syntax when creating old dial plan:

The dot J.DZcan be used as a pl

any string. Example:

j 1 avouRmatchj 13R7 132DF 1325DF laBchZtc.

ThejxDZ can be used as a pl akxample:|l d
] 1 2wold match ] 11P7 1297 13DY laR2tc.

- The dashj-D&an be used to match a range of characterswithin the
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brackets. Example:

J /] DZ woul d mat &bZ6DZDEDZnDZmber |

Thec o mma caif he DZed as a separator within the bracket.
Example:

j[ 2,5, 8] DZtwhal | ru 2DEEDE BDZ |

The square bracket"[]" can be used as a placeholder for a single

I character which matches any of a set of characters. Example:

"91[5-7]1234"would match ] 951234 [JZ9%1 2 3,3 B 2 3 4 DZ

The parenthesis”( )" can be used to group together patterns, for
0 instance, to logically combine two or more patterns. Example:

"(1-9)([27]1) 3" wo u928 DIHRPEIIPZ et c.

The J7$DZfoll owed by the sequenc
the characters placed in the parenthesis. The sequence number
stands for the corresponding parenthesis. Example:

A replace rule configuration, Prefix: "001(xxx)45(xx)", Replace:
"9001$145%2". When you dial out "0012354599" on your phone, the
IP phone will replace the number with "90012354599" . | $ 1 DZ
digitsi n the first parent hesidgisintha
second parenthesis, that is, ]9

Replace Rule
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Replace rule isan alternative string that replaces the numbers entered by the user. IP phones
support up to 100 replace rules, which can be created either one by one or in batch using a
replace rule template. For more information on how to customize a replace rule template, refer

to Customizing Replace Rule TemplateFile on page 297.
Procedure

Replace rule can be createdusing the following methods.

Create the replace rule for the IP

phone.
Central Provisioning Parameters:
<y0000000000xx% .cfg ) _
(Configuration File) dialplan.replace.prefix.X

dialplan.replace.replace.X

dialplan.replace.line_id.X

Create the replace rule for the IP

phone.
Web User Interface
Naviga te to :

http://<phonelPAddress>/serviet?p
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=settings-dialplan&qg=load

Details of Configuration Parameters:

Parameter s Permitted Values Default

dialplan.replace.prefix.X
String within 32 characters Blank

(X ranges from 1 to 100)

Description :

Configures the entered number to be replaced.
Example:

dialplan.replace.prefixl = 1

Note : It works only if the values of the parameters] di al pl an. di ghdt map.
jaccount . X.dialplan.digitmap.enabl eDZ ar e

Web User Interface:
Settings->Dial Plan->Replace Rule>Prefix
Phone User Interface:

None

dialplan.replace.replace.X
String within 32 characters Blank
(X ranges from 1 to 100)

Description :

Configures the alternate number to replace the entered number.
Example:

dialplan.replace.prefix.1 =1 and dialplan.replace.replace.1l =254245

When you enter the number DalDdlaenrd JpHiledphdes O

theent ered number J 1DZ

Note:l' t works only if the values of etDE@anpar ¢

jaccount . X. dialplan.digitmap.enabl eDZ ar e
Web User Interface:
Settings->Dial Plan->Replace Rule>Replace

Phone User Interface:

None

dialplan.replace.line_id.X Blank (for
Refer to the following content .

(X ranges from 1 to 100) all lines)

Description :

Configures the desired line to apply the replace rule. The digit O stands for all lines. If it is left

blank, the replace rule will apply to all lines on the IP phone.
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Parameter s Permitted Values Default

Permitted Values:

0 to 16 (for SIRT54S/T48G/T48S/T46GT46S/T29G
0 to 12 (for SIP-T52S/T42G/T42S)

0 to 6 (for SIP-T41P/T41S/T27P/T27G)

0 to 3 (for SIP-T40P/T40G/T23P/T23G)

0to 2 (for SIRT21(P) E2

Example:
dialplan.replace.line_id1 =1,2

Note: Multiple line IDs are separated by commas. |t is not applicable to SIP-T19(P) EACP860
IPphones.l t works only if the values of the pg¢
jaccount . X.dialplan.digitmap.enabl eDZ ar e

Web User Interface:
Settings->Dial Plan->Replace Rule>Account
Phone User Interface:

None

To create a replace rule via web user interface:

1. Click on Settings ->Dial Plan->Replace Rule.

2 Enter the string in the Prefix field.

3.  Enter the string in the Replace field.

4 Enter the desired line ID in the Account field or leave it blank.

If you leave this field blank or enter 0, the replace rule will apply to all accounts on the IP

phone.

Log Out

English(English) v

Yealink | v

Account Network Dsskey Settings Directory Security

Time & Date G it i EELTE Replace Rule:An zlternative
1 string that replaces the entered
= numbers.
Call Display 2 Dial-now: Automaticaly dial out
the entered numbers.
Upgrade 3 Area Code:Automatically add
e the area code before the
. 4 numbers when diling.
Auto Provision Block Out:It prevents users
5 from dialing out specific
Configuration 5 TUTIEE:
™.":represents any string.
Dial Plan 7 “x":represents any character.
"-"match a range of characters
~ 8 within the brackets.
Voice "3 separator within the
9 bracket.
- "[1":a character matches any of
LT 10 character sets.

"()":combines two or more
Tones pattemns.
"8":followed by the sequence
number of a parenthesis means
Softkey Layout the characters placed in the
Prefix| 1 Replce | 254245 Account| 1,2 parenthesis.

TROG9
You can click here to get
Add | | Edit | | Del | more guides.

Voice Monitoring 1

5. Click Add to add the replace rule.
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Customizing Replace Rule Template File

The replace rule template helps with the creation of multiple replace rules.

You can ask the distributor or Yealink FAEor replace rule template. You can also obtainthe
replace rule template online:

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

information on obtaining the replace rule template, refer to Obtaining Boot Files/Configuration
Filed ResourceFileson page 137.

When editing a replace rule template file, learn the following:

<DialRule> indicates the start of the template file and </ DialRule> indicates the end of the
template file.

When specifying the desired line(s) to apply the replace rule, the valid values are 0 and line
ID. Multiple line IDs are separated by commeas. It is not applicable to SIP-T19P) E2CP860
IP phones.

The following table lists valid values of line ID for each phone model.

Phone Model Values Description
SIRT54S/T48G/T48S/T46G 0-16 0 stands for all lines
T46S/T29G 1~16 stand for linel~linel6
0 stands for all lines
SIRT52S/T423T42S 0~12
1~12 stand for linel~linel 2
0 stands for all lines
SIRT41AT41S/T27RAT27G 0~6

1~6 stand for linel~line6

0 stands for all lines
SIRT40P/T40G/T23P/T23G 0~-3

1~3 stand for linel~line 3

0 stands for all lines
SIRT21(P) E2 0~2

1~2 stand for linel~line 2

At most 100 replace rules can be added to the IP phone.

The expression syntax in the replace rule template is the same as that introduced in the

section Dial Planusing XML Template Fileson page 293.

To customize a replace rule template :

1.
2.

Open the template file using an ASClleditor.

Create replace rules between<DialRule> and </ DialRule>.
For example :

<Data Prefix="2512" Replace="05922512" LinelD="1" />
Where:

Prefix="" specifies the numbers to be replaced.

Replace="" specifies the alternate string instead of what the user enters.
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LinelD="" specifiesthe desired line(s) for this rule. When you leave it blank or enter 0, this

replace rule will apply to all lines.

dialplanxml* x
$||||I||||1|D||||I||||2|D||||I||||30 4|J|||I||||5|D||||I||||E‘|D||||I||||?|D|

PR AR
<?xml version="1.0" encoding="UTF-8"2>

ZE <DialRule>
<Data Prefix="2510" Replace="05522510" LineID="1,2" />
<Data Prefix="2511" Replace="05%22511" LineID="1,2" />

| |[<Data Prefix="2512" Replace="05522512" LineID="1" />

</DralRule>
I \\IAdd a new replace rule. I

1 on i ok

If you want to change the replace rule, specify the values within double quotes.
3. Save the changeand place this file to the provisioning server.

4.  Specify the access URL of the replace rule templaten the configuration files .

Procedure

Specify the access URL of the replace rule templateusing the configuration files .

Specify the access URL of the

Central Provisioning replace rule template.
<y0000000000x% .cfg
(Configuration File) Parameter:

dialplan_replace_rule.url

Details of Configuration Parameter

Parameter Permitted Values Default

dialplan_replace_rule.url URLwithin 511 characters Blank

Description :

Configures the access URL of thereplace rule template file.
Example:

dialplan_replace_rule.url= http://192.168.10.25/dialplan.xml

During the auto provisioning process, the IP phone connects to the provisioning server
j1921026DZ. and dblwel oaplk adaplan.udnel OZi | e

Note:l' t wor ks only if the values of the par g
jaccount . X. dialplan.digitmap.enabl eDZ ar e

Web User Interface:
None
Phone User Interface:

None
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Dial Now

Dial now is a string used to match numbers entered by the user. When entered numbers match

the predefined dial now rule, the IP phone will automatically dial out the numbers without

pressing the send key. P phones support up to 100 dial now rules, which can be created either

one by one or in batch using a dial now rule template. For more information on how to

customize adial now template, refer to Customizing Dial Now Template File on page 302.

Time Out for Dial Now Rule

The IP phone will automatically dial out the entered number, which matches the dial now rule,

after a specified period of time.

Procedure

Dial now rule can be created using the following methods.

Central Provisioning

(Configuration File)

<y0000000000x» .cfg

phone.

Create the dial now rule for the IP

Parameters:
dialplan.dialnow.rule.X

dialplan.dialnow.line_id.X

now rule.

Parameter :

Configure the delay time for the dial

phone_setting.dialnow_delay

Web User Interface

phone.

Create the dial now rule for the IP

Navigate to :

http://<phonelPAddress>/servlet?p

=settings-dialnow&qg=load

now rule.

Configure the delay time for the dial

Navigate to :

http://< phonelPAddress>/serviet?p

=features-general&g=Iload

Details of Configuration Parameters:

Parameter s Permitted Values Default
dialplan.dialnow.rule.X
String within 511 characters Blank
(X ranges from 1 to 100)
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Parameter s Permitted Values Default

Description :
Configures the dial now rule (the string used to match the numbers entered by the user).

When entered numbers match the predefined dial now rule, the IP phone will automatically

dial out the numbers without pressing the send key.
Example:
dialplan.dialnow.rule.1 = 123

Note:ltworksonl y i f the values of the parameter
jaccount . X.dialplan.digitmap.enabl eDZ ar e

Web User Interface:
Settings->Dial Plan->Dial Now->Rule

Phone User Interface:

None

dialplan.dialnow.line_id.X Blank (for
Refer to the following content )

(X ranges from 1 to 100) all lines)

Description :

Configures the desired line to apply the dial now rule. The digit O stands for all lines. If it is

left blank, the dial now rule will apply to all lines on the IP phone.

Permitted Values:

0to 16 (for SIRT54S/T48G/T48S/T46GT46S/T29G
0to 12 (for SIP-T52S/T42GIT42S)

0 to 6 (for SIP-T41P/T41S/T27PIT27G)

0 to 3 (for SIP-T40P/T40G/T23P/T23G)

0to 2 (for SIRT21(P) E

Example:
dialplan.dialnow.line_id1 =1,2

Note: Multiple li ne IDs are separated by commas.lt is not applicable to SIP-T19(P) EZCP860
IPphones.l t works only if the values of the pg§¢g
jaccount . X. dialplan.digitmap.enabl eDZ ar e

Web User Interface:
Settings->Dial Plan->Dial Now->Account
Phone User Interface:

None

phone_setting.dialnow_delay Integer from Oto 14 1

Description :




Configuring Basic Features

Parameter s Permitted Values Default

Configures the delay time (in seconds) for the dial now rule.

When entered numbers match the predefined dial now rule, the IP phone will automatically
dial out the entered number after the designated delay time.

Ifitis set to 0, the IP phone will automatically dial out the entered number immediately.

Note:l' t works only if the values .oefn abhlee OZaa

jaccount . X.dialplan.digitmap.enabl eDZ ar e
Web User Interface:

Features>General Information->Time Out for Dial Now Rule

Phone User Interface:

None

To create a dial now rule via web user interface:

Click on Settings ->Dial Plan->Dial Now.
Enter the desired value in the Rule field.
Enter the desired line ID in the Account field or leave it blank.

If you leave this field blank or enter 0, the dial now rule will apply to all accounts on the IP

phone.
logout
- English(English) ¥
Yealink | s
Account Network Dsskey Settings Directory Security
Time & Date = i EEIUTE Replace Rule:An zlternative
q string that replaces the entered
Call Displa numbers.
all Dispiay 2 Dial-now:Automatically dial out
the entered numbers.
Upgrade Area Code:Autormaticelly add
e ? the area code before the
. 4 numbers when dialing.
Auto Provision Block Qut:It prevents users
5 from dialing out specific
Configuration 5 T
“."rrepresents any string.
Dial Plan 7 “x":represents any character.
“-":match a range of characters
~ 8 within the brackets.
Voice ™,":a separator within the
9 bracket.
- *[1":a character matches any of
LT 10 character sets.
*{)":combines two or more
Tones pattems.
“g":followed by the sequence
number of a parenthesis means
Softkey Layout the characters placed in the
Rule 123 Account] 1,2 parenthesis.
TROG9
; ; You can click here to get
Voice Monitoring | Add | | Ede | | Del | more guides.

4.

Click Add to add the dial now rule.

To configure the time out for dial now rule via web user interface:

1.

Click on Features->General Information
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2.  Enter the desired time within 0-14 (in seconds) in the Time Out for Dial Now Rule field.

Log Out |
English(English) v

Yealink | v

Account Network Dsskey Features Settings Directory

General Information

Forward&DND
Call Waiting Enabled @
General Call waiting
Information Call Watting On Code (7] It allows TP phunlelzsthn regﬁwe a
new incoming call when ere is
. v already an active call.
Audio Call Waiting Off Code 0
Auto Redial
Itercom Auto Redial Disabled v 0 e phon_es -
Auto Redial Interval (1~300s) 10 (7] ;ﬂﬁgﬁfﬁg’r’tﬂﬂi‘:":@emm_
Transfer Auto Redial Times (1~300) 10 @ Key As Send
N Assigns "#” or =" as the send
Call Pickup Key As Send 2 @ key.
Remote Control Reserve # in User Name Enabled @ Hotline
1P phone will automatically dial
Hotline Number (7] out the hotline number when
Phone Lock lifting the handset, pressing the
Hotline Delay(0~10s) 4 (2] ipeakeruhune key or the line
ay.
ACD
Busy Tone Delay (Seconds) [1} v o Call Completion
SMS Return Code When Refuse 486 (Busy Here) @ g:uii'f°;‘;5rt‘f:ﬁjtg£m;°;tgﬁ
Action URL Return Code When DND 480 (Temporarily Unava ¥ 0 :(g?;bggobf:g’eilrt: éo‘.‘.cumes
Call Completi Disabled v
Bluetooth # ompiEten s @ *ou can click here to get
Feature Key Synchronization Disabled v 0 more guides.
Power LED
| Time Out for Dial Now Rule 1 (7]
Notification Popups RFC 2543 Hald Disabled @

3. ClickConfirm to acceptthe change.

Customizing Dial Now Template File

The dial now template helps with the creation of multiple dial now rules. After setup, place the
dial now template to the provisioning server and specify the accessURL in the configuration
files.

You can askthe distributor or Yealink FAE for dial now template . You can also obtainthe dial
now template online:
http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage . For more
information on obtaining the dial now template, refer to Obtaining Boot Files/Configuration
Filed ResourceFileson page 137.

When editing a dial now template, learn the following:
<DialNow> indicates the start of a template and </DialNow> indicates the end of a
template.

When specifying the desired line(s) for the dial now rule, the valid values are 0 and line ID.
Multiple line IDs are separated by commas. It is not applicable to SIP-T19P) E2CP860 IP
phones.

The following table lists valid values of line ID for each phone model.

Phone Model Values Description
SIRT54S/T48G/T48S/T46G 0-16 0 stands for all lines
T46S/T29G 1~16 stand for linel~linel6
SIRT52S/T423T42S 0~-12 0 stands for all lines
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Phone Model Values Description

1~12 stand for linel~linel 2

0 stands for all lines

SIRT41RT41S/T27AT27G 0~6
1~6 stand for linel~line6
0 stands for all lines
SIRT40P/T40G/T23P/T23G 0~3
1~3 stand for linel~line 3
0 stands for all lines
SIRT21(P) E2 0~2

1~2 stand for linel~line 2

At most 100 rules can be added to the IP phone.

The expression syntax in the dialnow rule template is the same as that introduced in the section
Dial Planusing XML Template Fileson page 293.

To customize a dial now template :

1. Open the template file using an ASClleditor.

2. Create dialnow rules between <DialNow> and </ DialNow>.
For example :
<Data DialNowRule="1001" LinelD="0" />
Where:

DialNowRule="" specifies the dial now rule.
LinelD="" specifies the desired line(s) for this rule. When you leaveit blank or enter 0, this

dial now rule will apply to all lines.

dialnowxml* x
Eju||||||||1|D|||||||||2|D|||||||||3|D|||||||||4|D|||||||||5|D|||||
<%?xml ver=ion="1.0" encoding="UTF-8"%>

2[H <DialNow>

3 <Data DialMowRule="123" LineID="1,2,3" />
- <Data DialNowBule="456" LineID="1,2,3" /=
| |{Data DialNowRule="1001" LineID="0" /> I

</DialNow> -
I | Add a new dial-now rule. |

1 & tn

If you want to change the dial now rule, specify the values within double quotes.
3. Save the changeand place this file to the provisioning server.

4.  Specify the access URL of the dialnow template.

Procedure

Specify the access URL of thalial now template using the configuration files.

Configure the access URL of thedial

Central Provisioning now template.
<y0000000000x»%.cfg
(Configuration File) Parameter:

dialplan_dialnow.url
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Details of Configuration Parameter

Parameter Permitted Values Default

dialplan_dialnow.url URL within 511 characters Blank

Description :

Configures the access URL of the diahow rule template file.
Example:

dialplan_dialnow.url = http://192.168.10.25/dialnow.xml

During the auto provisioning process, the IP phone connects to the provisioning server
j1921026DZ. and do wdelnovardesf itlhee J di al now. xml DZ

Note:l't works only if the values of the par g
jaccount . X.dialplan.digitmap.enabl eDZ ar e

Web User Interface:
None
Phone User Interface:

None

Area Code

Area codes are also known as Numbering Plan Areas (NPAs). They usually indicate geographical
areas in one country. When entered numbers match the predefined area code rule, the IP phone
will automatically add the area code before the numbers when dialing out them. IP phones only

support one area code rule.

Procedure

Area code rule can be configured using the following methods.

Create the area code rule and
specify the maximum and minimum

lengths of entered numbers.

Central Provisioning Parameters:

<y0000000000x»% .cfg .
(Configuration File) dialplan.area_code.code

dialplan.area_code.min_len
dialplan.area_code.max_len

dialplan.area_code.line_id

Create the area code rule and
specify the maximum and minimum

Web User Interface
lengths of entered numbers.

Navigate to :
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http://<phonelPAddress>/serviet?p
=settings-areacode&g=load

Details of Configuration Parameters:

Parameter s Permitted Values Default

dialplan.area_code.code String within 16 characters Blank

Description :

Configures the area code to be added before the entered numbers when dialing out.
Example:

dialplan.area_code.code= 0592

Note : The length of the entered number must be between the minimum length configured
by the parameter Jdialplan.area_code.min_leand the maximum length configured by the
parameter jdialplan.area_codemax_lerD& works only if the values of the parameters
jdial plan.digitmap.enabl eDZand Jaccount . X

Web User Interface:
Settings->Dial Plan->Area Code->Code
Phone User Interface:

None

dialplan.area_code.min_len Integer from 1to 15 1

Description :
Configures the minimum length of the entered numbers.

Note : It works only if the values of the parameters] di al pl an. di gi t map.

jaccount . X.dialplan.digitmap.enabl eDZ ar e
Web User Interface:

Settings->Dial Plan->Area Code->Min Length (1-15)

Phone User Interface:

None

dialplan.area_code.max_len Integer from 1to 15 15

Description :
Configures the maximum length of the entered numbers.

Note : The value must be larger than the minimum length. It works only if the values of the
parameters Jdialplan.digitmap.enabl eDZ and
(Disabled).

Web User Interface:
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Parameter s Permitted Values Default

Settings->Dial Plan->Area Code->Max Length (1-15)

Phone User Interface:

None
) o ) Blank (for
dialplan.area_code.line_id Refer to the following content )
all lines)
Description :

Configures the desired line to apply the area code rule. The digit O stands for all lines. If it is
left blank, the area code rule will apply to all lines on the IP phone.

Permitted Values:

0 to 16 (for SIRT54S/T48G/T48S/T46GT46S/T29G
0 to 12 (for SIP-T52S/T42G/T42S)

0 to 6 (for SIP-T41P/T41S/T27P/T27G)

0 to 3 (for SIRT40P/T40G/T23P/T23G)

0 to 2 (for SIRT21(P) E2

Example:
dialplan.area_code.line_id= 1

Note: Multiple lin e IDs are separated by commasit is not applicable to SIP-T19(P) EACP860

IP phones.It works only if the values of the parameters] di al pl an. di gi t ma

jaccount . X.dialplan.digitmap.enabl eDZ ar e

Web User Interface:
Settings->Dial Plan->Area Code->Account
Phone User Interface:

None

To configure an area code rule via web user interface:

1.
2.
3.

Click on Settings ->Dial Plan->Area Code.
Enter the desired values in the Code, Min Length (1-15) and Max Length (1-15) fields.

Enter the desired line ID in the Account field or leave it blank.
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If you leave this field blank or enter 0, the area code rule will apply to all accounts on the IP

phone.
A
Log Out
- English(English) ¥
Yealink | s
Account Network Dsskey Settings Directory Security
Time & Date Replace Rule:An alternative
Code 0592 string that replaces the entered
= numbers.
Call Display Min Length (1-15) 1 Dial-now:Automatically dial out
the entered numbers.
Upgrade Max Length (1-15) |15 Area Code:Automatically add
P9 the area code before the
. Account 1 numbers when digling.
Auto Provision Block Out:It prevents users
) . from dialing out specific
Configuration Confirm Cancel numbers.
™.":represents any string.
Dial Plan “x":represents any character.
"-":match a range of characters

4. Click Confirm to accept the change.

Block Out

Block out rule prevents users from dialing out specific numbers. When entered numbers match
the predefined block out rule, the LCD screen prompt :
up to 10 block out rules.

Procedure

Block out rule can be created using the following methods.

Create the block out rule for the IP

phone.
Central Provisioning
<y0000000000xx% .cfg Parameters:

(Configuration File) )
dialplan.block_out.number.X

dialplan.block_out.line_idX

Create the block out rule for the IP
phone.

Web User Interface Navigate to :

http://< phonelPAddress>/servlet?p

=settings-blackout&g=load

Details of Configuration Parameters:

Parameter s Permitted Values Default

dialplan.block_out.number. X
String within 32 characters Blank

(X ranges from 1 to 10)
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Parameter s Permitted Values Default

Description :

Configures the block out numbers.
Example:
dialplan.block_out.number.1 = 4321

When you di al432l0Zeo nn uymobuerr pphone, the dialin
prompt "Forbidden Number".

Note:l't works only if the values of the para
jaccount . X.dialplan.digitmap.enabl eDZ ar e

Web User Interface:
Settings->Dial Plan->Block Out->BlockOut NumberX

Phone User Interface:

None

dialplan.block_out.line_id. X Refer to the following Blank (for all
(X ranges from 1 to 10) content lines)
Description :

Configures the desired line to apply the block out rule. The digit O stands for all lines. If it is

left blank, the block out rule will apply to all lines on the IP phone.

Permitted Values:

0to 16 (for SIRT54S/T48G/T48S/T46GT46S/T29G
0to 12 (for SIP-T52S/T42GIT42S)

0 to 6 (for SIP-T41P/T41S/T27PIT27G)

0 to 3 (for SIP-T40P/T40G/T23P/T23G)

0to 2 (for SIRT21(P) E

Example:
dialplan.block_out.line_id1 =1,2,3

Note: Multiple li ne IDs are separated by commasit is not applicable to SIP-T19(P) E2CP860
IPphones.l t works only if the values of the pg§¢g
jaccount . X. dialplan.digitmap.enabl eDZ ar e

Web User Interface:
Settings->Dial Plan->Block Out->Account
Phone User Interface:

None

To create ablock out rule via web user interface:

1. Click on Settings ->Dial Plan->Block Out .

2.  Enter the desired value in the BlockOut Number X field.
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3. Enter the desired line ID in the Account field or leave it blank.

If you leave this field blank or enter 0, the block out rule will apply to all accounts on the IP
phone.

LogOut |

English(English) ¥

Yealink | vas

Account Network Dsskey Settings Directory Security

Time & Date Replace Rule:An alternative
| BlockOut Numberl 4321 Account 1,2,3 | string that replaces the entered
= numbers.
Call Display BlockOut Number2 Account Dial-now: Automatically dial out
the entered numbers.
Upgrade BlockQut Number3 Account Area Code:Automatically add
the area code before the
. BlockQut Numberd Account numbers when disling.
Auto Provision Block Out:It prevents users
BlockOut Number5 Account from dialing out specific
= numbers.
Configuration BlockQut Numberg Account
™."represents any string.
Dial Plan BlockOut Number7? Account “x":represents any character.
“-":match a range of characters
~ BlockOut Numberg Account within the brackets.
Voice ™, "2 separator within the
BlockQut Numberd Account bracket.
Ring “[1":a character matches any of
BlockQut Number10 Account character sets.
“()":combines two or more
Tones patterns.
Confirm Cancel “¢"followed by the sequence
number of a parenthesis means

4. Click Confirm to add the block out rule.

Dial Plan using Digit Map String Rules

Digit maps, described in RFC 3435are defined by a single string or a list of strings. If a number

entered matches any string of a digit map, the call is automatically placed. If a number entered

matches no string - an impossiblematch-y ou can specify the phoneds behavi
the digit map timeout, the period of time before the entered number is dialed out .

You need to know the following basic regular expression syntax when creating new dial plan:

The timer letter ] Tirdlicates a timer expiry. | f igu3eDAlone (e.g.,
123T)t he default ti meout value of
alone (e.g., 123 Tx>, x can be a digit from 0 to 99), a complete
match occurs when waiting x seconds after inputting 123.

ThejxDZan be used as a placeholder forany digit from 0to 9.
X Example:

] 1 2woldd match ] 11R7 1297 13DEtc.

The square bracket"[]" can be used as a placeholder for a single

I} character which matches any of a set of characters. Example:

"91[5-7]1234" would match j 951234 [JZ9%1 2 3,4 BA 2 3 4 DZ

The dashj-D&an be used to match a range of digit s within the

brackets.
- Example:
j35-7] DZ woul d mat BbBZ50Z6DXDADA ntiZ e r

Note : The digits must be concrete, e.g., [3X] is invalid.
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The dot J.DZcan be used as a ,pl
including zero, of occurrences of the preceding construct.

Examples:

| 132ZD&ould match | 13P¥ 13307 1333DZ 13333D£tc.

jx. TDZwould match an arbitrary
J [ x* #+] .nTaDE aw arhitlargt character.

Note : If the string ends with a dot (e.g., 123.), a match will occur
immediately after inputting the characters before the dot (e., 123)
since the dot allows for zero occurrences of the preceding construct.

Sowe recommend you to add a letter ] T DZ thd dotge.g.,123.T)
for inputting more characters.

The |l etter JRDZindicates that c
Using a RRR syntax, you can replace the digits between the first two

R . .-
RS with the digits between the last two AS. Example:
JR12R234RD&ould replace 12 with 234.
The | ® it erthe angle bracket ind
strings are replaced. Using the <:> syntax, you can replace the digits
<> before the colon with the digits after the colon.

Example:

j<12:234>D&ould replace 12 with 234. It is the same with R12R234R.

The exclamation mark]!D&an be used to prevent users from dialing
out specific numbers. It can only be put last in each string of the digit
map.

Example:

j235x! DZwoul d match J 23 5dmbarstjrtidg3
with 235 will be blocked to dial out.

Thec o mma caij he D&ed as a separatorto generate secondary dial

tone.

Example:

7<9,55>xxDZ af t er e nt scondargdiatangplays afd9 D
you can complete the remaining two -digit number.

Note : The secondary dial tone can be customized. For more
information, refer to Toneson page 823.
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Procedure

Digit map can be created using the configuration files.

Configure digit map on a phone basis.
Parameters:

dialplan.digitmap.enable
dialplan.digitmap.string
dialplan.digitmap.interdigit_long_timer
<y0000000000x% .c | dialplan.digitmap.interdigit_short_timer
fg dialplan.digitmap.no_match_action
dialplan.digitmap.active.on_hook_dialing
dialplan.digitmap.apply_to.on_hook_dial
dialplan.digitmap.apply_to.directory_dial
dialplan.digitmap.apply_to.forward

dialplan.digitmap.apply_to.press_send

Configure digit map on a per-line basis.

Central

Provisioning Parameters:

(Configuration account.Xdialplan.digitmap.enable
File) account.Xdialplan.digitmap.string

account.Xdialplan.digitmap.interdigit_long_ti

mer

account.Xdialplan.digitmap.interdigit_short_ti

mer

account.Xdialplan.digitmap.no_match_action
<MAC> .cfg P g p-no_ -

account.Xdialplan.digitmap.active.on_hook_d
ialing
account.Xdialplan.digitmap.apply_to.on_hook
_dial
account.Xdialplan.digitmap.apply_to.director
y_dial
account.Xdialplan.digitmap.apply_to.forward

account.Xdialplan.digitmap.apply_to.press_se
nd
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Details of Configuration Parameters:

Permitted
Parameter s Default
Values
dialplan.digitmap.enable Oorl 0

Description :

Enables or disables the digit map feature for the IP phone.
0-Disabled

1-Enabled

Note: The value configuredby t he parameter Jaccount. X. d
precedence over that configured by this parameter.

Web User Interface:
None
Phone User Interface:

None

[2-9]11 | OT |
0121xxx.T |
[0-1][2 -9]xx

String
XXXXXXX |

dialplan.digitmap.string within [2-9]xx
2048 XXXXXXX |

[2-9]xxxT |
T | +X.T|

00x.T

characters

Description :

Configures digit map pattern used for the dial plan.

Example:

dialplan.digitmap.string = <[2 -9]x:86>3.T|0x.!|1xxx

Note : The string must be compatible with the digit map feature of MGCP described in 2.1.5
of RFC3435 It works only if the value of the
Jjaccount . X. di adabpl eabZ ids gs ¢ nTadpwaleonfgireddypthee d ) .

p ar a madcaunt.X.flialplan.digitmap.stringDZ t akes precedence ov
this parameter.

Web User Interface:
None
Phone User Interface:

None
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Permitted
Parameter s Default
Values
Integer
dialplan.digitmap.interdigit_long_timer from 0 to 10
255

Description :

Configures the time (in seconds) for the IP phone to wait before dialing an entered number

if it matches part of any string of the digit map.
If it is set to 0, the IP phone will not dial the entered number if it only a partial match exists.

The value of this parameter should be greater than that configured by the parameter

jdialplan.digitmap.interdigit_short_timer
For example :

dialplan.digitmap.string = IxXXT|XXXXx<T1>

dialplan.digitmap.interdigit_long_timer = 10

dialplan.digitmap.interdigit_short_timer =5

When you enter 1, it matches part of two digit maps, the IP phone tries to wait 10 seconds
and then dials out 1 if no numbers entered,;

When you enter 15, it also matches part of two digit maps, the IP phone tries to wait 10
seconds and then dials out 15 if no numbers entered,;

When you enter 153, it also matches part of two digit maps, the IP phone tries to wait 10
seconds. But after waiting for 5 seconds, it completely matches the first digit map and then
immediately dials out 153.

Note:l't works only if the value of the para
Jjaccount . X.dial pl an. di gi t nmagvalercafiglred bythes s
p ar a madcaunt.X.flialplan.digitmap.interdigit_long_timerDZ t a k edenceaver that
configured by this parameter.

Web User Interface:
None

Phone User Interface:

None
Refer to
_ . : o _ the
dialplan.digitmap.interdigit_short_timer ) 3
following
content
Description :

Configures the timeout interval (in seconds) for any string of digit map.

The IP phone will wait this many seconds before matching the entered digits to the dial plan

and placing the call.
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Permitted
Parameter s Default
Values

Valid values are:

Single configuration (configure a speci
with JTDZof the digit map)

Example:
dialplan.digitmap.interdigit_short_timer = 5

I'f the value of the paramet er -Ppd86>8.T@T]teerdP d
phone will wait 5 seconds before matching the entered digits to this dial plan and placing

the call.

Distribution configuration (configure a
each string of the digit map in the corresponding position)

If there are more digit maps than timeout values, the last timeout is applied to the extra digit
map. If there are more timeout values than digit maps, the extra timeout values are ignored.

Example:

dialplan.digitmap.interdigit_short_timer = 4|5|3|6|2|1

If the value of the parameter Jdialplan.d

<[2-9]x:86>3.T|2T|1xxT|0x.!|[B]11T, 4isappliedtot he -Ppkx k286 >3 . TDB di ¢
appliedto] 2 TDZ di gi$ appliedéog ,1 xX T DZ d iigapfdliedtod @, x . 8 DZ d i

isappliedtot he-9]][12TDZ di git map, the Il ast digit

Note: It works only if the value ofthepar amet er Jj di al plan. digit

jaccount . X.dial plan. di gi t nThgvalerafglred Dy thes s

p a r a madcaunt.X.fialplan.digitmap.interdigit_short_timerDZ t akes pr eced

configured by this parameter.
Web User Interface:

None

Phone User Interface:

None

dialplan.digitmap.no_match_action 0,1o0r2 0

Description :

Configures the behavior when an impossible digit map match occurs.

0-prevent users from entering a number and immediately dial out the entered numbers

1-t he dialing will fail and the LCD screen

2-allow users to accumulate digits and dispatch call manually with the send key or
automatically dial out the entered number after a certain period of time configured by the
parameterj di al pl an. digitmap.interdigit_Ilong_ti

Note:1't wor ks only if the value of the para

Jaccount . X. dial pl an. di gi t nTagvalerafiglred bythes s
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Permitted
Parameter s Default
Values

p ar a meadcaunt.X.flialplan.digitmap.no_math_actionDZ t akes preceden
configured by this parameter.

Web User Interface:
None
Phone User Interface:

None

dialplan.digitmap.active.on_hook_dialing Ooril 0

Description :

Enables or disables the entered numbers to match the predefined string of the digit map in
real time. It is only applicable to the on-hook dialing.

0-Disabled
1-Enabled

Note:1 t wor ks only if the value of the parari
jaccount . X.dial plan. di gi t nThgvalerafiglre bythes s
p a r a madcaunt.X.flialplan.digitmap.active.on_hook_dialinZ t akes pr eced

configured by this parameter.
Web User Interface:

None

Phone User Interface:

None

dialplan.digitmap.apply_to.on_hook_dial Oorl 1

Description :

Enables or disables the entered number to match the predefined string of the digit map
after pressing a send keywhen dialing on-hook or pressing the DSS key (&3., speed dial, BLF
or prefix key).

0-Disabled
1-Enabled

Note : It works only if the value of the parameterj di al pl an. di gi t map. e
jaccount . X. di al p lissettod (EgablédnTagvalee tanfiglired Dy the

p ar a madcaunt.X.flialplan.digitmap.apply_to.on_hook_diaDZ t akes pr eced
configured by this parameter.

Web User Interface:
None

Phone User Interface:
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Permitted
Parameter s Default
Values
None
dialplan.digitmap.apply_to.directory_dial Oor1l 1
Description :

Enables or disables the digit map to be applied to the numbers dialed from the directory.
0-Disabled
1-Enabled

Note: It works only ifthevalueof t he parameter Jdial pl an. ¢
Jjaccount . X.dial plan. di gi t nThgvaletafiglred Dythes s
p ar a madcaunt.X.flialplan.digitmap.apply_to.directory_diaDZ t akes pr eced
configured by this parameter.

Web User Interface:
None
Phone User Interface:

None

dialplan.digitmap.apply_to.forward Oorl 1

Description :

Enables or disables the digit map to be applied to the numbers that you want to forward to

when performing call forward.
0-Disabled
1-Enabled

If it is set to 1 (Enabled), the incoming calls will be forwarded to a desired destination
number according to the string of the digit map.

Note:l't works only if the value of the para
jaccount . X. di al p lissettod (EgablédnTagvalee tanfiglired Dy the

p ar a madcaunt.X.flialplan.digitmap.apply_to.forwardDZ t akes preceden
configured by this parameter.

Web User Interface:
None
Phone User Interface:

None

dialplan.digitmap.apply_to.press_send Oor1l 1

Description :

Enables or disables the entered number to match the predefined string of the digit map




Configuring Basic Features

Permitted
Parameter s Default
Values

after pressing a send key.lt is only applicable to the o ff-hook dialing.

The off-hook dialing includes: pick up the handset, press the Speakerphone key or press the
line key when the phone is idle.

0-Disabled
1-Enabled

Note:1t wor ks only if the value of the para
jaccount . X.dial plan. di gi t nThgvalee tanfiglred Dy thes s
parame t eccouit.X.dialplan.digitmap.apply_to.press_sen®Z t akes precede

configured by this parameter.
Web User Interface:

None

Phone User Interface:

None

Per-Line Parameters:

The parameters listed in the above table have a petline equivalent that you can configure. All of
the per-line parameters are listed in the following table. Note th at the per-line parameters take
precedence overtheglobalpar amet ers. For example, Jaccount. X. di
t akes pr e c edblplandigitmapwemrableDZ

X stands for the serial number of the account.

X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)

X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIP-T40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

Xis equal to 1 (for SIRT19(P) EACP860)

Per-Line Parameter s Global Parameters
account.X.dialplan.digitmap.enable dialplan.digitmap.enable
account.X.dialplan.digitmap.string dialplan.digitmap.string
account.X.dialplan.digitmap.interdigit_long_timer dialplan.digitmap.interdigit_long_timer
account.X.dialplan.digitmap.interdigit_short_timer dialplan.digitmap.interdigit_short_timer
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Per-Line Parameter s Global Parameters
account.X.dialplan.digitmap.no_match_action dialplan.digitmap.no_match_action
account.X.dialplan.digitmap.active.on_hook_dialing dialplan.digitmap.active.on_hook_dialing
account.X.dialplan.digitmap.apply_to.on_hook_dial dialplan.digitmap.apply_to.on_hook_dial
account.X.dialplan.digitmap.apply_to.directory_dial dialplan.digitmap.apply_to.directory_dial
account.X.dialplan.digitmap.apply_to.forward dialplan.digitmap.apply_to.forward
account.X.dialplan.digitmap.apply_to.press_send dialplan.digitmap.apply_to.press _send

Emergency Dialplan

Yealink IP phones support dialing emergency telephone numbers when the phone is locked
(refer to Phone Lock). Due to the fact that the IP phone must have a registered account or a
configured SIP server,it may not meet the need of dialing emergency telephone number at any

time.

Emergency dialplan allows users to dial the emergency telephone number (emergency services
number) at any time when the IP phone is powered on and has been connected to the network.

It is available even if your phone keypad is locked or no SIP accountis registered.

Note Contact your local phone service provider for available emergency numbers in your area.

Emergency Dial Plan

Users can configure the emergency dial plan on the phone (e.g., emergency number, emergency

routing). The phone determines if this is an emergency number by checking the emergency dial

plan configured on the phone. When placing an emergency call, the call is directed to the

configured emergency server. Multiple emergency servers may need to be configured for

emergency routing, avoiding that emergency calls coul
failure. If the phone is not locked, it checks against the regular dial plan (refer to Dial Plan). If the

phone is locked, it checks against the emergency dial plan.

Emergency Location Identification Number (ELIN)

The IP Phones support Link Layer Discovery Protocolor Media Endpoint Devices (LLDRMED).
LLDRMED allows the phone to use the location information, Emergency Location Identification
Number (ELIN), sent by the switch, as a caller ID for making emergency callsThe outbound
identity used in the P-Asserted-Identity (PAI) headerof the SIP INVITE requesis taken from the
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network using an LLDRMED Emergency Location Identifier Number (ELIN)The administrator
can customize the outbound identity. The custom outbound identity will be used if the phone
fails to get the LLDRMED ELIN value.

The following is an example of the PAI header:

P-asserted-identity: <sip: 1234567890 @abc.com> (where 1234567890is the custom
outbound identity .)

P-Access-Network -Info (PANI)

When placing an emergency call, the MAC address ofthe phone/connected switch should be
added in the P-AccessNetwork-Info (PANI) header of the INVITE message. It helps the aid
agency to immediately identify the callergs |l ocation

The following is an example of the PANI header:

P-AccessNetwork-Info: IEEE802.3; ethrl o c a t 00:45r65:Pibl:6eDZ ( wher e ®GHI456574B1
the phonegs MAC address.)

Procedure

Emergency dialplan can be configured using the configuration files.

Configure the emergency dialplan.
Parameter s:

dialplan.emergency.asserted_id_source
Central

Provisioning <y0000000000xx>.C

dialplan.emergency.custom_asserted_id

dialplan.emergency.server.X.address
(Configuration fg

dialplan.emergency.server.X.port
File) P gency P

dialplan.emergency.server.X.transport_type

dialplan.emergency.X.value

dialplan.emergency.X.server_priority

Details of Configuration Parameter s:

Parameters Permitted Values Default

dialplan.emergency.asserted_id_source ELIN or CUSTOM ELIN

Description :

Configures the precedence of source of emergency outbound identities when placing an
emergency call.

If it is set to ELIN, the outbound identity used in the P-Asserted-Identity (PAI) headerof the

SIP INVITE requests taken from the network using an LLDP-MED Emergency Location
Identifier Number (ELIN). The custom outbound identity configured by
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Parameters Permitted Values Default

jdial pl an. emergency. cust othe phosesfals to getdhei d DZ w
LLDRMED ELIN value.

If it is set to CUSTOM, the custom outbound identity configured by

jdial plan. emergency.custom_asserted_idDZw
jdial plan. emergency. cust om_ a<svEPR ELiNevaue willbBZ i
used.

Note : If the obtained LLDP-MED ELIN value is blank and no custom outbound identity, the
PAI header will not be included in the SIP INVITE request.

Web User Interface:
None

Phone User Interface:

None
) . 10-25 digits, SIP URI, or
dialplan.emergency.custom_asserted_id Blank
TEL URI
Description :

Configures the custom outbound identity when placing an emergency call.

If using a TEL URIfor example, tel:+16045558000. Thefull URI is included in the
P-Asserted-Identity (PAIl) header (eg., <tel:+16045558000>).

If using a SIP URI, for exmple, sip:1234567890123@abc.com. Théull URI is included in the
P-Asserted-Identity (PAI) header and the address will be replaced by the emergency server
(e.g.,<sip:1234567890123@emergency.com>).

If using a 10-25 digit number, for example, 1234567890. The SIP URkonstructed from the
number and SIP server (e.g., abc.com) is includedh the P-Asserted-Identity (PAI) header
(e.g.,<sip:1234567890@abc.com>).

Web User Interface:
None

Phone User Interface:

None
dialplan.emergency.server.X.address IP address or domain
Blank
(X ranges from 1 to 3) name
Description :

Configures the IP address or domain name of the emergency server X to be used for routing
calls.

Note : If the account is registered successfully or failed (the account information has been
configured), the emergency calls will be dialed using the following priority: SIP
server>emergency server; if the account is not registered, the emergency server will be used.
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Parameters Permitted Values Default

Web User Interface:
None
Phone User Interface:

None

dialplan.emergency.server.X.port
Integer from 1 to 65535 5060
(X ranges from 1 to 3)

Description :

Configures the port of emergency server X to be used for routing calls.
Web User Interface:

None

Phone User Interface:

None

dialplan.emergency.server.X.transport_type
0,1,20r3 0
(X ranges from 1 to 3)

Description :

Configures the transport method the IP phone uses to communicate with the emergency

serverX.

0-UbDP

1-TCP

2-TLS
3-DNS-NAPTR
Web User Interface:
None

Phone User Interface:

None
Refer to
. the
dialplan.emergency.X.value
number or SIP URI followin
(X ranges from 1 to 255) g
content

Description :

Configures the emergency number to use on your IP phone so a caller can contact

emergency services in the local area whenrequired.

Default :
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Parameters Permitted Values Default

When X = 1, the default value is 911,
When X = 2-255, the default value is Blank.
Web User Interface:

None

Phone User Interface:

None
dialplan.emergency.X.server_priority a combination of digits 1,
1,2,3
(X ranges from 1 to 255) 2and 3
Description :

Configures the priority for the emergency servers to be used.
The digits are separated by commas. The servers to be used in the order listed (left to right).

The IP phone tries to send the INVITE request to the emergency server with higherpriority. If
the emergency server with higher priority does not respond correctly to the INVITE, then the
phone tries to make the call using the emergency server with lower priority, and so forth.
The IP phone tries to send the INVITE request to each emegency server for three times.

Example:
dialplan.emergency.1.server_priority= 2, 1, 3

It means the IP phone sends the INVITE request to the emergency server 2 first. If the
emergency server 2 does not respond correctly to the INVITE, then tries to make thecall
using the emergency server1. If the emergency serverl1 does not respond correctly to the
INVITE, then tries to make the call using the emergency serve3. The IP phone tries to send
the INVITE request to each emergency server for three times.

Note : If the IP address of the emergency server with higher priority has not been configured,
the emergency serverwith lower priority will be used. If the account is registered
successfully or failed(the account information has been configured ), the emergency calls will
be dialed using the following priority: SIP server>emergency server; if the account is not
registered, the emergency server will be used.

Web User Interface:
None
Phone User Interface:

None

Hotline

Hotline, sometimes referred to as hot dialing, is a point-to-point communication link in which a
call is automatically directed to the preset hotline number. The IP phone automatically dials out
the hotline number using the first available line after a specified time interval when you lift the
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handset, press the Speakerphonéoff -hook key or the line key. IP phones only support one
hotline number.

Procedure

Hotline can be configured using the following methods.

Configure the hotline number.
Parameter:

features.hotline_number

Central Provisionin . . .
9 <y0000000000x% .cfg Specify the time the IP phone waits

(Configuration File) before automatically dialing out the

hotline number.
Parameter:

features.hotline_delay

Configure the hotline number.

Specify the time the IP phone waits
before automatically dialing out the
Web User Interface hotline number.

Navigate to :

http://<phonelPAddress>/serviet?p

=features-general&qg=load

Configure the hotline number.

ify the ti he IP ph i
Phorne User Interface Specify the time the IP phone waits

before automatically dialing out the

hotline number.

Details of Configuration Parameters:

Parameter s Permitted Values Default

features.hotline_number String within 32 characters Blank

Description :

Configures the hotline number that the IP phone automatically dials out when you lift the
handset, press the Speakerphone/off -hook key or the line key.

Leaving it blank disables hotline feature.
Example:
features.hotline_number = 1234

Note: Line key is not applicable to SIRT19(P) R and CP860 IP phones; handset and
Speakerphone key are not applicable to CP860 IP phones; offhook key is only applicable to
CP860 IP phones.
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Parameter s Permitted Values Default

Web User Interface:
Features>General Information->Hotline Number
Phone User Interface:

Menu->Features->Others->Hot Line->Hotline Number

features.hotline_delay Integer from 0O to 10 4

Description :

Configures the waiting time (in seconds) for the IP phone to automatically dial out the

hotline number.

If it is set to 0 (0s), the IP phone will immediately dial out the preconfigured hotline number
when you lift the handset, press the Speakerphone/off -hook key or press the line key.

If it is set to a value greater than 0, the IP phone will wait the designated seconds before
dialing out the predefined hotline number when you lift the handset, press the
Speakerphone keyoff -hook or press the line key.

Note : Line key is not applicable to SIRT19(P) E2and CP860 IP phones; handset and
Speakerphone key are not applicable to CP860 IP phones; offhook key is only applicable to
CP860 IP phones.

Web User Interface:
Features>General Information->Hotline Delay(0~10s)
Phone User Interface:

Menu->Features->Others->Hot Line->Hotline Delay

To configure hotline via web user interface:

1. Click on Features->General Information .

2. Enter the hotline number in the Hot line Number field.
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3. Enter the delay time in the Hotline Delay(0~10s) field.

LogOut |
English(English) ¥

Yealink | v

Account Features Directory
Forward&DND General Information NOTE
Call Waiting Enabled v 0
General Call Waiting
Information Call Waiting On Code 0 It allows IP phones to receive a
new incoming call when there is
Vi already an active cal.
Audio Call Waiting Off Code [7]
i Auto Redial
It S Diszbled A It allows IP phones to
. § automatically redial a busy
Auto Redial Interval (1~300s) 10 [7] T 55 2 (1E ot TR
e Auto Redial Times (1~300) 10 Q Key As Send
Assigns "#" or "*" as the send
Call Pickup Key As Send # 9 kev.g
Eenatelcontaol Reserve # in User Name Enabled 9 Hotline §
1P phone will automatically dial
Hotline Number 1234 [7) out the hotline number when
Phone Lock lifting the handset, pressing the
Hotline Delay(0~10s) 4 (] ipaakeruhnne key or the line
ey.
ACD
Busy Tone Delay (Seconds) [1} v 0 Call Completion

4. Click Confirm to accept the change.
To configure hotline via phone user interface:

1. PressMenu ->Features->Others->Hot Line.
Enter the hotline number in the Hot line Number field.

Enter the waiting time (in seconds) in the Hot line Delay field.

p wD

Press theSave soft key to accept the change.

Off Hook Hot Line Dialing

Note

For security reasons, IP phones support df hook hot line dialing feature, which allows the phone
to first dial out the pre-configured num ber when the user lifts the handset, presses the
Speakerphoneoff -hook key or desired line key, dials out a call using the account with this
feature enabled. The SIP server maythen prompt the user to enter an activation code for call
service. Only if the user enters a valid activation code, the IP phonewill use this account to dial

out a call successfully.

Off hook hot line dialing feature is configurable on a per-line basis and depends on support

from a SIP server

Off hook hot line dialing feature limits the call-out permission of this account and disables the
hotline feature. For example, when the phone goes off hook using the account with this feature
enabled, the configured hotline number will not be dialed out automatically.

The server actions may vary from different servers.

It is also applicable to the IP call and intercom call.
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Procedure

Off hook hot line dialing can be configured using the configuration files.

Configure off hook hot line dialing

feature.
Parameter:
Central Provisioning account.X.auto_dial_enable
] ) ) <MAC> .cfg
(Configuration File) Specify the number that the phone

first dials out.
Parameter:

account.X.auto_dial_num

Details of Configuration Parameters:

Parameter s Permitted Values Default

account. X.auto_dial_enable Oorl 0

Description :

Enables or disables the IP phone to first dial out a pre-configured number when a user lifts
the handset, presses the Speakerphone/off -hook key or desired line key or dials out a call

using account X.
0-Disabled
1-Enabled

If it is set to 1 (Enabled), the phone will first dial out the pre-configured number (configured
by the parameter J account . I|Rstkehandsetpriessds the u m
Speakerphone/off -hook key or desired line key, dials out acall using account X.

X rangesfrom 1 to 16 (for SIP-T54S/T48G/T48S/T46G/T46S/T29G)
X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

Xis equal to 1 (for SIRT19(P) EACP860)

Note : Line key is not applicable to SIRT19(P) R and CP860 IP phones; handset and
Speakerphone key are not applicable to CP860 IP phones; offhook key is only applicable to
CP860 IP phones.

Web User Interface:
None
Phone User Interface:

None




Configuring Basic Features

Parameter s Permitted Values Default

account. X.auto_dial_num String within 32 characters Blank

Description :

Configures the number that the IP phone first dials out when a userlifts the handset, presses
the Speakerphone/off -hook key or desired line key, dials out a call using account X.

X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)
X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

Xis equal to 1 (for SIRT19(P) EACP860)

Note:l' t wor ks only i f t haccouXaute dial fenabldi&setpodlr a 1
(Enabled) Line key is not applicable to SIRT19(P) E2and CP860 IP phones; handset and
Speakerphone key are not applicable to CP860 IP phones; offthook key is only applicable to
CP860 IP phones.

Web User Interface:
None
Phone User Interface:

None

Directory List

Users can accessrequently used directory lists by pressing the Directory /Dir soft key when the
IP phone is idle. The lists can be Local Directory Favorite Directory (only applicable to CP860 IP
phones), History, Remote Phone Book andLDAP. The desired listxan be added to Directory
using a directory file (favorite_setting.xml).

Note The LDAP listis hidden by default. To configure the LDAP list, you should enable LDAP feature
first. For more information, refer to Lightweight Directory Access Protocol (LDAP on page 581.

Customizing a Directory Template File

You can ask the distributor or Yealink FAEor directory template . You can also obtainthe
directory template online:
http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage . For more
information on obtaining the directory template, refer to Obtaining Boot Files/Configuration
Filed ResourceFileson page 137.
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The following table lists meaning of each variable in the directory template file:

Element Attribute Description
root_favorite_set no File root element
item no Directory listd s  element
localdirectory
history
networkcalllog The existing directory list (For
) remotedirectory example,] l ocal direc
id_name ) )
Idap local directory list).
broadsoftdirectory Note : Do not edit this field.
plcmdirectory
favoritedirectory
) The display name of the
Local Directory ) )
) directory list.
History
Note : We recommend you do
Network CallLog o
not edit this field. Network
) Remote Phone Book ) )
display_name LDAP Directories and Network CallLog
) ) lists are hidden for IP phones in
Network Directories ) .
neutral firmware, which are
PhoneBook )
) ) designed for the BroadWorks
Favorite Directory .
environment.
1,2,34,5,67and8. ] o
o ] ) o | The display priority of the
priority 1 is the highest priority, 8is | _ ]
directory list.
the lowest.
0/1, . . -
] Directory list whether to display
enable 0: Disabled
on the IP phone LCD screen
1: Enabled.
The applicable phone models of
common; the directory list. Common
q T19T21 T23 T40 T27 T27G | represents that the desired
ev
T29 T41 T42 T42S T41S T44 directory list is applicable to all
T46S T48 T48TP86Q IP phone models.
Note : Do not edit this field.

Customizing a directory template:

1. Open the template file using an ASCI!I editor.

2. For eachdirectory list that you want to configure, edit the corresponding string in the file.
For example, configure the local directory list, edit the values within double quotes in the
following strings:
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<item id_name="localdirectory" display_name=" Local Directory" priority="1" enable="1"

dev="common" />

H <root favorite set>

[iter id name="iocaldirectory” display_name—"local Directory" priori

nable="1" dev="common"/> |

—‘(/r:c:ﬁfavcnteiser&

<item id_name-"history" display name-"History" priority-"2" enable-'
<item id name="networkcalllog" display name="Network CallLog" priori
<item id_name="remotedirectory" display_name="Remote Phone Book" priority="4"

" dev="common"/>
"O" dev="common"/>

<item id name="ldap" display name="LDAE" priority="5" enable="0" dev="T1S T21 T23 T40 T
<item id_name="broadsoftdirectory" display_name="Network Directories" priority="6" enable="0" dev="common"/>
<item id name="plcmdirectory” display name="PhoneBook" priority="7" enable="0" />

<item id_name="favoritedirectory" display_name="Favorite Directory" priority="7" enable="1" dev="CP260" />

TG T29 T41 T42 T425 T415 T46 T465

3. Save the changeand place this file to the provisioning server (e.g.,192.168.1.20.

4.  Specify the access URL of the custom directory templatefile in the configuration files (e.g.,

static.directory_setting.url = http://192.168.1.20/favorite_setting.xml).

Procedure

Directory can be configured using the following methods.

Central Provisioning

(Configuration File)

<y0000000000xx>.cfg

directory template file.

Parameter:

Specify the access URL of the

static.directory_setting.url

Web User Interface

Configure the directory.

Navigate to :

http://<phonelPAddress>/servlet?p

=contacts-favorite&g=Iload

Details of the Configuration Parameter:

Parameter

Permitted Values

Default

static. directory _setting.url

URL within 511 characters

Blank

Description :

Configures the access URL of the directory templatefile.

Example:

static.directory_setting.url = http://192.168.1.20/ favorite_setting.xml

During the auto provisioning process, the IP phone connects to the provisioning server

j192.20p8.4nd

Web User Interface:

d o wdirdctorp fdis| ¢ hjef avori te_setting

Directory-> Setting-> Directory

Phone User Interface:

None
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To configure the directory via web user interface:

1. Click on Directory ->Setting .

2. Inthe Directory block, select the desired list from the Disabled column and then
click .
The selected list appears in theEnabled column.

3. Repeatthe step 2 to add more lists to the Enabled column.

4. To remove a list from the Enabled column, select the desired list and then click .

5. Toadjust the display order of list, select the desired list and then click or .

Log Out

English(English) v

Yealink | v

Account Network Dsskey Features Settings Directory

Local Directory NOTE
Directory 0
Remote Phone Disabled Enabled Directory
Book It provides easy access to
Remote Phone Bool « Local Directory - frequently used lists.
LDAP History
Phone Call Info Search Source in Dialing
— i It alows the IP phone to
automatically search entries
LUAE from the search source list
. based on the entered string,
Multicast TP and display results on the pre-
dialing screen.
Setting - - Recent Call In Dialing
It allows users to view the
placed calls list when the phone

6. Click Confirm to accept the change.

The IP phoneLCD screenwill display the enabled list(s) in the adjusted order.

Search Source List In Dialing

Searchsource list in dialing allows the IP phone to automatically search entries from the search
source list based on the entered string, and display results on the pre-dialing/ dialing screen. The
user can select the desired entry to dial out quickly.

Delete Cancel

The search source list can be Local Directory, History, Remote Phone Boo&nd LDAP.The search
source list can be configured using a supplied super searchtemplate file (super_search.xml)

Note The LDAP listis hidden by default. To configure the LDAP list, you should enable LDAP feature
first. For more information, refer to Lightweight Directory Access Protocol (LDAP) on page 581.
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Customizing a Super Search Template File

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

super search template online:

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

information on obtaining the super search template, refer to Obtaining Boot Files/Configuration

Filed ResourceFileson page 137.

The following table lists meaning of each variable in the super search templatefile:

BroadSoft_directory_search
BroadSoft_ UC_search
plcm_directory_search

Element Attribute Description
root_super_search | No File root element
tem No Super searchlistg s r oot
element

local_directory_search
calllog_search The directory list (For
remote_directory_search example,

id_name Idap_search jlocal _directo

the local directory list).
Note : Do not edit this field.

display_name

Local Contacts
History

Remote Phonebook
LDAP

Network Directories
BroadSoft Buddies
PhoneBook

The display name of the
directory list.

Note : We recommend you
do not edit this field.

Network Directories and
BroadSoft Buddies lists are
hidden for IP phones in
neutral firmware, which are
designed for the BroadWorks

environment.

priority

1,2,34,56and?7.
1 is the highest priority, 7 is the

The priority of the search

T29 T46 T46S T48 T48S.

lowest. results.

0/1, Enable or disable the IP
enable 0: Disabled phone to search the desired

1: Enabled directory list.

T21 T23 T4A0 T27 T27G T29 T41 T42 | The applicable phone models
dev T42S T41S T46 T46S T48 T48S of the directory list.

Note : Do not edit this field.

Customizing a super search template:

1. Open the template file using an ASCII editor.

2. For each directory list that you want to configure, edit the corresp onding string in the file.
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For example, configure the local directory list, edit the values within double quotes in the
following strings:

<item id_name="local_directory_search" display_name="LocalContacts" priority="1"

enable="1"/>
super searchxml x
0 A0y 20y 30y 40y 50 B R B 90y IR
1[5 «<rogr_super search>
z <item id nmame="local directory search" display name="Local Contacts" priority="1" enable="1" />-|
<iten id_name="calllog_sgearch" display name="History" priority="2" enable="1" />
<item id name="remote_directory_search" display_name="Remote Phonebook™ priority="3" enable="0" />
<iten id name="ldap search” display name="LDAF" priority="4" enable="0" dev="T19 T21 T23 T40 T40G T27 T2
<item id name="BroadSoft directory search” display name="Network Directories” priority="5" enable="1" /3
<iten id name="BroadSoft UC search” display name="BroadSoft Buddies" priority="6" enable="1" dev="T23 T4
<item id_name="plcm directory_ search" display_name="PhoneBook" priority="7" enable="0" r=3
</root super searchd

3. Save the changeand place this file to the provisioning server (e.g.,192.168.1.20.

4.  Specify the access URL of the custom super search templatdile in the configuration files
(e.g., super_search.url = http://192.168.1.20/super_search.xml)

Procedure

Searchsource list in dialing can be configured using the following methods.

Specify the access URL of the super

Central Provisioning searchtemplate file.
<y0000000000xx>.cfg
(Configuration File) Parameter:

super_search.url

Configure the search source listin
dialing.
Web User Interface Navigate to :

http://<phonelPAddress>/servlet?p

=contacts-favorite&g=Iload

Details of the Configuration Parameter:

Parameter Permitted Values Default

super_search.url URL within 511 characters Blank

Description :

Configures the access URL of thesuper searchtemplate file.
Example:

super_search.urk= http://192.168.1.20/super_search.xml

During the auto provisioning process, the IP phone connects to the provisioning server
j192.208. 4nd d o wnderseadtlstempléteefile] super _search.

Web User Interface:
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Parameter

Permitted Values

Default

None

Directory->Setting->Search Source List In Dialing

Phone User Interface:

To configure search source list in dialing via web user interface:

1. Clickon Directory ->Setting .

2. Inthe Search Source List In Dialing block, select the desired list from the Disabled column

and then click .

The selected list appears in theEnabled column.

3. Repeatthe step 2 to add more lists to the Enabled column.

4. Toremove a list from the Enabled column, select the desired list and then click .

5. To adjust the display order of search results, select the desired list and then click

or [1].

The LCD screen displays the search results in the adjusted order.

Yealink | vas

Local Directory

Remote Phone
Book

Phone Call Info
LDAP
Multicast IP

Setting

Account

Directory @)
Diszbled Enabled
History Local Directory
Remote Phone Bool
LDAP
= fos)
L= ods|
Search Source List In Dialing 0
Disabled Enabled
Remote Phonebook Local Directory
LDAP History
| =} il
| =} |

LogOut

English(English) ¥

Directory

NOTE

Directory
It provides easy access to
frequently used lists.

Search Source in Dialing

It allows the IP phone to
automatically search entries
from the search source list
based on the entered string,
and display results on the pre-
dialing screen.

Recent Call In Dialing

It allows users to view the
placed calls list when the phone
is on the pre-dizling screen.

You can click here to get
more guides.

6. Click Confirm

Call Log

Save Call Log

to accept the change.

IP phones record and maintain phone events to a call log, also known as a call list. The call log

contains call information such as remote party identification, time and date of the call, and call

duration. It can be used to redial previous outgoing calls, return incoming calls, and save contact
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information from call log lists to the contact directory.

IP phones maintain a local call log. Call log consists of four lists: Missed Calls Paced Calls,

Received Glls, and Forwarded CallsEachcall log list supports up to 100 entries. To store call

information, you must enable save call log feature in advance. You can access the calhistory

information via web user interface: Directory ->Phone Call Info .

You can identify call types by the icons from a combined call log list (e.g., All Calls)For more
information on icons, refer to Appendix G: Reading Iconson page 1024.

Procedure

Call log can be configured using the following methods.

Central Provisioning
<y0000000000x»%.cfg
(Configuration File)

Configure call log feature.
Parameter:

features.save_call_history

Web User Interface

Configure call log feature.
Navigate to :

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

Phone User Interface

Configure call log feature.

Details of the Configuration Parameter:

Parameter

Permitted Values Default

features.save_call_history

Oor1l 1

Description :
Enables or disables the IP phone to savethe call log.
0-Disabled

1-Enabled

If it is set to O (Disabled), the IP phone cannot log the missed calls, placed calls, received calls

and forwarded calls in the call log lists.

Web User Interface:

Features>General Information->Save CallLog
Phone User Interface:

Menu->Features->Others->General->History Record

To configure call log feature via web user interface:

1. Click on Features->General Information .
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2. Select the desired value from the pull-down list of Save Call Log.

Log Out
2 English{English) -
Yealink |+
Account Network Settings Directory Security
Forward&DND el it R NOTE
Call Waiting Enabled ~ @
General Call Waiting
Information Call Waiting On Code (7] This cal feature alows your
. phone to accept other incoming
Audio Call Waiting Off Code 0 calls during the conversation.
- Auto Redial Disabled - @ Key As Send
ntercom .o #
Auto Redial Interval (1~300s) 10 (7] e
Transfer Auto Redial Times (1~300) 10 Q Hotline Number
‘When you pick up the phone, &
Call Pickup Key As Send # - @ :'ut ::L:g‘ ':m hotine number
.
Remote Control . [ You can click here to get
more help through download
Phone Lock - Administrator Guide!
Save Call Lo Enabled -
ACD g L7 |
Suppress DTMF Display Disabled - @
SMS
Suppress DTMF Display Delay Disabled - @
Action URL Play Local DTMF Tone Enabled - @
Power LED DTMF Repetition 3 - @
L Mukticast Codec G722 - O
Notification Popups
Play Hold Tone Enabled - @
Display Method on Dialing User Name - @
Confirm I cancel |

3. Click Confirm to acceptthe change.
To configure call log feature via phone user interface:

1. PressMenu ->Features->Others->General->History Record.

2. Press@ 0r® , or theSwitch soft key to select the desired value from the History
Record field.

3. Press theSave soft key to accept the change.

Backing up the Call Logs

Yealink IP phones support storing all call logs to a call log file named <MAC> -calllog.xml. You
can back up this file to the server, avoiding data loss. Once thecall logs update, the IP phone will
automatically upload this file to the provisioning server or a specific server. If a call log file exists
on the server, the file will be overridden. The IP phone will request to download the

<MAC> -calllog.xml file according to its MAC address from the server during auto provisioning.

The call log file is named after the MAC addressof the IP phone. MAC address aunique 12-digit
serial number assigned to each phone, can be obtained from the bar code on the back of the IP
phone. For example,if the MAC address of an IP phone is 00156574150, the name of the call
log file is 00156574b150-calllog.xml (case sensitive).

It is not applicable to CP860 IP phones.
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Procedure

Backing up the call log file can be configured using the configuration files .

Configure the IP phone to back up
the call log.

Parameter s:

static.auto_provision.local_calllog.ba
<y0000000000xx>.cfg ckup.enable

Central Provisioning

(Configuration File)
static.auto_provision.local_calllog.ba

ckup.path

static.auto_provision.local_calllog.wri

te_delay.terminated

Details of the Configuration Parameter s:

Permitted
Parameters Default
Values
static.auto_provision.local_calllog.backup.enable Oorl 0

Description :

Enables or disables the IP phone to upload the <MAC>-calllog.xml file to the server each
time the call log s update and download the <MAC> -calllog.xml file from the server during

auto provisioning.
0-Disabled
1-Enabled

If it is set to O (Disabled), the IP phone does not upload/download the call log file

j<MC>calllog.xmlDZto the server.

If it is set to 1 (Enabled), thecalP |pohgo.nxen
specf i ¢ path configured by t hieonp.aroacnaelt_ecraljlsl
each time the call logs update; and downloads the calllogsi n t he JaMAC®»g.

according to its MAC address from the specific path during auto provisioning.
Note : It is not applicable to CP860 IP phones.

Web User Interface:

None

Phone User Interface:

None

static.auto_provision.local_calllog.backup.path String Blank

Description :

Configures a path or URL for the IP phone to upload/downl oad the <MAC> -calllog.xml file.
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Permitted
Parameters Default
Values

If it is left blank, the IP phone connects to the provisioning server URL, and
uploads/downloadsthecont act f i tcealjld MAC > ml DZ

Example:
static.auto_provision.local_calllog.backuppath = http://192.168.1.20/call log

Once the call logs update, the IP phone will upload the call log file to the specified path
jhttp://192.0lgelZ. 1. 20/ cal l

During the auto provisioning process, the IP phone downloads the call log file
] <MAC€=l Il og.xml DZfromhtthe: shbte2 folgel&. pa2 b/

Note: It works only if the value of the parameter
Jstatic.auto_provision. | ocal _c alltlisinai applibable té
CP860 IP phones.

Web User Interface:
None

Phone User Interface:

None
) o ) ) Integer from
static. auto_provision.local_calllog.write_delay.terminated 60
10 to 600
Description :

Configures the delay time (in seconds) for the IP phone to upload the <MAC> -calllog.xml
file each time the call logs update.

Note: It works only if the value of the parameter
Jstatic.auto_provision. | ocal _c alltlisina applibable té
CP860 IP phones.

Web User Interface:
None
Phone User Interface:

None

Call List Show Number

Calllist show number allows the IP phone to show the phone number instead of the name in the
call log list. To use this feature, make sure thesave call logfeature is enabled. For more
information on save call log, refer to SaveCall Logon page 333.
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Procedure

Calllist show number can be configured using the following methods.

Configure call list show number.
Central Provisioning
<y0000000000x»%.cfg Parameter :
(Configuration File)
features.call_log_show_num

Configure call list show number.

Navigate to :
Web User Interface

http://<phonelPAddress>/serviet?p

=features-general&g=Iload

Details of the Configuration Parameter:

Parameter Permitted Values Default

features.call_log_show_num Oorl 0

Description :

Enables or disablesthe IP phone to show the other partyd s p h o n einsteadrofthe r
name in the call log lists.

0-Disabled
1-Enabled
If it is set to O (Disabled), the IP phone will show the other party§ same in the call log lists.

If itis set to 1 (Enabled), the IP phone will show theother partyd phone number in the call
log lists.

Note : It works only if the value of the parameter] f eat ur es. save_call
(Enabled).

Web User Interface:
Features>General Information->Call List Show Number
Phone User Interface:

None

To configure call list show number via web user interface:

1. Click on Features->General Information .
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2. Select the desired value from the pull-down list of Call List Show Number .

Log Out
H English(English) -
Yealink | s
Account Network Dsskey Features Settings Directory Security
Gel | Inf i
Forward&DND feral fmormation IE
Call Waiting Enabled E|
General Call waiting
Information Call waiting On Code It allows IP phones to receive a
new incoming call when there is
~ call Waiting Off Code already an active cal.
Audio
i Auto Redial
ITiseeT SRtlReril Diszbled lz‘ It allows IP phones to
" automatically redial a busy
Auto Redizl Interval (1~300s) 10 number after the first attempt.
Transfer Auto Redial Times (1~300) 10 Key As Send
N Assigns "#” or "*” as the send
Call Pickup o key.
- Hotline
Remote Control 1P phone wil automatically dial
- out the hotline number when
Phone Lock P G T e B Enabled ifting the handsef, pressing the
speakerphone key or the line
Allow 1P Call Enabled - key.
ACD
1P Direct Auto Answer Enabled - Call Completion
SMS It allows users to monitor the
Call List Show Mumber Enabled - | busy party and establish 3 call
when the busy party becomes
Action URL Voice Mail Tone Enabled - avalable to receive a call.
Power LED G T Disabled =] *ou can dlick here to get
more guides.
Notification Popups

3. ClickConfirm to accept the change.

Missed Call Log

Missed call log allows the IP phone to display the number of missed calls with an indicator icon
on the idle screen, and to log missed calls in the Missed Calls list when the IP phone misses calls.
It is configurable on a per-line basis. Once the user accesses the Missed Calls list, the prompt
message and indicator icon on the idle screen disappear.

1 New Missed Call(s)

You can corfigure whether to display a prompt message when missing calls. For more
information, refer to Notification Popups on page 173.

Procedure

Missed call log can be configured using the following methods.

Configure missed call log feature for the

Central Provisioning SIP account
<MAC> .cfg
(Configuration File) Parameter :

account.X.missed_calllog
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Configure missed call log feature for the
PSTN account

Parameter :

pstn.accountX.missed_calllog

Configure missed call log feature.

Navigate to :
Web User Interface

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

unt-basic&g=load&acc=0

Details of the Configuration Parameter s:

Parameters Permitted Values Default

account. X.missed_calllog Oorl 1

Description :

Enables or disablesthe IP phone to indicate and record missed calls for SIPaccount X.
0-Disabled

1-Enabled

If it is set to O (Disabled), the IP phone does not displaya prompt message and an indicator

icon on the idle screen and log the missed call in the Missed Calls list whenit misses calls.

If it is set to 1 (Enabled), the IP phone displays aprompt messageand an indicator icon on

the idle screen and logs the missed call in the Missed Calls list whenit misses calls.
X ranges from 1 to 16 (for SIRT54S/T48G/T48S/T46G/T46S/T29G)

X ranges from 1 to 12 (for SIRT52S/T42G/T42S)

X ranges from 1 to 6 (for SIRT41P/T41S/T27P/T27G)

X ranges from 1 to 3 (for SIRT40P/T40G/T23P/T23Q

X ranges from 1 to 2 (for SIRT21(P) E2)

Xis equal to 1 (for SIRT19(P) EACP860)

Note: | t works only if the value of the para
(Enabled).The prompt message displays only if the value of the parameter
Jjfeatures. mi ssed.iscettfoll (Emblgulup. enabl e Dz

Web User Interface:
Account->Basic>Missed Call Log
Phone User Interface:

None

pstn.account. X.missed_calllog
Ooril 1
(X rangesfrom 1 to 2)
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Parameters Permitted Values Default

Description :

Enables or disablesthe IP phone to indicate and record missed calk for PSTNaccount X.
0-Disabled

1-Enabled

If it is set to O (Disabled), the IP phone does not displaya prompt message and an indicator
icon on the idle screen and log the missed call in the Missed Calls list whenit misses calls.

Ifitis set to 1 (Enabled), the IP phone displays aprompt messageand an indicator icon on
the idle screen and logs the missed call in the Missed Calls list whenit misses calls.

Note : It is only applicable to CP860 IP phones.It works only if the value of the parameter

Jfeatures. save_cal l _hiTeprompynizdsage displays only ibthel
value of the parameter] f eat ur es. mi ssed isceatol (Empblgldup . ena

Web User Interface:
Account->Basic->Missed Call Log
Phone User Interface:

None

To configure missed call log via web user interface:

1. Click on Account ->Basic.
2. Select the desired account from the pull-down list of Account .

3. Select the desired value from the pull-down list of Missed Call Log .

Log Out
English(English) M

Yealink | v

Account Network Dsskey Features Settings Directory Security

R ? noTE
Proxy Require (7]
Basic Anonymous Call
Local Anonymous off v e It allows the caller to conceal
Codec the identity information
Local Anonymous Rejection off v e displayed on the callee’s screen.
Advanced Send Anonymous Code Off Code @ Anonymous Call Rejection
Rejects the anonymous calls
on Code e automatically.
Off Code (2] You can click here to get
more guides.
Send Anonymous Rejection Code Off Code v e
On Code (7]
Off Code (7]
Missed Call Log Enzbled @ |
Auto Answer Disabled @
Ring Type Comman v e
| confim | cancel

4. Click Confirm to accept the change.
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Local Directory

IP phones maintain a local directory. The local directory can store up to 1000 contacts and 48
groups (47 groups for CP860 IP phones)When adding a contact to the local directory, in
addition to name and phone numbers, you can also specify the account, ring tone and group for
the contact. Contacts and groups can be added either one by one or in batch using a local
contact file. YealinkIP phones support both *.xml and *.csv format contact files, but only support

* xml format download for local contact file.

Contacts can be configured to have a backup on the provisioning server or a specific server. The

contact file format is *.xml.

Customiz ing a Local Contact File

You can add contacts one by one on the IP phone directly. You can also add multiple contacts at
a time and/or share contacts between IP phones using the local contact template file. After
setup, place the template file to the provisioning serverand specify the access URL of the
template file in the configuration files. The existing local contacts on the IP phones will be

overridden by the downloaded local contacts.

You can ask the distributor or Yealink FAEor local contact template. You can also obtainthe
local contact template online:

http://support.yea link.com/documentFront/forwardToDocumentFrontDisplayPage . For more
information on obtaining the local contact file, refer to Obtaining Boot Files/Configuration

Filed ResourceFileson page 137.

The following table lists meaning of each variable in the local contact template file:

Element Values Description
root_group no Group list@ root element.
group no Groups root. el

All Contacts An element of group.

display_name )
Blacklist Group name.

Format of the value:

System ring tone:

Auto
] Silent.wav An element of group.
g Splash.wav Group ring tone .
RingN.wav (integer N ranges from 1 to 8)
Custom ring tone :
Name.wav
root_contact no Contact list@ root element.
contact no Contacté root element.
display._name String An element of contact.

Contact name.
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Element

Values

Description

Note : This value cannot be

blank or duplicated .

Office number of the

office_number String
contact.
mobile_numbe ) Mobile number of the
String
r contact.
) Other number of the
other_number String
contact.
The desired line you want
to add the contact to.
-1~15;

line ) ) Note : This is not applicable
Multiple line IDs are separated by commas.
to SIP-T19(P) EACP860 P
phones.
Format of the value:
System ring tone:
Auto
. Silent.wav An element of contact.
ind Splash.wav Contact ring tone.

RingN.wav (integer N ranges from 1 to 8)
Custom ring tone :

Name.wav

group_id_name

Valid Value:

built-in:

All Contacts, Blacklist
custom:

XXX(e.qg., Friend)

Group name of a contact.

default_photo

Format of the value:
Resource:avatar name (the built-in avatar)
Config: avatar name (the custom avatar)

Contact avatar.

Note : It is only applicable
to SIRT54S/T52S/T48G
T485T46G T465 T29GIP
phones.

The following table lists valid values of line for each phone model.

Phone Model Values Description
SIRT54S/T48G/T48S/ 1-15 -1 stands for Auto (the first registered line)

T46GT46S/T29G 0~15 stand for linel~linel6
-1 stands for Auto (the first registered line)

SIRT52S/T42GT42S -1~11

0~11 stand for linel~linel2

SIRT41RAT41S/T27P 15 -1 stands for Auto (the first registered line)
IT27G 0~5 stand for linel~line6

SIRT40P/T40G/T23P -1~2 -1 stands for Auto (the first registered line)
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Phone Model Values Description

/T23G 0~2 stand for linel~line 3

-1 stands for Auto (the first registered line)
SIRT21(P) E2 -1~1 . .
0~1 stand for linel~line 2

The contact avatar format must meet the following :

. Single
Phone Model Format Resolution -
File Size

SIRT48S/T46S

<=110*110 | <=5MB
SIRT549752S Ipg/.png/-bmp / jpeg

SIRT48F T46G/T29G <=110*110 <=5MB

The contact icon format must meet the following :

Phone
Model

Format Resolution

SIRT48GS | .jpg/.png/.bmp /.jpeg <=41*41

Configuration Parameters
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The following table lists the configuration parameters used when customizing a local contact

file:
Parameter s Permitted Values Default
local_contact.data.url URL within 511 characters Blank
Description :

Configures the access URL of the local contact file(*.xml).
Example:
local_contact.data.url= http://192.168.10.25/contact.xml

Note : If the value of the parameter "static.auto_provision.local_contact.backup.enable" is set
to 1 (Enabled), the contacts in thelocalc ont act f il e Jcont adhe. xm
provisioning server dongt take effect.

Web User Interface:
Directory->Local Directory->Import Local Directory File
Phone User Interface:

None
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Parameter s Permitted Values Default

local_contact.photo.url URL within 511 characters Blank

Description :

Configures the access URL of a contactavatar file.

The format of the contact avatar must be *.png, *.jpg, *.bmp or *.jpeg.

The contact avatar file should be uploaded to the provisioning server in advance.
Example:

local_contact.photo.url = tftp://192.168.10.25/Photo.jpg

Note: It is only applicable to SIRT54S/T52S/T48G/T48S/T46G/T46S/T29G IP phones
Web User Interface:

None

Phone User Interface:

None

local_contact.icon_image.url URL within 511 characters Blank

Description :

Configures the access URL of a contact icon file.

The format of the contact icon must be *.png, *.jpg, *.bmp or *jpeg.

The contact icon file should be uploaded to the provisioning server in advance.
Example:

local_contact.icon_image.url = tftp://192.168.10.25/Photo.jpg

Note: It is only applicable to SIP-T48G/S IP phones.

Web User Interface:

None

Phone User Interface:

None

local_contact.image.url URL within 511 characters Blank

Description :
Configures the access URL of a TAR contact avatar file.
The format of the contact avatar must be *.png, *.jpg, *.bmp or *.jpeg.

The contact avatar file should be compressed as a TAR file in advance and then place it to

the provisioning server.

Example:
local_contact.image.url = tftp:// 192.16810.25photo.tar
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Parameter s Permitted Values Default

Note: Itis only applicable to SIP-T54S/T52S/T48G/T48S/T46G/T46S/T29G IP phore
Web User Interface:

None

Phone User Interface:

None

local_contact.data_photo_tar.url URLwithin 511 characters Blank

Description :

Configures the access URL of the compressed TAR file consisting of the avatars TAR file and
contact XML file.

All avatars needed for contacts should be compressed as a TAR file in advance.

Example:
local_contact.data_photo_tar.url = tftp://192.16810.25 Contact.tar

Note: It is only applicable to SIP-T54S/T52S/T48G/T48S/T46G/T46S/T29G IP phoneghe
name of the avatars TARfile must be photo.tar (case sensitive), and the name of the contact
XML file must be ContactData.xml (case sensitive).

Web User Interface:
None
Phone User Interface:

None

local_contact.icon.url URL within 511 characters Blank

Description :
Configures the access URL of a TAR contact icon file.
The format of the contact icon must be *.png, *.jpg, *.bmp or *.jpeg.

The contact icon file should be compressed as a TAR file in advance and then place it to the

provisioning server.

Example:
local_contact.icon.ul = tftp:// 192.16810.25photo2.tar

Note: It is only applicable to SIP-T48GS IP phones.
Web User Interface:

None

Phone User Interface:

None
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Customizing a Local Contact File ( Black-and-white Screen Phones)

Note

The following shows the procedure of customizing a local contact file for
SIRT42G/T42S/TA1PT41S/TA0PT40G/T27P/T27G/T23RT23G/T21(P) EZT19(P) E2CP860 1P

phones:
To customize a local contact file:

1. Open the template file using an ASClleditor.

2. For eachgroup that you want to add, add the following string to the file. Each startson a

separate line:
<group display_name=""ring=""/>
3. For eachcontact that you want to add, add the following string to the file. Each startson a
separate line:
<contact display_name="" office_number="" mobile_rnumber="" other_number="" line=""
ring="" group _id_name=""/>
4. Specify the values within double quotes.
For example:
<group display_name="Friend" ring="Splash.wav"/>

<contact display_name="Lily" office_number="1020" mobile_rumber="1021"
other_number="1112" line="1,2" ring="Ringl.waVv' group_id_name="Friend"/>

contactaml* x
e 101 20100 30, 40 50, 0, 0100 80100, 30 100 110 120 130 140,,,1,,.15
<?xml version="1.0" encoding="utf-8"2>
|5l <root_group>
<group display_name="All Contacts" ring=""
<group display name="Blacklist" ring="" />
[<ozouk display_name-"Eriend” ring-"splash.wav'/> |
<JToot_groups
|5 <xoot_contact>
<contact display name="Testl" office _numbe

/>

" ring="" group_id name="All Contacts" default_pho
ng="r group id name="Blacklist" default pnoto=
ring="Ringl.wav" group_id_name="Friend"/>

other_ number="3610" 1i
other number:
other_number—

tact display name="Test2" office numbe.
[<contact display_name="Lily" office_number

|</Im:1t contacts

5. Save the changeand place this file to the provisioning server.

6. Specify the access URL of the custom local contact templatein the configuration files.
For example:
local_contact.data.url = tftp:// 192.168.10.23contact.xml

During the auto provisioning process, the IP phone connects to the provisioning server
7192.168.10.28)And downloads the local contact file jcontact. x m|l DZ

If you have configured to back up the local contacts to the server, the IP phone will download the

contact f icloentjacMAG>m|I DZ from the backup path from the se
downloaded contacts in the local directory list. The cont acts in the | ocal contact
downloaded from the provisioningserver don gt take effect. For more informat
up the local contacts, refer to Backing up the Local Contact on page 359.
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Customizing a Local Contact File (Color Screen Phones)

The following shows the procedure of customizing a local contact file for
SIRT54S/T52S/T48G/T48S/T46GT46S/T29GIP phones:

Scenario A - Using the Built -in Avatar for Contact

This scenario is applicableto SIRT54S/T52S/T48G/T48S/T46GT46S/T29GIP phones.
To customize a local contact file:

1. Open the template file using an ASClleditor.

2. For eadc group that you want to add, add the following string to the file. Each startson a
separate line:

<group display_name=""ring=""/>

3. For eachcontact that you want to add, add the following string to the file. Each starts on a
separate line:

<contact display_name="" office_number="" mobile_rnumber="" other_number="" line=

ring="" group _id_name="" default_photo=""/>
4. Specify the values within double quotes.
For example:
<group display_name="Friend" ring="Splash.wav"/>

<contact display_name="Lily" office_number="1020" mobile_rumber="1021"
other_number="1112" line="1,2" ring="Ring 1.wav" group_id_name="Friend"

default_photo="Resource:icon_family_b.pnd/>

5. Save the changeand place this file to the provisioning server.

6. Specify the access URL of the customocal contact template in the configuration files.
For example:
local_contact.data.url = tftp:// 192.168.10.23contact.xml

During the auto provisioning process, the IP phone connects to the provisioning server
7192.168.10.2H)And downloads the local contact file Jcontact. x m| DZ

Note If you have configured to back up the local contacts to the server, the IP phone will download the
contact f icloentja<cMAG>m|I DZ from the backup path from the se
downloaded contacts in the local directory list. The cont acts in the | ocal contact

downl oaded from the provisioning server dongt take effe
up the local contacts, refer to Backing up the Local Contact on page 359.
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