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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
helps 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 helps 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 IP
p h o B geformance in the network. So an understanding of IP networking and a prior
knowledge of IP telephony concepts are necessary

The information detailed in this guide is applicable to firmware version 82 or higher. The
firmware format is like x.x.x.x.rom.The second x from left must be greater than or equal to 82

(for example, the firmware version of SIRT46G IP phone: 28.82.0.20.rom).

See the Yealink Products Reguldory Notices guide for all regulatory and safety guidance.

Chapters in This Guide

This administrator guide includes the following chapters:

Chapt @mwodud QvejviewDZ descr i bes t hneexBahsionmhddules.hones

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

process.

Chapter 3,jSetting Up Your SystenDdescribes 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 des cr 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 lrustedsertificates, auto
provisioning flowchart, reference information about IP phones compliant with RFC 3261

SIP call flowsand some other function lists (for example, DSS keys, reading icons)

Related Documentations

This guide coversSIRT54S,SIRT52S,SIRT48GS, SIRT46GS, SIRT42GS, SIRT41RS,
SIRT40RG, SIRT29G,SIRT27RG, SIRT23R G, SIRT21(P) E2and SIRT19(P) E2P phones. The
following related documents are available:

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

User Guides, which describehow to configure and use the basic and advanced features

available on IP phonesvia phone user interface or via web user interface.

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

The purpose of Aufo Provisioning Guide is to serve as a basic guidance for provisioning

Yealink IPphones 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 Yealinkadministrator 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 type is set to BroadSoftplease 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 yourYealink 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 (for example, Click on
Settings ->Upgrade .).

Also used to emphasize text (for example, Important! ).

/talics

Used to show the format of examples (for example, http (s)//] IPv6
address)), or to show the title of a section in the reference
documentation s available on the Yealink Technical Support
Website (for example, Triggering the IP phone to Perform the Auto

Provisioning).

Blue Text

Used for cross references to other sections within this
documentation (for example, refer to Ring Toneson page 711), for
hyperlinks to non-Yealinkwebsites (for example, RFC3315) or for

hyperlinks to Yealink Technical Supportwebsite.

Blue Text in ltalics

Used for hyperlinks to Yealinkresources outside of this
documentation such as the Yealinkdocumentation s (for example,
Yealink_SIP_IP_Phones Auto_Provisioning Guide )/81

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
phone@ 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

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

vii
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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 type of provisioning methods available for
each feature varies, not every feature uses allthese three methods.

The certral 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 101. As shownbelow, 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

Eonhgure QuUIo* answWer.+ I
MAC > .cfge Parameter::

Eccour\t,x.outo_ar\swer- ]—— Parameter name

Central

P
P

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

File) 'Fy0000000000xx>,dg~ | "
ar

features.auto_onswer_delay:

Provisioning Configure-auto-answer.s

method
Navigateto:
WebUserinterface: ttp://<phonelPAddress>/serviet?m
d_data&p= t-basic&q=1 = 2
moc.aaiap=accountbasic®a=! I=Navigation URL
ad&acc =0+ p
["huncb'w- Interf ]_ Configure: auto-answer.«

Manual provisioning method
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Configuration Parameter Table Format

Note

The following configuration parameter table describes the parameter that you can configure to

make the feature (for example, auto answer)work.

Parameter name Permitted parameter value
Default
[account.X.auto_answer- | @—- Parameter
value

Description:

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

0 bled

led Meaning of the parameter value

Ifitis'set to-1-(Enabled), the IP-phone can-automatically- answer an-incoming-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)-

Note: The IP-phone cannot-automatically-answer the-incoming-call-during-a- call-or-while: Important

[dialinq even if- 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

Sometimes you will see the words] Ref er t o t he findhe Peomitied\@lues 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 ametdeanablethaduto answerfeafuréddz tp Gidable the auto

answer feature.

Note that some parameters described in this guide contain one or more variables (for example,
X orY). But the variables in the parameters describedn 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
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and 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.cfqg file and then configure it as required (for example,
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.addresg the MAC.cfg file and configure it as required (for
example, account.1.sip_server.1l.address= 10.2.1.49.

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. .sip_sexvex.l.addressl—

1
1
1
1
1
account.l.sip server.
1
1
1
1

account.l.sip zerver.l.port =
1.expires =
account.l.sip server.l.retry counts =
account.l.sip server.l.failback mode =
account.l.sip server.l.failback timeout =
1

account. Pararmeter Mame

.8ip server.l.register on enable =

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 ( for example, Account ->Basic->Auto

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

€ ) @ bp/[0.1020.17)servietp=account -basictiq=loadtwocc=0| @ 8 v € || Q Goagle <crivk» A 3 AP S h-O
- v § 4y
phonelPAddress " Navigation URL

Log Out

English(Engish) v

Yealink | 4sc

DSSkey Features Settings Directory Security

Register Account 1 NOTE
Proxy Require
Basic Anonymous Call
Local Anonymous off v It alows the calier to conceal
Codec the identity infol
Local Anonymous Rejection Off v displayed on the callee’s screen.
Advanced Send Anonymous Code Off Code v Anonymous Call
Rejects the anonymous cals
On Code automaticaly.
Off Code @ You can click here to get
more guides.
Send Anonymous Rejection Code Off Code v
On Code
Off Code
Missed Cal Log Enabled v
Auto Answer Enabled ¥ |+ Feature Field
Rng Type Common v
Confim | Concel |

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 98.

Method 3: Phone User Interface

You can configure features via phone user interface. Access tothe desired feature according to
the phone path (for example, 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 VolIP 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


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

Introduction

SIP provides capabilities to:

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

mapping, and call redirection.

Determine media capabilities of the target endpoint -- Via Session Description Protocol
(SDP), SIP determines t beevicgsbetweea 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 deperds

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 82, Guide Version 82.22

Make minor corrections.

Changes for Release 82, Guide Version 82.21

Xiv

Make minor corrections.
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Product Overview

This chapter contains the following information about IP phones:

SIP IP Phone Models

Expansion Modules

SIP IP Phone Models

This section introduces SIRT54S,SIRT52S,SIRT48GS, SIRT46G S, SIRT42GS, SIRT41RS,
SIRT40RG, SIRT29G,SIRT27RG, SIRT23P/G, SIRT21(P) E2and SIRT19(P) EAP 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, andother 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 excellent voice quality. The high-resolution graphic display supplies
content in multiple languages for system status, call log and directory access. IPphones also
support advanced functionalities, including LDAP, Busy Lamp Field Sever Redundancyand
Network Conference.

IP phones comply with the SIP standard RFC 326}, and they can only be used within a network

that supports this model of phone.

Expansion Module s

This sectionintroduces EXP2Q 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/IT46S
EXP0 SIRT549T52S

Expansionmodules enable you to handle large volume of calls on a regular basis and expand
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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.
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Getting Started

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

installation instructions of IP phones.
This chapter providesthe following sections:

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

Verifying Startup

What IP Phones Need to Meet

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

A working IP network is established.

VolP 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 the same packebased
technology . Some phones (for example, SIRT48G) 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.
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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:

Remote |
Application,

Server po 3
Remote i N \
Boot ‘ | J U PSTNs. )
Server N \ j
(/' Internet \"d\
b y S’
A ./‘"'/ - 2
Firewall
/ Boot Server
SRR Media
= Server
=
=

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

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

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 wih
the DHCP request for its network settings (if using DHCP).For more information on VLAN, refer
to VLAN on page 37.

Querying the DHCP (Dynamic Host Configuration Protocol)  Server

The IP phone is capable of querying a DHCP server. DHCP is enablezh the IP phone by default.
The following network parameters can beobtained from the DHCP server during initialization:
IP Address
Subnet Mask
Default Gateway
Primary DNS(Domain Name Sener)
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 Manuallyon page 18.
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 89.

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 111.

Downloading the resource files

In addition to configuration file(s), the IP phone may require resource files before it can deliver



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

service. These resource fis are optional, but if some particular features are being deployed,
these files are required.

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

For more information on resource files, refer to ResourceFileson page 103.

Verifying Startup

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.

3.  The main LCD screerdisplays the following:

Time and date
Soft key labels

4. Press theOK/S key or pressMenu ->Status to check the IP phone status, the LCD screen
displaysthe valid IP address, MAC addressfirmware version, and so on.

If the IP phone has successfully passe 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

Yealink IPphones operate on an Ethernet local area network (LAN) orwireless network. Local
area network design which varies by organization and Yealink IP phores 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)

802.1X Authentication
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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.

Central Provisioning
<MAC>.cfg
(Configuration File)

Configure DHCP on the IP phone.

Parameter:

static.network.internet_port.type

Web User Interface

Configure DHCP on the IP phone.

Navigate to:

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

Description :

Configures the Internet port type for IPv4.
0-DHCP

2-Static IP Address

Note:l t wor ks only if

change take effect.
Web User Interface:
Network->Basic>IPv4 Config

Phone User Interface:

t h statiwnael tuneo rokf. it ph_ea dodarr easn

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

(IPv4) or 2 (IPv4& IPv6). If you change this parameter, the IP phone will reboot to make the
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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

Account

Basic

PC Port

Internet Port

Mode(IPv4/IPv6)

1Pv4 Config
NAT

®  DHCP 0

Advanced

WiFi

Static IP Address
1P Address

Subnet Mask

Network

@

Pvd @

—
—

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. PressOK to reboot the

Static DNS

phone.

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

Procedure

Static DNScan be configured using the following methods.

fg

<y0000000000xx%.c

Parameter :

Configure the static DNS feature.

static.network.static_dns_enable

Central Provisioning

(Configuration File s)

<MAC>.cfg

Parameters:

Configure static DNS address.

static.network.primary_dns

static.network.secondary_dns

Web User Interface

Navigate to:

Configure the static DNS feature.

Configure static DNS address.

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, the IP phone will use the IPv4 DNSobtained from DHCP.
1-0On, the IP phone will use manually configured static IPv4 DNS.

Note:l t wor ks only i f t hetatiwrad tuveo roki. itrhtee rpmae ta_f
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

Description :
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Parameter s Permitted Values Default

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

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

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

Log Out |
- English(English) ¥
Yealink | vas R
Account Directory
Basic Internet Port NOTE
Mode(IPv4/IPv6) Pvd v 0
PC Port DHCP
IPv4 Config DHCP (Dynamic Host
Configuration Protocol) is a
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 manualy.
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.

Enter the desired value in the Pri.DNS and Sec.DNS field respectively.

o > WD

Press theSave soft key to accept the change.

11
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A dialog box pops up to prompt that the settings will take effect after a reboot.

6. PressOK 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 field 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 phonesbroadcast

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 clientgs 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 )
client@gs 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.
Host Name 12 Specify the name of the client.
] Specify the domain name that client should use
Domain Server 15 . )
when resolving hostnames viaDNS.
Network Time " Specify a list of NTP servers available to the client
Protocol Servers by IP address
Vendor-Specific ) o ]
) 43 Identify the vendor -specific information.
Information
Vendor Class .
- 60 Identify the vendor type.
Identifier
Identify a TFTP server when the 'sname' field in
TFTP Server Name 66 the 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


http://www.ietf.org/rfc/rfc2131.txt
http://www.ietf.org/rfc/rfc2132

Setting Up Your System

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

During the startup, the phone will automatically detect the custom option, option 66 or option
43 for obtaining the provisioning server address. The priority of obtaining the provisioning

server address is as followsrustom option ->option 66 (identify the TFTP serve) ->option 43.

The IP phonecan obtain the Auto Configuration Server (ACS)address by detecting option 43

during startup.

To obtain the server address viaDHCPoption, make sure the DHCP option is properly
configured on the phone. The option must be in accordance with the one defined in the DHCP

server.

Procedure

DHCPActive can be configured using the following methods.

Configure DHCPActive.
Parameter:

Central static.auto_provision.dhcp_option.enable
<y0000000000x»

.cfg

Provisioning Configure the custom DHCP option.

(Configuration File) Parameter:

static.auto_provision.dhcp_option.list_user_opt

ions

Configure DHCP Active.

Configure the custom DHCP option.

Web User Interface Navigate to:

http://<phonelPAddress>/servlet?p=settings -

autop&qg=load

Details of Configuration Parameter s:

Parameter s Permitted Values Default

static. auto_provision.dhcp_option.enable Oor1l 1

Description :

Triggers the DHCPActive feature to on or off.

13


http://www.ietf.org/rfc/rfc3925

Administrator @ Guide for SIRT2 SeriegT19(P) E2T4 SeriesT5 SeriesIP Phones

Parameter s Permitted Values Default

0-Off

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
Integer
static.auto_provision.dhcp_option.list_user_options from Blank
128 to 254
Description :

Configures the custom DHCP option for requesting provisioning server address.
Multiple options are separated by commas.

Note: 1t works only if the value of the parat
is setto 1 (On).

Web User Interface:

Settings->Auto Provision->Custom Option(128-254)

Phone User Interface:

None

To configure the DHCP Active feature via web user interface:

1.  Click on Settings ->Auto Provision .

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

Log Out

Yealink | s :

Account Network Features Settings Directory

Auto Provision
Preference NOTE
PNP Active @ on O off @
Time & Date - - Auto Provision
DHCP Active @ on © of @ The IP phone can interoperate
- ith provsioning server using
Call Displa !
play Custom Option(128~254) Q auto provisioning for deploying
the P phones.
Upgrade DHCP Option Value yealink Q@ P
= Server URL 0 ‘When the IP phone triggers to
Auto Provision perform auto provisioning, it wil
User Name request to download the

3. ClickConfirm to accept the change.
To configure the custom DHCP option via web user interface:

1. Click on Settings ->Auto Provision .

14
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2.

Enter the desired value in the Custom Option(128~254) field.

Yealink | e

Account Network

Auto Provision
Preference

Dsskey

Log Out

English(English) -

Features Settings Directory Security

NOTE

PNP Active @ on © off @
Time & Date _ _ Auto Provision
DHCP Active @ on © off 0 The IP phone can interoperate
- with provsioning server using
CRDRPEY Custom Option(128~254) 128 Q_I auto provisioning for deploying
- the IP phones.
Upgrade DHCP Option Value yealink 0

. Server URL
Auto Provision

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

b ®

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 ecify a list of NTP servers aailable to the client by IP address NTP
servers should be listed in order of preference. DHCP option 2 is used to pecify the offset of the
c | i sesmbhedin seconds from Coordinated Universal Time (UTC).

To update time with the offset time offered by t he 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 214.

DHCP Option 12 Hostname on the IP Phone

This option specifies the host name of the client. The nhame may or may not be qualified with the
local domain name (based on RFC 213). SeeRFC 1035for character restrictions.

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

15
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Details of Configuration Parameter

Parameter

Permitted Values

Default

static. network.dhcp_host_name

String within 99

characters

Refer to the

following content

Description :

Configures the DHCPOption 12 Hostname on the IP phone.

For SIP-T54S IP phones:
The default value is SIPT54S.
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 isSIRT42S.
For SIP-T41P IP phones:
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 SIPT29G.

For SIP-T27P IP phones:
The default value is SIPT27P.

For SIP-T27G IP phones:
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Parameter Permitted Values Default

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

The default value is SIPT23P.

For SIP-T23G IP phones:

The default value is SIRT23G.
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.

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

2. Enter the desired host name in the DHCP Hostname field.

Log Out ]
- English{English)
Yealink|we e
Account
Forward&DND General Information
Call Waiting Enabled
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 call.
Audio
- Auto Redial
Itercom Auto Redal Disabled ISVl e
y automatically redial a busy
Auto Redial Interval (1~300s) 10 number after the first attempt.
UEITEES Auto Redial Times (1~300) 10 Key As Send
pick up & Park . Q:;IQHE "#" or "*" as the send
: 5
) Hotline
Remote Control 1P phone will automatically dial
out the hotline number when
Phone Lock SEEELE e Enzbled EI lifting the handset, pressing the
DHCP Hostname SIP-T460 iz:akarphone key or the line
ACD :
Reboot in Taking Disabled [=] call Completion
SMS It allows users to monitor the
Hide Feature Access Codes Disabled El busy party and establish 3 call
when the busy party becomes
Action URL Display Method on Dialing User Name El avzizble to receive 3 call.
Power LED B T Disabled [=] You can click here to get
more guides.
Notification Popups

3. Click Confirm to accept the change.

17
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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
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.

18
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Details of Configuration Parameters:

Parameter s 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 hetatiwnael tuneo rokf. itph_ea dpdarreasn
(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

static. network.ip_address_mode 0,1lor2 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.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 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:
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Parameter s Permitted Values Default

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: 1t wor ks only i f t hestatiznael tuneo rokf. itph_ea dpdarreasn
(IPv4) or 2 (IPv4 & IPv6), andstaticn et wor k. i nt er net _(Static P Addiegs)e
If you change this parameter, the IP phone will reboot to make the change take effect.

Web User Interface:
Network->Basc->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:l1 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>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.
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Parameter s Permitted Values Default

Example:
static.network.primary_dns = 202.101.103.55

Note : It works only if the value ofthe p ar a metatemefwor k. i p_addr es
(IPvd)or2( Pv4 & | Btatiénet vaardk .Ji nt e risrset to 2 (Static P Addsess)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>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:l t wor ks only i f t hetatiznael tuweo rokf. itph_ea dpdarreasn
(IPvd)or2( Pv4 & | Btatiénet vaardk .ji nt e risrsettb 2 (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>Secondary DNS
Phone User Interface:

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

To configure the IP address mode via web user interface:

1. Click on Network ->Basic.

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

Log Out

English(English) v

Yealink | v

Account Network i Directory

Basic Internet Port NOTE

| Mode(IPvé4/IPvE) 1Pv4 & IPvE v 0 |

PC Port

DHCP
IPv4 Config DHCP (Dynamic Host
Configuration Protocol) is a
®  DHCP 0 network protocol used to

NAT
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.
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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, Subnet Ma sk, Default Gateway , Primary
and Secondary DNS fields.

DNS

Log Out |

English(English)

Yealink | v

Account Directory

v

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 P Address @) EEMHED D I peTe
Static IP Address
WiFi IP Address 192.168.1.20 Speciies the network
Subnet Mask 255.255.255.0 E;;umjﬁers G TS
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. PressOK to reboot the phone.
To configure a static IP v4 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. PressOK to reboot the phone.
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Configuring Transmission Methods of the Internet Port and PC

Port

Yealink IP phones support two Ethernet ports: Internet port and PC port. 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 Internet and PC ports on the IP phone by default.

Auto -negotiat e

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

Half -duplex

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

port for the IP phone to transmit in 10Mbps or 100Mbps.
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Full-duplex

Full-duplex transmission refers to transmitting voice or data in both directions at the same time;
this means one device can send data on the line while receiving data.You can configure the
full-duplex transmission on both Internet port and PC port for the IP phone to transmit in
10Mbps, 100Mbps or 1000Mbps (1000Mbps is only applicable to

SIRT548T525 T48G/T48S/TA6GT46S/T42G/TA2SITA0G/T29G/T27G/T23G IP phones)

/
~
Vi
V
Internet Port St
/
~
v
~
PC Port

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

Configure the transmission methods of the

Ethernet ports.
Web User Interface Navigate to :

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

k-adv&g=load
Details of Configuration Parameters:
Parameter s Permitted Values Default
static. network.internet_port.speed_duplex 0,1,2,3,40r5 0

Description :
Configures the transmission method of the Internet port.

0-Auto Negotiation

1-Full Duplex 10Mbps
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Parameter s Permitted Values Default

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/TA6GT46S/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 take 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 0

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

5-Full Duplex 1000Mbps (only applicable to

SIRT54ST52S/ T48G/T48S/TA6G@T46S/T42GIT42S/T40G/T29G/T27G/T23G IP phones)
Note : It works only if the value of the parameter jstatch et wor k. pc _gsettol e
(Auto Negotiation ). For

SIRT54ST52S/ T48G/T48S/TA46GT46S/T42GT42ST40G/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
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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) ¥

Yealink |

Account i Directory Security

T uor @ NOTE
Active Enabled A
PC Port VLAN
Packet Interval (1~3800s) It is used to logically divide a
physical network into several
LT COP © broadcast domains. VLAN
membership can be configured
Advanced Active Disabled v through software instead of
physically 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 NAT Traversal
It is a general term for
Priority 1] v techniques that establish and
maintain IP connections
PC Part 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 Enzbled A 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 Negotiation v It determines access protocol
and port of the IP 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 .

Configuring PC Port Mode

The PC port isused to connect a PC You can enable or disable the PC port on the IP phone.

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
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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 : 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.

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
NAT Confirm Cancel IPPc.phone 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.
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2. SelectDisabled from the pull -down list of PC Port Active .

Log Out
- English(English) v
Yealinklvse . 3 3
Account Network i Directory
Basic PC Port Active NOTE
PC Port Active Disabled @
PC Port PC Port Mode
The PC port on the back of the
o Confirm Cancel IP phone is used to connect a
PC.
Advanced You czn enable or disable the
PC (LAN) port.
7] 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 can configure 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 98.

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.

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 @ || Q Google <Ctrl+K> wBa ¥

LOg IN  Gigabit Color IP Phone SIP-T46G

Username admin
Password esses

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

hitps://10.10.20.24 c Goagle <Ctrl+k> B 4+ A& @ -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 HTTPS port.

Web User Interface Navigate to :

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

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 Oor1l 1
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Parameter s Permitted Values Default

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 web user 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 Oor1l 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.
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
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Parameter s Permitted Values Default

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:

1. 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

o > w DN

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

Loa Out

Yealink | vssc

Dsskey Features Settings Directory Security

Basic REL NOTE

Active Enabled (-]
PC Port VLAN
Packet Interval (1~36005) 60 Tt 5 used to logically divide a
physical natwork into several
NAT cop broadcast domains. VLAN
membership can be configured
" through software instead of
fetive Debled ZI 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 EI configuration->DHCP VLAN

VID (1-4094) 1 MNAT Traversal

It & 3 general term for
technigues that establsh 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 (1~68535)

R & Quality of Service (QoS)
It s the ability to provide
different priorities for different
= packets in the network,
HTTFS Port (1~65535) 443 allowing the transport of traffic
VN with special requirements.

HTTPS Enabled [=]

Active Enabled = Web Server Type
It determines access protocol

Browse... | and port of the IP phone’s web
Upload VPN Config z Upioad user interface
802.1X Authentication
= [ 1 It offers an authentication
[ Confim Cancel mechaniem for tha 10 nhone tn

6. ClickConfirm 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.
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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 e ffect after a reboot.

7. PressOK to reboot the phone.

Wi-Fi

Wi-Fi feature enablesuserstoc onnect their phones t onetivdtkkTher 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/T46GT46ST42S/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
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 properly connected to the USB port on
the back of the phone. You can check the WiFi dongle MAC address at the path:
Menu -> Status->Wi-Fi MAC (phone user interface) or Status-> Status->Network
Common ->Wi-Fi MAC (web user interface).

When you connect the Ethernet cable, you can enable the WiFi feature. But youhave 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.
Central Provisioning <y000000000(x>.C
Parameter:
(Configuration File) fg
static.wifi.enable
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Configure the Wi-Fi settings.
Parameters:
static.wifi.X.label
static.wifi.X.ssid
static.wifi.X.priority
static.wifi.X.security_mode
static.wifi.X.cipher_type
static.wifi.X.password
static.wifi.X.eap_type
static.wifi.X.eap_user_name
static.wifi.X.eap_password

static.wifi.show_scan_promp

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 Oor1l 0

Description :

Enables or disables the WiFifeature.
0-Disabled

1-Enabled

Note: It is only applicable to SIRT543T525 T48G/T48S/T46GT46S/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
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Parameter s Permitted Values Default

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 fl gemabled).It is
only applicable to SIP-T54S/T52S/T48G/T48S/T46G/T46ST42S/T41ST29GT27G IP phones.

Web User Interface:

Network->Wi-Fi->Profile Name

Phone User Interface:

Menu->Basic->Wi-Fi>Wi-Fi (On)}>Known Network (press Add)->Profile Name or

Menu->Basic->Wi-Fi>Wi-Fi (On)}>Known Network ->Option ->Edit->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 [l (Emabled).It is
only applicable to SIP-T54S/T52S/T48G/T48S/TA6G/T46ST42S/T41ST29GT27G IP phones.

Web User Interface:

Network->Wi-Fi>SSID

Phone User Interface:

Menu->Basic>Wi-Fi>Wi-Fi (On)>Known Network (press Add)->SSIDor

Menu->Basic->Wi-Fi>Wi-Fi (On)}>Known Network ->Option ->Edit->SSID

static. wifi.X.priority nt . L5 L
nteger from 1 to

(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 . dasrset to ll gElmabled).lt is
only applicable to SIP-T54ST52S/ T48G/T48S/T46G/T46SI42S/T41ST29GT27G IP phones.

Web User Interface:
Network->Wi-Fi>Change Priority
Phone User Interface:

Menu->Basic>Wi-Fi>Wi-Fi (On)>Known Network ->Option ->Move Up/Move Down

static. wifi.X.security_mode NONE, WEP, WPA-PSK
(X ranges from 1 to 5) WPA2-PSK WPA-EAP or

NONE




Setting Up Your System

Parameter s Permitted Values Default

WPA2-EAP

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 fl ¢emabled).It is
only applicable to SIP-T543T525/ T48G/T48S/T46G/T46SI42S/T41ST29GT27G IP phones.

Web User Interface:

Network->Wi-Fi->Secure Mode

Phone User Interface:

Menu->Basic->Wi-Fi>Wi-Fi (On)->Known Network (press Add)->Security Mode or

Menu->Basic->Wi-Fi>Wi-Fi (On)>Known Network ->Option ->Edit->Security Mode

static. wifi.X.cipher_type NONE, WEP, TKIP,AES

NONE
(X ranges from 1 to 5) or TKIP AES
Description :

Configures the encryption type of the wireless network X.

If the value of the parameterj st at i c. wi f i .ioGetto&ONEs thetpgrmitted d e [
value of this parameter is NONE.

If the value of the parameterj st at i c. wi f i .ioGetto&VER the persittech eadue [
of this parameter is WEP.

If the value of the parameterj st at i c. wi f i .ioGetso®tbenvalues,yhe mo d e [
permitted values of this parameter are TKIP, AES or TKIP AES

Note : It works only if the value of the parameter Jstaticwi f i . dsrset toll gEmabled. It is
only applicable to SIP-T54S/T52S/T48G/T48S/T46G/T46SI42S/T41ST29GT27G IP phones.

Web User Interface:

Network->Wi-Fi>Cipher Type

Phone User Interface:

Menu->Basic->Wi-Fi>Wi-Fi (On)->Known Network (press Add)->Cipher Typeor

Menu->Basic->Wi-Fi>Wi-Fi (On)}>Known Network ->Option ->Edit->Cipher Type

static. wifi.X.password String within 64
Blank
(X ranges from 1 to 5) characters
Description :
Configures the password of the wireless network X.
Note : It works only if the value of the parameter jstaticwi f i . dasrset to [l gEmabled) and

Jstaticwi f i . X. s e ciusetitotWEP, WiBAdRSRZAr WPA2-PSK It is only applicable to
SIRT54S/T52S/T48G/T48S/ITA6G/TA6ST42S/TA41ST29GT27G IP phones
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Parameter s Permitted Values Default

Web User Interface:

Network->Wi-Fi>PSK

Phone User Interface:

Menu->Basic->Wi-Fi>Wi-Fi (On)->Known Network (press Add)->WPA Shared Keyor
Menu->Basic->Wi-Fi>Wi-Fi (On)}>Known Network ->Option ->Edit->WPA Shared Key

static. wifi. X.eap_type
TTLS PEAPor TLS Blank
(X ranges from 1 to 5)

Description :
Configures the EAPauthentication mode of the wireless network X.

Note : It works only if the value of the parameter] st at i ¢ . usisdtio 1 Emabldd)are D
Jstatic.wifi.X.security_modeDi& set to WPA-EAP or WPA2-EARP. It is only applicable to
SIRT54S/T52S/T48G/T48S/ITA6G/T46ST42S/T41ST29GT27G IP phones.

Web User Interface:
None
Phone User Interface:

None

static. wifi. X.eap_user_name String within 32
Blank

(X ranges from 1 to 5) characters

Description :
Configures the EAP authenticationusername of the wireless network X.

Note : It works only if the value of the parameter ] st at i c . Jsisdttio 1l @mabldd) e D
Jstatic. wi f i .igsetsodVPA-EAPOryWPAPoERNR dDd the value of the
parameter] st atX @.awi_fsisepteTDEZSor PEAP. It is only applicable to
SIRT54S/T52S/T48G/T48S/ITA46G/TA6ST42S/T41ST29GT27G IP phones.

Web User Interface:

Network->Wi-Fi>User Name

Phone User Interface:

Menu->Basic->Wi-Fi>Wi-Fi (On)->Known Network (press Add)->User Name or

Menu->Basic->Wi-Fi>Wi-Fi (On)}>Known Network ->Option ->Edit->User Name

static. wifi. X.eap_password String within 64
Blank

(X ranges from 1 to 5) characters

Description :

Configures the EAP authenticationpassword of the wireless network X.
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Parameter s Permitted Values Default

Note : It works only if the value of the parameterj] st at i c . usisdtio 1 @mhbldd) ardD
Jstatic. wi fi .iscetsodVPA-EAPDOryWPAReERAR D5 only applicable to
SIRT54S/T52S/T48G/T48S/TA6G/TA6ST42S/TA41ST29GT27G IP phones.

Web User Interface:

Network->Wi-Fi>PSK

Phone User Interface:

Menu->Basic->Wi-Fi>Wi-Fi (On)->Known Network (press Add)>WPA Shared Keyor

Menu->Basic->Wi-Fi>Wi-Fi (On)>Known Network ->Option ->Edit->WPA Shared Key

static .wifi.show_scan_prompt Oorl 1

Description :

Enables or disable the IP phone to display the WiFi scanning prompt after connecting Wi-Fi
USB dongle WF40to the IP phone.

0-Disabled, the IP phone will enable the Wi-Fi feature andtry to connect to the known
wireless network (according to the priority ) automatically. But if the IP phone fails to connect
to any known wireless network, the IP phone will still display the Wi-Fi scanning prompt
when connecting WF40 to the IP phone.

1-Enabled

Note : It is only applicable to SIP-T54S/T52S/T48G/T48S/T46G/T46ST42S/T41ST29GT27G
IP phones.

Web User Interface:
None
Phone User Interface:

None

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 | ses

Status Account

Basic [wi-ri actve Enabled - e NOTE

PC Port

Wi-Fi

Wi-Fi s a popular wireless
AT Testfor2 Testfor2 WPA2 PSK AES B e e T

uses radio waves to provide

wireless high-speed Intermnet
Advanced and network connections. You
can activate/deactivate the
WiFi moede on the 1P phone,
and then connect your phone
to the desired wireless network.

Wi-Fi

3. Click Confirm to accept the change.
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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.

L

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 .

2) Enter the desired password in the PSKfield.

- If you select WPA-EAP or WPA2-EAP.

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

2)  Enter the desired usernamein the User Name field.

3) Enter the desired password in the PSKfield.

Log Out

Yealink | s

Account Dsskey Features Settings Directory Security

Basic Wi-Fi Active Enabled - @ NOTE

pcport =TT -

Wi-Fi is 2 popular wireless

NAT networking technology that
uses radio waves to provide
wireless high-speed Internet
and network connections. You
can activate/deactivate the Wi-
Wi-Fi Fi mode on the IP phone, and

then connect your phone to

the desired wireless network.

Advanced

Change Priority You can click here to get
more guides.
Profile Name Test (7]
s Test (7]
Secure Mode WPA2 EAP - @
Cipher Type AES - 0
User Name Testl (7]
PSK  sessss (7]
Add Ede

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

etk (1] or (]
Log Out
:
Yealink | _ ) )
NOTE
. = 2 o : Wi
Testfor2 Testfor2 WPAZ PSK AES ) R S coubaweless
NAT 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 1P phone,
and then connect your phone
to the desired wireless network.
SiEigEianE You can click here to 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.

3. Pressthe Save soft key.

The IP phone scans the availablewireless network automatically.

To add a wireless network:

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

p 0N

Activate the Wi-Fi mode.
Press@ or@ to highlight Known Network (s), and then press the Add soft key.

Use the WLAN settings obtained from your gateway/router to configure this WLAN Profile

on the IP phone. Do the following:

a)

b)

c)

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.
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.
If you select WPA-EAP or WPA2-EAP from 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, SSID usernameand WPA shared key in the corresponding
fields.

5. Pressthe Save soft key to accept the change.
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VLAN (Virtual Local Area Network) & 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. Grouping devices with a common set of
requirements regardless of their physical location can greatly simplify network design. VLANs

can address issues seh as scalability, security 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 VLAN ID. 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 automatic 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 file .

Configure the VLAN assignment

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

static.network.vlan.vlan_change.enable

Details of Configuration Parameter

Parameter Permitted Values Default

static. network.vlan.vlan_change.enable Oorl 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 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.



http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage
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Parameter Permitted Values Default

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

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 periodicalladvertise 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.

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-adv&q=load

Phone User Interface Configure LLDP feature.
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Details of Configuration Parameters:

Parameter s Permitted Values Default

static. network.lldp.enable Ooril 1

Description :

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

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 jstatic.network.lldp.enableDig set to 1
(Enabled).If you change this parameter, the IP phone will reboot to make the change take
effect.

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:

Click on Network ->Advanced .

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

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

Log Out

Yealink |
T46G

Account Network Directory

Active Enabled hd
PC Port VLAN
Packet Interval (1~3600s) 60 It is used to logically divide a
physical network 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. PressOK to reboot the phone.

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.

If the CDP feature is enabled on IP phones, the IP phonewill periodically advertise their own
information to the directly connected CDRenabled switch. The IP phones can also receive CDP
packets from the connected switch. If the VLAN configurations on the IP phones are different
from the ones sent by the switch, the IP phones will perform an update and reboot. This allows
you to plug the IP phonesinto 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
(Configuration File) static.network.cdp.enable

static.network.cdp.packet_interval

Web User Interface Configure CDP feature.
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Navigate to :

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

Phone User Interface Configure CDP feature.

Details of Configuration Parameters:

Parameter s Permitted Values Default

static. network. cdp.enable Oorl 1

Description :

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

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->CDPR>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 jstatic.network.cdp.enableDig set to 1
(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>CDPInterval

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 .
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3. Enter the desired time interval in the Packet Interval (1~3600s) field.
LogOut
- English(English) ¥
Yealink | s . . : :
Account Network Directory
= LLDP
T (2] 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
bership can be configured
Advanced Active Enabled v through software instead of
phvsialh_r relocating devices or
e Packet Interval (1-3600s) 60 connections.
The priority of VLAN assignment
Vi @ method (from highest to

4.

5.

Click Confirm 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 CDP feature via phone user interface:

1.
2.

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

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

Enter the priority value (1-3600s) in the CDP Interval 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.

PressOK to reboot the phone.

Manual Configuration for VLAN in the Wired Network

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

port manually. Before configuring VLAN on the IP phone, you need to obtain the VLAN ID from

your network administrator.

Procedure

VLAN can be configured using the following methods.

Parameters:
Central static.network.vlan.internet_port_enable
L <y0000000000xx> . . .
Provisioning static.network.vlan.internet_port_vid
.cfg
(Configuration File) static.network.vlan.internet_port_priority

Configure VLAN for the Internet port and PC
port manually.

static.network.vlan.pc_port_enable
static.network.vlan.pc_port_vid

static.network.vlan.pc_port_priority
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Configure VLAN for the Internet port and PC
port manually.

Web User Interface Navigate to :

http://<phonelPAddress>/serviet?p=network
-adv&g=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 1
4094
Description :

Configures VLAN IDfor the Internet port.

Note: It works only if the value of the parameter Jstatic.network.vlan.internet_port_enableDZ
is set to 1 (Enabled).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
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Parameter s Permitted Values Default

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

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

Note: It works only if the value of the parameter ] static.network.vlan.internet_port_enableDZ
is set to 1 (Enabled).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 works only if the value of the parameter jstaticn et wor k. pc _ jigsettd 1
(Auto Negotiation ). 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

. ) Integer from 1 to
static. network.vlan.pc_port_vid 1
4094

Description :
Configures VLAN IDfor the PCport.

Note: It works only if the value of the parameter Jstaticn et wor k. pc _ igsettd 1
(Auto Negotiation ) and the value of the parameter j static.network.vlan.pc_port_enableDid
set to 1 (Enabled) 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)
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Parameter s Permitted Values Default

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 works only if the value of the parameter Jstaticn et wor k. pc _igsettd 1
(Auto Negotiation ) and the value of the parameter J static.network.vlan.pc_port_enableDid
set to 1 (Enabled) 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 .
In the WAN Port block, select the desired value from the pull-down list of Active .

Enter the VLAN ID in theVID (1-4094) field.

P wD

Select the desired value (G7) from the pull-down list of Priority .

Log Out |
English(English) v

Yealink | v

Account Network Directory

LLDP
Basic 17} NOTE

Active Enabled hd
PC Port VLAN
PacketInterval (1~3600s) 60 It is used to logically divide a
physical network into several
LT coP @ broadcast domains. VLAN
membership can be configured
Advanced Active Disabled v through software instead of
physically relocating devices or
e Packet Interval (1-3600s) 60 cannections.
The priority of VLAN assignment
T 0 method (from highest to

. lowest) :LLDP/CDP->manual
pRAECE Active Enabled v configuration->DHCP VLAN

VID (1-4094) 1 NAT Traversal

It is 2 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

5. ClickConfirm 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.
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To configure VLAN for PC port via web user interface:

=

Click on Network ->Advanced .

2 In the PCPort block, select the desired value from the pull-down list of Active .
3.  Enter the VLAN IDin the VID (1-4094) field.
4

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

LogOut |
English(English) M

Yealink|wes

Account Network Directory
Basic Lor @ NOTE
Active Enabled v
PC Port VLAN
Packet Interval (1~3600s) 60 It is used to logically divide a
physical netwaork into several
LT 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
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 Enzbled v traversing MAT gateways. STUM
is one of the NAT traversal
VID (14004) 1 technigues.
) You can configure NAT traversal
Priority 0 T for the 1P phone.

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 Internet port (or PC port)  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
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 will take effect after a reboot.

5. PressOK to reboot the phone.

DHCP VLAN

IP phones support VLAN discovery via DHCP. When the VLANMIiscovery 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 cancustomize the DHCP option used to request the
VLAN ID.
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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 VLAN discovery
Phone User Interface

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

50



Setting Up Your System

Parameter s Permitted Values Default

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|wes

Account Network 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 v 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.
Priority a - You can configure NAT traversal

for the 1P phone.

DHCP VLAN Active Enabled v 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.
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. PressOK to reboot the phone.
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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 theInternet. 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.IPv uses a 32-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, 2026:1234:1:1:215:65ffelf:caa

VolIP network based on IPv6 can provideend-to-end security capabilities, enhanced Quality of
Service (Qo0S), a set of service 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 or by 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 (for example,

DNS server) for the IP phonecan be statically configured by an administrator.

Stateless Address Autoconfiguration (SLAAC)YICMPv6: 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 SLAAG the IP phone must be connected to a network with at least one
IPv6 router connected. This router is configured by the network administrator and sends
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 (DHCPvV6) has been

standardized by the IETF through RFG3315. DHCPV6 enables DHCP servers to pass

configuratio n 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 is a stat
Autoconfig u r a t RF@ @4BY%, gnd can be used separately or concurrently with the latter

to obtain configuration parameters.
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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 and other network
settings via DHCPvV6

Enabled Disabled

If the SLAAC server is workingthe server can specify the IP
phone to obtain the IPv6 address and other network settings
either from DHCPVv6 or SLAAC.

Enabled Enabled
If the SLAAC server is not working,the IP phone will try to
obtain the IPv6 address and other network settings via
DHCPv6
Procedure

IPv6 can be configured using the following methods.

Configure the IPv6 address assignment
method.

Parameters:
static.network.ip_address_mode
static.network.ipv6_internet_port.type
static.network.ipv6_internet_port.ip
<MAC> .cfg static.network.ipv6_prefix
static.network.ipv6_internet_port.gateway

Central Provisioning

(Configuration File s) static.network.ipv6_icmp_v6.enable

Configure the IPv6 static DNS address.
Parameters:
static.network.ipv6_primary_dns

static.network.ipv6_secondary_dns

Configure the IPv6 static DNS.

<y0000000000xx>.cf
Parameter:
g
static.network.ipv6_static_dns_enable
Configure the IPv6 address assignment
Web User Interface method.

Configure the IPv6 static DNS address.
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Configure the IPv6 static DNS.
Navigate to :

http://<phonelPAddress>/serviet?p=net
work&q=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 0,1lor2 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

Description :

Configures the Internet port type for IPv6.

0-DHCP

1-Static IP Address

Note: 1t wor ks only i f t hetatiemad tuveo rokf. it ph_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:
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Permitted
Parameter s Default
Values

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

static. network.ipv6_static_dns_enable Oorl 0

Description :

Triggers the static IPv6 DNS feature to on or off.
0-Off, the IP phone will use the IPv6 DNS obtainedfrom DHCP.
1-On, the IP phone will use manually configured static IPv6 DNS.

Note: 1 't wor ks only i f t hetatiwrad tuveo rokf. itphve6 piarrrta
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->IPv6->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: 1t wor ks only i f t hetatiwmad tuveo roki. it ph_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>IP Address

Phone User Interface:

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

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

Description :

Configures the IPv6 prefix.
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Permitted
Parameter s Default
Values
Note: 1t wor ks only i f t hetatiwmad tuveo roki. 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: 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>Default Gateway

Phone User Interface:

Menu->Advanced (default password: admin) ->Network ->WAN Port->IPv6->Type (Static
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:¢c3c7: 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). In DHCP environment, you also need to make sure thvalue of
the parameter "static.network.ipv6_static_dns_enable" is set to 1 (On).flyou change this

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

Web User Interface:
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Permitted
Parameter s Default
Values

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->|Pv6->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 sa 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

static. network.ipv6_icmp_v6.enable Oor1l 1

Description :

Enables or disables the IP phone to obtain IPv6 network settingsvia SLAAC $tateless
Address Autoconfiguration) method.

0-Disabled
1-Enabled

Note : It works only if the value of the parameter jstatcn et wor k. i pv 6 _i nig
set to 0 (DHCP).If you change this parameter, the IP phone will reboot to make the change
take effect. It is only applicable to SIRT543T52S T48G/T48S/T46GT46S/T29GIP phones.

SLAAC is enabled onSIR T42G/T42S/T41P/T41S/TA0P/T40G/T27P/T27G/T23PT23G/T21(P)
E2/T19(P) EAP phones by default. You are not allowed to configure this parameter for

these IP phones.
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Permitted
Parameter s Default
Values

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) .

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

mece Internet Port NOTE
Mode(IPvd/TPvE) 1Pv4 & TPv6 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 @) parameters to IP phones.
l— Static IP Address
WiFi IP Address Specifies the network
it f IP phi
susnit sk —— e
Defauft Gateway PPPoOE
It allows users to share a
Static DNS on ® off @ common DSL connection to the
Internet.
Primary DNS
Secondary DNS IPv6 Support
1Pv6 is developed to deal with
1Pv6 Config the long-anticipated problem of
IPv4 address exhaustion.
DHCP @
You can click here to get
® Static IP Address 0 more guides.
IP Address 2026:1234:1:1:215:65fT: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: 1154472
Secondary DNS 2026:1234:1:1:c3c7:cllc:5
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- (Optional.) If you mark the DHCP radio box, you can configure the static DNS address
in the corresponding fields.

Log Out
English(English) M

Yealink | vss

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
l— Static IP Address
WiFi [P Address Specifies the network
parameters of IP phones
Subnet Mask mrenuzly.
Default Gateway PPPOE
It allows users to share a
Static DNS on @ off @@ common DSL connection to the
Internet.
Primary DNS
Secondary DNS IPv6 Support
Pv6 is developed to deal with
1Pv6 Config the long-anticipated problem of

1Pv4 address exhaustion.

® DHEP @
You can click here to get

Static IP Address e more guides.
1P Address lm
Pv6 Prefx(o~128)  [e2
Default Gateway lm

IPv6 Static DNS ® On off 0
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 areboot.

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

1. Click on Network ->Advanced .
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2. Inthe ICMPvV6 Status block, select the desired value from the pull-down list of Active .

Loa Out

Yealink | vsc

Basic Loe NOTE
Adlive Enabled =]

gI

PC Port Packet Interval (1~3600s) 60 ¥t s used to logically divide a

coe physical netwark into several
NAT broadcast domains. VLAN
- - membership can be configured
Ae Dabled E‘ through software instead of
Advanced Packet Interval (1-3600s) 60 physically relocating devices or
connections.

WiFi . The priorty of VLAN assignment
= method (from highest to
~ lowest) :LLDP/CDP->manual
Voice QoS configuration->DHCP VLAN

Vaice QoS (0~63) 46 MAT Traversal
Tt s a general term for
SIP Qo5 (0~63) 26 techniques that estabish and
maintain IP connections
Local RTP Port
e or traversng NAT gateways. STUN

& one of the NAT traversal

Max RTP Port (1~65535) 12780 echnigues
Min RTP Port (1~65535] 11780
" =i ; You can configure NAT traversal
Span to PC for the IP phone.
Span fo PC Part Enabled = Quality of Service (QoS)
It & the zbility to provide
different priorities for different
CHPve Status @) packets in the network,
. allowing the transport of traffic
ey Enabled [] with special requirements,
VPH
Web Server
Active Enabled El It determinas access protocol
I and portg the IP phone's web
Upload WP Canfig b = user interface
Unload
802.1X Authentication
R - ; It offers an authentication
[_confim | |__Ccancel mprhaniem far the 1D nhane tn

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 me thod via phone user interface:

1. PressMenu->Advanced (default password: admin) ->Network ->WAN Port .
Press@ or @ to selectIPv4 & IPv6 or IPv6 from the IP Mode field.
Press@ or @ to highlight IPv6 and then press the Enter soft key.

P w DN

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.

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. PressOK 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 ->1Pv6.
Press@ or @ , or the Switch soft key to select the DHCP from the Type field.
Press@ or @ , or theSwitch soft key to select Enabled from the Static DNS field.

Enter the desired value in the Pri.DNS and SecDNS field respectively.

o > w DN

Press theSave soft key to accept the change.

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

6. PressOK 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 provides remote offices or

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

VPN Server
Switch

Internet
VPN Tunnel ()

~. Users offices

™ 8 8

- —

VPN Technology

IP phones support SSL VPN which provides remote-access VPN capabilities through SSL.
OpenVPN is a full featured SSL VPNoftware 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 phones use OpenVPN to achieve VPN feature.To prevent disclosure of private information ,
tunnel endpoints must authenticate each other before secure VPN tunnelis established. After
VPN feature is configured properly on the IP phone, the IP phone acts as a VPN client anduses
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. The related VPN files are:
certificates (ca.crt and 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/openvpn/keys/ca.crt
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VPN files Description Unified Directories
client.crt Client certificate Iconfig/lopenvpn/keys/client.crt
client.key Private key of the client /configlopenvpn/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 :

twork -adv&q=load

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

Phone User Interface Configure VPN feature.

Details of Configuration Parameters:

Parameter s Permitted Values Default

static. network.vpn_enable Oor1l 0

Description :

Enables or disablesOpenVPN 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
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



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

Permitted Values

Default

Description :

Example:

Web User Interface:

Phone User Interface:

None

Configures the access URIof the *.tar file for OpenVPN.

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

Network->Advanced->VPN->Upload VPN Config

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

1. Click on Network ->Advanced .

2. ClickBrowse to locate the TARfile from the local system.

3. ClickUpload to upload the TAR file.

Yealink | sss

Basic LLDP
PC Port
NAT CcDP
Advanced
WiFi VLAN
WAN Port
Web Server
VPN
[

Features Settings

Active Enabled zl
Packet Interval (1~3600s) 60
Active Disabled =]
Packet Interval (1~3600s) 60
Active Disabled 3
VID (1-4094) 1
HTTP Enabled =]
HTTP Port (1~85535) 80
HTTPS Enabled =]
HTTPS Port (1~65535) 443
Active Enabled [=]
| Browse... |
Upload VPN Config - .
Upkad
Confirm [ cancal

Loa Out

English(English) -

Directory Security

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 network,
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 £

The web user interface prompts the messagejImport config A DZ

4. Inthe VPN block, select the desired value from the pull -down list of Active .

5. ClickConfirm 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.
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To configur e 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.  PressOK 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
internal private ones. NAT ensuressecurity since each outgoing or incoming request must first

go through a translation process.

NAT Roter Server

Source:10.3.20. 14 Source: 162. 105. 178. 65
- T \\:

-——————— - r
Destination: 10, 3. 20. 14 Dest ination:162. 105. 1T8. 65 %

211.100.7.34
Intranet!Internet
» Packet from IF phone to Server NAT Table
Packet from Server to TP phons Way Before NAT After NAT
Qutbound 10.3.20.14 162.105.178.65
Inbound 162.105.178.65 10.3.20.14

NAT Types
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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 for example, iAddr: portl) to public network
will be sent through a public address for example, eAddr: port2). Packets coming from the
address of any server to eAddr: port2 will be forwarded back to the private address (for example,
iAddr: portl).
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Address Restricted Cone NAT

Restricted cone NAT works similar like full cone NAT. A public host (hAddr: any) can send
packets to iAddr: port1 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

In the VoIP 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
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 other party obtains the

phoneds public address. dfitheé scampdmuy s onettewarcle daoapl cy
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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 presence of a NAT and the type of NAT (for more information on the
NAT types, refer to NAT Typeson page 64) 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 serverysually located on
public Internet. The IP phone can be configured to act as a STUN client, to sendexploratory
STUN messages to the STUN server. ThETUNserver 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?

'

-

AT IP:59.61.92.59
Port:19232
Private IP/port:
192.168.1.6:3478

-
-

RTP 1o 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 Protacal Length Info

8,10 0, /4 STUN B1nding Reque
STUN 98 Binding Success Response MAPPED-ADDRESS: 59.61.92.59:19232

447 18.711349 218.107.220.74 192.168.1.6

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 situationsthe host 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 relyon 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 cily since 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
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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 messageslf
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:
static.sip.nat_stun.enable
static.sip.nat_stun.server

static.sip.nat_stun.port

Configure manual NAT feature on a
phone basis.

Parameter s:

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

(Configuration File s) | fg static.network.static_nat.addr

Configure ICE feature.
Parameter:

static.ice.enable

Configure TURN feature and TURN server.
Parameters:

static.sip.nat_turn.enable
static.sip.nat_turn.server

static.sip.nat_turn.port

static.sip.nat_turn.username
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static.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 TURN server.

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.

Details of Configuration Parameters:

Parameter s

Permitted Values Default

static. sip.nat_stun.enable

Oor1l 0
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Parameter s Permitted Values Default

Description :

Enables or disablesthe STUN(Simple Traversal of UDP over NATskeature 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

S IP address or
static. sip.nat_stun.server ] Blank
domain name

Description :

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

Example:
sip.nat_stun.server= 218.107.220.201

Note: twor ks only if the \statcsiiep.ofatt het pra.reama
(Enabled).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

o Integer from 1024 to
static. 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: 1t wor ks only i f t hetatiesail pu.en aotf__ st thuen .peamr a
(Enabled).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 traversafor a specific account.
0-Disabled

1-STUN it works only if the value of the p ar a metatiesi . nat _st un. en
(Enabled)

2-Manual NAT, it works only i f tneteorkstatic ma.enableDZt ihg
to 1 (Enabled).

Web User Interface:

Account->Register->NAT

Phone User Interface:

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

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

static. network.static_nat.enable Oorl 0

Description :

Enables or disables themanual NAT 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
effect.

Web User Interface:

Network->NAT->Nat Manual ->Active
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Parameter s Permitted Values Default

Phone User Interface:

None

static. 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: |1t works only if tshktcnemvadksiadic mafenabldDE i 3 a
1 (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

static. ice.enable Oorl 0

Description :

Enables or disables thelCE(Interactive Connectivity Establishment)feature 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

static. 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




Setting Up Your System

Parameter s Permitted Values Default

effect.

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

None

o IP address or
static. 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 i f t hetatiwsail pu.en aotf _ tt thren .pearr aa
(Enabled).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
o Integer from 1 to
static. sip.nat_turn.port 3478
65535
Description :

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

Note: 1t wor ks only i f t hetatiesail pu.en aotf_ tt thren .pearr a
(Enabled).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)
Phone User Interface:

None

static. sip.nat_turn.username String Blank

Description :
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Parameter s Permitted Values Default

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

server.
Example:
sip.nat_turn.username = admin

Note: 1t wor ks only i f t hetativsail pu.en aotf_ tt thren .peamr a
(Enabled).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

static. 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 i f t hetatiwsail pu.en aotf _ tt thren .pearr aa
(Enabled).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:

None

. . 0, Integer from 1024
sip.tls_listen_port 5061
to 65535
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Parameter s Permitted Values Default

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

(X isthe account ID. For SIRT54S/TA8G/TA8S/TA6G/TA6S/T29GX=1-16; for SIP-T52S/T42G/T42S X=1-12;
for SIP-T41P/T41S/T27P/T27GX=1-6; for SIR T40P/TA0G/T23P/T23GX=1-3; for SIRT21(P) E2X=1-2; for
SIRT19(P) E2X=1.

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

1. Click on Network ->NAT.

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

3. Enter the IP address or the domain name of the STUN server in theSTUN Server field.
4. Enterthe port of the STUN server in the STUN Port (1024~65000) field.

Log Out
English(English) v

Yealinklwes

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.

Yealink | s

Network Dsskey Features Settings Directory Security
Register NOTE
Regeter Status Regutered
Basic Account Registration
Lne Actve Enadled > @ Registers account(s) for the P
one.
Codec Label 101 (7] i
Server Redundancy
Advanced Désphay Name 101 (2] It & often requrred in VoIP
deployments to ensure
Sl facos L @ continukty of phone service, for
User Name 101 events where the server needs
@ to be taken offine for
Password (7] mantenance, the server faks, or
the connection between the 1P
SIP Server 1 @ phone and the server fais.
Server Host 10.2.1.48 Port 5060 0 NAT Traversal
A general term for technigues
Transport uop - @ that establsh and mantan 1P
connections traversng NAT
Server Bxpres 3600 (2] gateways. STUN & one of the
Savrer Rty Cotnts 3 @ 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 (7]
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]
I NAT STUN - @
Confrm Gncel

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 o NOTE
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
play SIP Session Timer T4 (2.5~60s) 5 @ timers defined in RFC 3261.
Upgrade Timer T1 is an estimate of the
3 Local SIP Port Snen @ Round Trip Time (RTT) of
transactions between a SIP
Auto Provision VLSS 3061 L clent and SIP server.

o Timer T2 represents the

Cnnﬁguratmn 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.

PressOK 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&q=load&acc=0

Details of Configuration Parameters:

Parameter s Permitted Values Default

account.X.nat.udp_update_enable M 0,1,20r 3 1

Description :

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 a specific account.
0-Disabled, the IP phone will not send keep-alive packets.

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)

Web User Interface:
Account->Advanced->Keep Alive Type

Phone User Interface:

None
) Integer from 15 to
account.X.nat.udp_update_time A 30
2147483647
Description :

Configures the keep-alive interval (in seconds)for a specific account.

Example:

account.l.nat.udp_update_time= 30

Note : It works only if the value of the parameter] account . X. nat . uidgetta
1,2o0r3

Web User Interface:

Account->Advanced->Keep Alive Interval(Seconds)

Phone User Interface:

None

(11X isthe account ID. For SIRT54S/T48G/T48S/T46G/T46S/T29GX=1-16; for SIP-T52S/T42G/T42S X=1-12;
for SIP-T41P/T41S/T27P/T27GX=1-6; for SIRTA0P/T40G/T23P/T23GX=1-3; for SIP-T21(P) E2X=1-2; for
SIRT19(P) E2X=1.

To configure the type of keep -alive packets and keep -alive interval via web user interface:

1. Click on Account ->Advanced .

2. Select the desired account from the pull-down list of Account .

79



Administrator @ Guide for SIRT2 SeriegT19(P) E2T4 SeriesT5 SeriesIP Phones

Rport

80

3. Select the desired value from the pull -down list of Keep Alive Type .

4. Enter the keep-alive interval in the Keep Alive Interval(Seconds) field.

Log Out |
Account Dsskey Features Settings Directory Security

Keep Alive Type Default v

Yealink | v+

DTMF

It is the signal sent from the IP
phone to the network, which is
generated when pressing the 1P
phone’s keypad during a call.

Keep Alive Interval(Seconds) 30

Codec 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.

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 thetopm ost | Vi a DZ h e a d massagefHowevegthis eque st
behavior is not desirable when the client is behind a Network Address Translation (NAT) or

firewal.So a new parameter JrportbZfor the JViabDZ header

Rport described in RFC 3581 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.

Configure NAT Rport feature on a

Central Provisioning per-line basis.
<MAC> .cfg
(Configuration File) Parameter:

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 :

f
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Parameter Permitted Values Default

Enables or disables NAT Rport featurefor a specific account.
0-Disabled
1-Enabled

2-Enable Direct Process

Web User Interface:
Account->Advanced->RPort
Phone User Interface:

None

(X isthe account ID. For SIRT54S/TA8G/T48S/TA6G/TA6S/T29GX=1-16; for SIP-T52S/T42G/T42S X=1-12;
for SIRT41P/T41S/T27P/T27GX=1-6; for SIRT40P/T40G/T23P/T23GX=1-3; for SIRT21(P) E2X=1-2; for
SIRT19(P) E2X=1.

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 .

3. Select the desired value from the pull -down list of RPort.

Log Out
English(English) ¥

Yealink | vas

Account Network Dsskey Features Settings Directory Security

;
Register

Keep Alive Type Default v

NOTE

Basic DTMF
It is the signal sent from the IP
phone to the network, which is
| generated when pressing the IP
phone’s keypad during a call.

Keep Alive Interval(Seconds) 30

Codec | RPort Enabled v

Advanced Subscribe Period(Seconds) 1800

QOO OK

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 special 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
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Note

82

Shaping network traffic
Setting traffic priorities 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

low-loss, lowlatency, low-jitter and assured bandwidth service.

Assured Forwarding PHB -- defines a method by which BAs (Bandwidth Allocations) can
be given different forwarding assurances.

Default PHB -- specifies that a packet marked with a DSCP value 0f 000000Dgets the
traditional best effort service from a DS-compliant node..

VolP is extremely bandwidth and delay-sensitive. QoS is a major issue in VoIP 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 VolIP 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 41.
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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 . .
( 9 ) static.network.qos.audiotos

static.network.gqos.signaltos

Configure the DSCPs for voice
packets and SIP packets.

Web User Interface Navigate to :

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

Details of Configuration Parameters:

Parameter s Permitted Values Default

static. network.qos. audio tos 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)
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Parameter s Permitted Values Default

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.

3. Enterthe desired value in the SIP QoS (0~63) field.

Loag Out
Y '- k I English(English) -
ealink | rasc
Directory Security
Basic LEDS NOTE
Adtive Enabled
PC Port o ) VLAN
Packet Interval (1~3600s 60 Tt 5 used to logicaly divide 2
cpp physical network into several
NAT broadcast domains. VLAN
Aclive Disabled membership can be configured
" e k] through software instead of
Advanced Packet Interval (1~3600s) 60 physically refocating devices or
connactions.
WiFi - The priorty of VLAN assignment
H method (from highest to
~ lowest) :LLDP/CDP->manual
Voice QoS configuration->DHCP VLAN
WVoice QoS (0~63) 46 MAT Traversal
Tt 5 a general term for
SIP QoS (0~63) 6 technigues that estabish and
maintain IP connections
BRI traversng NAT gateways. STUN
e - is one of the NAT traversal
Max RTP Port (1~65535) 12780 achniguss.
Min RTP Port (1~65535] 11780
( ) You can configure NAT traversal
Span to PC for the IP phone.
Span fo PC Port Enabled =] Quality of Service (QoS)
It & 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 special requirements.
VPN
Web Server Type
Active Enabled El It determines access protocol
I and port of the IP phone’s web
Upload VPH Confia ) L = user interface
DIoa:
802.1X Authentication
——— ! It offers an authentication
[ confim | Cancel mprhaniem far the 1D nhane tn

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 hentication Server

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/MSCHAPV2 (requires 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 is 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.

Configure the 802.1X authentication.
Central Provisioning | <y0000000000xx>. | Parameters:
(Configuration File) cfg 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, 802.1x authentication is not required.
1-EARMDS

2-EARTLS

3-EARPEAPMSCHAPV2
4-EARTTLS/EAPMSCHAPV2

5-EARPEAP/GTC

6-EARTTLS/EAPGTC

7-EARFAST

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

Description :
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Parameter s Permitted Values Default

Configures the EAP InBand provisioning method for EAR-FAST

0-Unauthenticated Provisioning, EAP InBand provisioning is enabled by server
unauthenticated PAC (Protected Access Credential) provisioning using anonymous

Diffie-Hellman key excharge.

1-Authenticated Provisioning, EAP InBand provisioning is enabled by server authenticated

PAC provisioning using certificate based server authentication.

Note: 1 t wor ks only i f t hetatiwrad tuveo rokfi. & th2x_ Ipxa.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: ltworksonlyiftheval ue of t hstatcpmaet asmetke 802 _1x . m
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 Identity

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.
Example:
static.network.802_1x.identity = yealink

Note: 1t wor ks only i f t hetatiznael tuneo rokf. 8 Oh2e_ Ipxa.r na

3,4, 5, 6 or 7.If you change this parameter, the IP phone will reboot to make the change
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Parameter s Permitted Values Default

take effect.

Web User Interface:
Network->Advanced->802.1x->ldentity
Phone User Interface:

Menu->Advanced (default password: admin) ->Network->802.1x >ldentity

. 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: ltworksonlyiftheval ue of t hstatcpaet asmetke 802 _1x. m
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 hetatiznael tuveo rokf. 8 Oh2e_ Ipxa.r na
4, 5, 6 or 7.1f the authentication method is EAP-FAST, you also need to set the value of the
p ar a matatiemetwdrk.802_1x.eap fas _pr ovi si on_modeDZ t o 1
Provisioning). The format of the CA certificate must be *.pem, *.crt, *.cer or *.der.

Web User Interface:

Network->Advanced->802.1x->CA Certificates

Phone User Interface:

None

) ) URL within 511
static. network.802_1x.client_cert_url Blank
characters
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Web User Interface:

Phone User Interface:

None

Parameter s Permitted Values Default
Description :
Configures the access URL of the device certificate
Example:
static.network.802_1x.client_cert_url = http://192.168.1.10/client.pem
Note: 1t wor ks only i f t hetatiwmad tuveo roki. & Chds sdptar nma

(EARTLS. The format of the device certificate must be *.pem.

Network->Advanced->802.1x->Device Certificates

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.

Yealink | v

B LLDP
PC Port
NAT cop
Advanced
WiFi

802.1x

Account

Active Enabled ¥
Packet Interval (1~3600s) 60
Active Disabled 2
Packet Interval (1~3600s) 60

.

.

-
802.1x Mode EAP-MDS v

Provisioning Mode

Anonymous Identity

Unauthenticated Provisic

techniques.
Identity yealink
You can configure NAT traversal
MDS Password sssscsee for the IP phone.
I Browse... =
CA Certificates Quality of Service (QoS)
Upload It is the ability to provide
Hoaea different: priorities for different
Device Certificates packets in the network,
Upload allowing the transport of traffic
with special requirements.
Confirm Cancel e

Log Out

English(English) -

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 Traversal

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

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.
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3) Leave theMD5 Password field blank.

4) Inthe CA Certificate s field, click Browse to select the desired CA certificate

(*.pem, *.crt, *.cer or *.den 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.

Tog Out |

English(English) v

Yealink | s —

Status H Account } Network ’ Features H Settings ‘1 Directory ‘ Security “

LLDP NOTE

Active Enabled v
PC Port VLAN
Packet Interval (1~3600s) 60 It is used to logically divide a
physical network into several
broadcast domains. VLAN
membership can be configured
Advanced Active Disabled = through souf’tware mneaggof
physically relocating devices or
connections.

Basic

NAT CDP

Packet Interval (1~3600s) 60
WiFi

The priority of VLAN assignment
method (from highest to

% 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
You can configure NAT traversal

MDS Password sos0ssod: for the IP phone.

| Browse...

CA Certificates Quality of Service (QoS)
Upload It is the ability to provide

I Browse... different priorities for different
Device Certificates packets in the network,

allowing the transport of traffic
with special requirements.

Confirm Cancel Mioh Sarvar Tuna

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) Click Upload 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.
Log Out

Yealink | s

\‘ Status H Account Network

LLDP NOTE

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

Basic

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) Selectthe desired value from the pull-down list of Provisioning Mode

2) (Optional.) Enter the anonymous user name for authentication in the
Anonymous Identity field.

3) Enter the username for authentication in the Identity field.
4)  Enter the password for authentication in the MD5 Password field.

5) (Optional.) In the CA Certificate s field, click Browse to select the desired CA
certificate (*.pem, *.crt, *.cer or *.def) 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) 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.
b) If you select EAP-TLS

1) Enter the username for authentication in the Identity field.

2) Leave theMD5 Password field blank.
c) Ifyou 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 username 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. PressOK 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 Consider

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 97.

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 local area
network (LAN) or anywhere on the Internet. For more information, refer to Setting Up a
Provisioning Serveron page 108.

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 cannot obtain the address of a
provisioning server and has previously been configured with settings, it will use those

95



Administrator @ Guide for SIRT2 SeriegT19(P) E2T4 SeriesT5 SeriesIP Phones

previous settings.

Provisioning Methods

IP phones can be configured automatically through configurati on 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 using 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 o nForearsitfasnmatiop ondhts pacam@ar, refer te e
Configuration Parameters on page 122.

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 898.
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Central Provisioning

The following figure shows how the phone interoperates with provisioning server when you use

the centralized provisioning method:
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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 centrd 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 108. For more information on boot files, refer to Boot Files on page 99. For more

information on configuration files, refer to Configuration Files on page 101.

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 _SIP_IP_Phones AutBrovisioning Guide V81n addition 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 103.

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 102.

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 827, Backing up the Call
Log on page 308 and Backing up the Local Contack on page 332.

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 102. 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 tomanually 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
userar e husetD@asé sensitive).For more information on configuring passwords, refer to

Userand Administrator Passwords on page 791.

Thismethod enables you to perform configuration changes on a per-phone basis. Note that the
features configured via web user interface are 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 28.

Phone User Interface

98

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 791.

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 101.
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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i nclude: col®Rb2pekjontftipg:u/r/le/ account . cf gDz

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 (for example,

http:// 10.2.5.206configure/account.cfg ). The download path must point to a specific CFG
file. The sip.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 downloads 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.

Jjoverwrite_mode = 1DZmeans overwrite mode is enabl
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 file .

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, refer to
Yealink SIP_IP_Phones Auto Pravising 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 nhamed after the MAC address of the IP phone. MAC address, a
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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 00156574B150, the
name of the MAC-Oriented boot file is 00156574b150.boot (lowercase).

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 y000000000085.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
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IP Phone Model Common CFG file
SIRT27P y000000000045.cfg
SIRT27G y000000000069.cfg

SIRT23P/G y000000000044.cfg
SIP-T21(P) E2 y00000000062.cfg
SIP-T19(P) E2 y000000000063.cfg

MAC-Oriented CFG File

MAC-Oriented CFG file 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 (lowercase).

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

(lowercase).

Note After the provisioning priority mechanism is enabled (configured by the parameter
Jstatic.auto_provision. cust onaweh/ppaneuser iD@rface will |
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 122.

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 121.
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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 898.

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 857.

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 122.

Custom CFG File

You can create some new CFG filesf¢r example, sip.cfg, account.cfg)containing any
combination of configuration parameters. This especially useful when you want 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 SIPIP_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 feature 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 filesin 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 105.

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 857.
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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 can drectly 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 99.
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 102.
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 103.
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 228.
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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 232.

Keypad Input
Method Fle

ime.txt
Russian_ime.txt

Hebrew_ime.txt

Allow you to customize the existing input method on Yealink IP
phones. For more information, refer to Keypad Input Method
Customization on page 242.

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 269.
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 275.

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 253.

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
299.

Super Search

Template

super_search.xml

Allows you to customize the search source ist for your IP phone. For
more information, refer to Customizing a Super SearchTemplate File

on page 303.

Local Contact File

contact.xml

Allows you to add or modify multiple contacts at a time for your IP
phone. For more information, refer to Customizing a Local Contact Fle
on page 315.

Remote Phone Book
Template

Department.xml

Menu.xml

Allows you to add or modify multiple remote contacts for your IP
phone. For more information, refer to Customizing Remote Phone

Book Template Fileon page 512.

Screen Saver

Template

CustomScreenSaver.xml

Allows you to customize the XML items (for example, notifications,
company logo) which will be displayed on screen saver For more
information, refer to Customizing a Screen Saver XMLTemplate Fileon

page 153.
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To download template files:

1. Go to 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 IP phones

Server
Platform HTTP/HTTPS TFTRFTP
Support: ~ 1@ $" ()_ | Support: ~ 1 @$" ()
-,. "5 [1{} (including I %& =+
Windows space) (including space)
Not Support: | < >:" Not Support; |< > :"
IN*?2#% & = + I\*2?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 thefollowing sections:

Why Using a Provisioning Server?
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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, maintaining 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 fro m 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 SIP_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 827. 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 332.

Supported Provisioning Protocols

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.

Note 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.IP 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

following procedure as a recommendation if this is your first provisioning server setup. For more
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Note

information on how to set up a provisioning server, refer to
Yealink_SIP_IP_Phones_Auto_Provisioning_Guide_V81

To set up the pro visioning server:

=

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 110.

Typically all phones are configured with the same server account, but the server account 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

110

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 99

and Configuration Files on page 101.

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 per-phone <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 configuration files. For more
information on encrypting configuration files, refer to Encrypting and Decrypting Fileson page
814.

Note 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 ignored 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 dter startup.

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

DHCP: DHCP option can be used to provide the address or URL of the provisioning server
to IP phones. Whenthe IP phone requests an IP address using the DHCRrotocol , 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 usr interface or web user

interface.

For more information on the above methods, refer to
Yealink SIP_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.

111


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

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

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.X.x.X.rom 70.82.020.rom
(T5Sfirmware unified)
SIRTA48S/T46S/T42S/T41S
66.x.X.X.rom 66.82.020.rom
(T4S firmware unified)
SIRT48G 35.x.x.Xx.rom 35.82.020.rom
SIRT46G 28.X.x.Xx.rom 28.82.020.rom
SIRT42G 29.X.x.X.rom 29.82.020.rom
SIRT41P 36.x.X.X.rom 36.82.020.rom
SIP-T40P 54.x.x.x.rom 54.82.020.rom
SIP-T40G 76.X.X.X.rom 76.82.020.rom
SIRT29G 46.X.X.X.rom 46.82.020.rom
SIRT27P 45.x.x.X.rom 45.82.020.rom
SIRT27G 69.x.x.X.rom 69.82.020.rom
SIRT23P/G 44 x.X.x.rom 44.82.020.rom
SIP-T21(P) E2 52.x.x.x.rom 52.82.020.rom
SIRT19(P) E2 53.x.x.x.rom 53.82.020.rom
Note You can download the latest firmware online:

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

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

Upgrading Firmware 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.

Method of checking for configuration files is configurable .
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Procedure

Configuration changes can be performed using the followin g 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

static.auto_provision.inactivity_time_expire

Central

Provisioning <y0000000000xx>.cf static.auto_provision.weekly.begin_time
(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

static.auto_provision.prompt.enable

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

Details of Configuration Parameters:

Parameter s Permitted Values Default

static. auto_provision.power_on Oor1l 1
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Parameter s Permitted Values Default

Description :

Triggers the power on feature to on or off.

0-Off

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

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 tstkeicavualouerofi shenpae
to 1 (On).

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

None

static. auto_provision.weekly.enable Oorl 0

Description :
Triggers the weekly feature to on or off.

0-Off
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Parameter s Permitted Values Default

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 0 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.dayofweelD&very week.

If it is set to other values (for example, 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.dayofweekD@very three weeks.

Note: |1t works only if tstkkicavalbbuerovVishenpae
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
starting time conf i gtaticewdt dyprrtdwi piacra.med ek |
endingt i me configured slafcauhe_paoamsesfen. weekl

If it is set to other values (for example, 60), the IP phone will perform an auto provisioning
processonly 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
jstatcaut o_provision. weelkOny. enabl eDZis set t

Web User Interface:

Settings->Auto Provision->Inactivity Time Expire(0~120min)
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Parameter s Permitted Values Default

Phone User Interface:

None
. . L Time from 00:00 to
static. auto_provision.weekly.begin_time 00:00
23:59
Description :

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

process weekly.
Note : I't works only if tstkeicavalbuerofi shenpae
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 :

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

process weekly.
Note: |1t works only if tstkkicavalbuerovishenpae
to 1 (On).

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

Phone User Interface:

None
0,1,2,3,4,5,60ra
static. auto_provision.weekly.dayofweek combination of these 0123456
digits
Description :

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

weekly.
0-Sunday
1-Monday
2-Tuesday

3-Wednesday
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Parameter s Permitted Values Default

4-Thursday

5-Friday

6-Saturday

Example:
static.auto_provision.weekly.dayofweek =01

If the value of the parameter jstatic.auto_provision.weekly_upgrade_intervaDia 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_intervaDid set to other
value (for example, 3), t means the IP phone will perform an auto provisioning process by

randomly selecting a day from Sunday and Monday every three weeks

Note:lt wor ks only i f t hestalicealud e _fr otvh es i panr. avre
to 1 (On).

Web User Interface:
Settings->Auto Provision->Day of Week
Phone User Interface:

None

static. auto_provision.flexible.enable Oorl 0

Description :

Triggers the flexible feature to on or off.

0-Off

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 an ending

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
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.
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Parameter s Permitted Values Default

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 (for example, 18)
based on the phone's MAC address.

Note : I't works only if tstatcavabueroivishenpét
to 1 (On).

Web User Interface:
Settings->Auto Provision->Flexible Interval Days

Phone User Interface:

None
. - , 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 tstkeicavalbueroWishenpat
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 Blank
23:59
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. wthedkghone vidllgeform art autongdvidioning
process at the starting time.

If it is set to a specific value greater than starting time configured by the parameter
Jjstatcaut o_provision. weekl y.vilegformantautorpeoidgioningh e
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
Jjstatcaut o_provision. weekly. begin_t i mmdidionihgh e
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Parameter s Permitted Values Default

process at random between the starting time on that day and ending time in the next day.

Note : I't works only if tstkeicavalouerofvi shenpat
to 1 (On).

Web User Interface:

Settings->Auto Provision->Flexible Time

Phone User Interface:

None

static.auto_provision.prompt.enable Oor1l 0

Description :

Enables or disables the IP phone to prompt you for the configuration update and the result

(if any configuration changes) during auto provisioning.
0-Disabled
1-Enabled

Note: If the IP phone performs the auto provision when receiving a SIP NOTIFY message
whi ch contains t he-sk qthdlRphong VElMisptay the pcomm ¢ k
messageno matter whether the configuration is updated.

Web User | nterface:
None

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/ 28.82.020.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. Clickon 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 .
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3. ClickUpgrade.

Log Out

English(English) -

Yealink|vses

| 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 | Fi r mw a r S&P Phohe will beeupdated. It will take 5
minutes to complete. Pl ease don'.t power of f! DZ

4.  Click OK to confirm the upgrade.

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

Keeping User Personalized Settings after Auto Provisioning

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 (for example,

ring tones, wallpaper, dial plan, time format or DSS keys), after auto provisioning. These specific
scenarios are applicabk to YealinkIP phones. The following demonstrated specific scenarios are

taking SIP-T46GIP phones as example forreference.

Note Yealink IP phones support FTP, TFTP, HTTP and HTTPS protocols for uploading the
<MAC> -local.cfg file. This section takes the THP protocol as an example. Before performing the
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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Configuration Parameters
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The following table lists the configuration parameters used to determine the phone beha vior 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, <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).l f t he value of the parameter Joverwr
value of this parameter will be forced to set to 1 (Enabled).

Web User Interface:
None

Phone User Interface:

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
Note:l't wor ks only if the value of the paran
to 1 (Enabled). The upload/download path is configured by the parameter
Jstatic.auto_provision.custom.sync.pattDZ

Web User Interface:

None

Phone User Interface:

None

static .auto_provision.custom.sync.path URL Blank
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Parameter s Permitted Values Default

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 (Enabled).

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.

Scenario A Keep user personalized configuration settings

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 897.
Scenario Conditions:

SIRT46G IP phone curent firmware version: 28.82.0.10. This firmware supports keeping

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

124

SIRT46G IP phore target firmware version: 28.82.020. 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 operations:
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= 1

staticfirmware.url = tftp://192.168.1.211/28.82.020.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 SIP_IP_Phones _Auto_Provisioning Guide V81

During auto provisioning, the IP phone 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 y000000000@8.cfg, 001565770984.cfg and the

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

001565770984 local.cfg file are kept after auto provisioning.

When a user customizes feature configurations via web/phone user interface, the IPphone
will save the personalized configuration settings to the 001 565770984 local.cfg file on the

IP phone, and then upload this file to the provisioning server each time the file updates.

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.


ftp://10.2.88.133/
ftp://10.2.88.133/
http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage
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Note

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://192.168.1.211/28.82.020.rom

2. Trigger the IP phone to perform the auto provisioning process. For more information on
how to trigger auto provisioning process, refer to T7riggering the IP Phone to Perform the

Auto Provisioning section in Yealink SIP_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 y000000000028.cfg and 001565770984.cfg files in sequence, and
then updates configurations in the downloaded configuration files orderly to the IP phone
sy em. As the val ustatioalito_prévisiongustora.protettZr i § s 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.

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

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

If a configuration item is both in the <MAC> -local.cfg file on the IP phone and Common CFG
file/MAC-Oriented CFGfile 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.protectDig 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 Jstatic.auto_provision.custom.syndia.

Scenario B Clear user personalized configuration setting s

When the IP pho ne is given to a new user but many personalized configurations settings
of last user are saved on the phone; 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.
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Scenario Conditions:

SIRT46G IP phone MAC: 001565770984
The current firmware of the phone is 28.82.020 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.prot

If the value of the parameter] st at i c. auto_provision.custom. s
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 .

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 .
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2. ClickReset local settings .

Logout
Engish(Engish) _ +

Yealink | vssc

Account Features Settings Directory
Preference BULE
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 G 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 0 You can click here to get
5 more guides.
Dial Plan Reset userdata & local config Reset userdata & local config 0 L
Voice Reset to factory Reset to factory 0
Reboot P
Ring
Select And Upgrade Firmware ) \[ Browse... ] Mo file selected. |
Tones
Upgrade

The web user interface promptsjClear local.cfg settingsDZ
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 from the provisioning server and update the
configurations to the phone system. As there is no configuration in the

001565770984 local.cfg file, configurations in the y000000000028.cfg/001565770984.cfg
file will take effect. If there are no configuration files on the provisioning server, the IP
phone will be reset to factory defaults.

Note 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.

Scenario C Keep user personalized settings after factory reset

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

personalized settings of the phone after factory reset.
Scenario Conditions:

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 olacalcfg 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 after factory reset via phone or web user

interface.
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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?

Cancel

3.  Press theOK soft key.
The LCDscreen prompts JResetting to factory, pleasewaitA DZ

The LCDscreen prompts JWelcome InitializingAplease waitDZ
To reset the phone to factory via web user interface:

1. Clickon Settings ->Upgrade .

2. ClickReset to factory to reset the phone.

Log Out |
:
Yealink | s
Account Network Dsskey Features Settings 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 ¢
Reset Reboot
Upgrade Reboots the IP phone.
Reset to factol Reset to factol | =
Auto Provision " = o Upgrading Firmware
Reboot Reboot. e Upgrades firmware manually.
Configuration :
Select And Upgrade Firmware 0 ‘[ Browse... ] No file selected. | You can click here to get
o more guides.
o

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.syndba@nd

jstaticaut o_provision.custom. protectDZto R&cfgl

128


ftp://10.2.88.133/

Configuring Basic Features

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 oissetdailsthedPnphosey 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 nissetts 1, theperponatizedeconfigDztion
settings will be kept after auto provisioning. As a result, the personalizedconfiguration

settings of the phone are retrieved after factory 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 28.82.020 or later.

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 Jstatic.auto_provisic
the settings in the <MAC> -local.cfg file before importing it.

Scenario Operations:
To export local co nfiguration 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 | sss

Account Network Features Settings Directory

Preference Export Import Config No file selected. 0 NOTE
Time & Date e
1P phones can provide feedback
- i f forms such as log
Call Display DaNTiEyE s
Export CFG Configuration File Local Settings - 0 | :ﬁ;’sga;:eﬁhﬁt;snmﬂizﬂs
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 - Configuration File

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

1. Click on Settings ->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 | s

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

Call Display in 2 variety of forms such as log

Export CFG Configuration File Local Settings A 0 ::f;’sias:etihﬁt;sﬂmﬂﬁ?r:s
Upgrade administrator more easiy find
the system problem and fix it.
Auto Provision | Import CFG Configuration File Browse... | No file selectec [ Import ] 0 | - Log Fles
- - Capturing Packets
Configuration - Configuration File

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

saved to the phone flash and take effect.

Note | f the value of the parameter Jstatic.auto_ ¢
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 provides information for making configuration changes for the following basic
features:

Power Indicator LED
Notification Popups
Contrast

Wallpaper

Transparency
ScreenSaver

Power Saving

Backlight

Idle 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

Send Tone

KeyTone

Dial Plan
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Emergency Dialplan
Hotline

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
SIPSession Timer
Session Timer

Ignoring Incoming Calls
Call Hold

Call Forward

Call Transfer

Conference

Transfer on Conference HangUp
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TransferMode via Dsskey
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

CSTA Control

Quick Login

CFGFile Version Information Customization

Power Indicat or LED

Power indicator LED hdicates power status and phone status.

You can configure the power indicator LED light behavior in the following scenarios:

When the IP phone receives an incoming call

When the IP phone receives a voice mail or a text message
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When a call is muted.
When a call is placed on hold or is held.
When the IP phone is busy.

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 phone_setting.ring_power_led_flash_enable
Provisioning <y0000000000

phone_setting.mail_power_led_flash_enable
(Configuration xx>.cfg
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

Navigate to :
Web User Interface

http://<phonelPAddress>/servlet?p=features -powerl
ed&qg=load

Details of Configuration Parameters:

Permitted
Parameter s Default
Values
phone_setting.common_power_led_enable Oorl 0

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

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)

Web User Interface:
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Permitted
Parameter s Default
Values
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/T4A1P/ 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 (ower indicator LED fast flashes (300ms)yellow)
Web User Interface:

Features>Power LED>Ringing Power Light Flash

Phone User Interface:

None

phone_setting.mail_power_led_flash_enable Oor1l 1

Description :

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

or a text message.

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 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 works only if the value of the parameter Jaccount.X.display_mwi.enableDig set to 1
(Enabled).

Web User Interface:
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Permitted
Parameter s Default
Values
Features>Power LED>Voice/Text Mail Power Light Flash
Phone User Interface:
None
phone_setting.mute_power_led_flash_enable Oor1l 0
Description :

Enables or disables the power indicator LED to flash when a call is mutd.

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 (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)
Web User Interface:

Features>Power LED >Mute Power Light Flash

Phone User Interface:

None

phone_setting.hold_and_held_power_led_flash_enable Oorl 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/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 (500ms) red
For SIP-T19(P) E2 IP phones:

0-Disabled (power indicator LED does not flash)

1-Enabled (power indicator LED fast flashes (500ms)yellow)
Web User Interface:

Features>Power LED >Hold/Held Power Light Flash
Phone User Interface:

None
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Permitted
Parameter s Default
Values
phone_setting.talk_and_dial_power_led_enable Oor1l 0

Description :
Enables or disables the power indicator LED tobe turned on when the IP phone is busy.

For
SIP-T54S/T52S/T48G/T48S/T46G/T46S/T42G/T42S/T41P/ T41S/T40P/T40G/T29G/T27
P/T27GI/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)
Web User Interface:

Features>Power LED >Talk/Dial Power Light On
Phone User Interface:

None

phone_setting.missed_call_power_led_flash.enable Oorl 1

Description :
Enables or disables the power indicator LED to flash when the IP phonemisses a 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 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)
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.

2. Select the desired value from the pull-down list of Common Power Light On .

137



Administrator @ Guide for SIRT2 SeriegT19(P) E2T4 SeriesT5 SeriesIP Phones

Select the desired value from the pull-down list of Ringing Power Light Flash .
Select the desired value from the pull-down list of Voice/Text Mail Power Light Flash
Select the desired value from the pull-down list of Mute Power Light Flash.

Select the dedred value from the pull -down list of Hold/Held Power Light Flash.

Select the desired value from the pull-down list of Talk/Dial Power Light On

© N o g &> W

Select the desired value from the pull-down list of MissCall Power Light Flash .

Log Out |

English(English) v

Yealink | v

Account Network Features Settings Directory Security
Forward&DND Power LED NOTE
Common Power Light On Enabled v e
General Power Indicator LED
Information Ringing Power Light Flash Enabled v e It indicates power status and
phone status.
Ny 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 Power Light Flash Disabled v e
Transfer Talk/Dial Power Light On | Disabled v e
Pick up & Park MissCall Poweer Light Flash | Enabled v e
Remote Control e 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 @ 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)
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Procedure

Notification popups can be configured using the following methods.

Configure notification popups.
Parameter s:

Central Provisioning <y0000000000x%.c | features.voice_mail_popup.enable
(Configuration File) fg features.missed_call_popup.enable
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 message box when it receives a new

voice mail.
0-Disabled
1-Enabled

Note : It works only if the value of the parameter jaccount.X.display_mwi.enableDi& set to 1
(Enabled).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 > Noatification Popups->Display Voice Mail Popup

Phone User Interface:

None

features.missed_call_popup.enable Oor1l 1
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Permitted
Parameter s Default
Values

Description :

Enables or disablesthe IP phone to display the pop -up message box when it misses a call
0-Disabled

1-Enabled

Note : It works only if the value of the parameter jaccount.X.missed_calllogddig set to 1
(Enabled).

Web User Interface:
Features > Noatification Popups->Display Missed Call Popup
Phone User Interface:

None

features.forward_call_popup.enable Oorl 1

Description :

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 Oor1l 1

Description :

Enables or disablesthe IP phone to display the pop -up messagebox when it receives a new

text message.
0-Disabled
1-Enabled

Note: Itworksonlyiftheval ue of the parameter Jfeatur
(Enabled)

Web User Interface:
Features > Notification Popups ->Display Text Message Popup
Phone User Interface:

None
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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 .

Select the desired value from the pull-down list of Display Forward Call Popup .

a > w DN

Select the desired value from the pull-down list of Display Text Message Popup .

LogOut |

English(English) ¥

Yealink|we

Account Features Directory

Forward&DND Notification Popups NOTE

Display Voice Mail Popup Enabled v 0
General HNotification-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 cal, forwards an

Audio @ incoming call to other party or

Display Text Message Popup Enabled @ racenes a new voice mail or 2
Intercom new text message.

Confirm Cancel

Transfer *ou can click here to get

more guides.
Pick up & Park

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 |dsplaywith siieimateydstmin.rYeuzah t he LCDQ s
configure the LCD¢ contrast of SIRT40RG, SIRT27RG, SIRT23P/G, SIRT21(P) E2and

SIRT19(P) E2P 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
<y0000000000xx» .cfg screen.

Central Provisioning

(Configuration File)
Parameter:
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phone_setting.contrast

Configure the contrast of the LCD
screen.

Web User Interface Navigate to :

http://<phonelPAddress>/serviet?p
=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 EXP20nye LCD
ForT27HG|I P phones, it conf i gur I phonehne thé cOribécted ¢
EXP20

For T4A0P/T40G/T23P/T23G/T21(P) EX19(P) E2IP phones, i t c o n f i goontrassof
the IP phone.

Note : We recommend that you set the contrast of the LCD screento 6 as a more
comfortable level. It is not applicable to SIRT543T525/T42G/T42S/T41R T41SIP phones.

Web User Interface:

For SIP-T48G/T48S/T46G/T46S/T29G :

None

For SIP-T40P/T40G/T27P/T27 GIT23P/T23G/T21(P) E2/T19(P) E2 :
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 the Switch 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  (take SIP-T46G IP phones for example) :

1. PressMenu ->Basic->Display ->Contrast .
If EXP40 is not connected to the phone, the Contrast Setting 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

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 SIP-T54ST52S 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 im age.
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When the DSS key list isunfolded (tap More key when the phone is idle):

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
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. 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.

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 (for example, wallpaper.jpg)

Example:

phone_setting.backgrounds = Default.jpg

Note : It is only applicable to SIP-T54S/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 Pd

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 (for example, 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:
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Permitted
Parameter s Default
Values
Settings->Preference->Wallpaper for expansion modules
Phone User Interface:
Menu->Basic->Display->EXPWallpaper->Wallpaper
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.

Web User Interface:
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 (for example, 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 D sskey unfold
Phone User Interface:

Menu->Basic->Display->Dsskey Walpaper
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To upload custom wallpaper via web user interface (take SIP-T48G IP phones for
example) :
1. Click on Settings ->Preference.

2. Inthe Upload Wallpaper (800*480) field, click Browse to locate the wallpaper image from

your local system.

3. ClickUpload to upload the file.

Log Out
English{English) -

Yealink | s

Account Network Dsskey Features Settings Directory Security

Preference Emzzz=d Disabled M NOTE

Inter Digit Time(1~14s) 4 [7]
Time & Date Language

Transparency 80% A Selects a language for the web

" user interface.
Call Display Unused BackLight Low - @
. y Live Dialpad

upgrade Active Backight Level 8 M 2 It alows P phones to
- Backlight Time(seconds) Always On - @ ::;ZT;‘E’:"ZE’LS;ZZTzﬁer a

WatchDog Disabled - e specified period of time.
Configuration . anol @ Backlight

ing Type ing1.wav -
~ Specifies the brightness of the

Dial Plan Upload Ringtone ‘[ Browse... ] No file selected. ‘ [7) LCD screen display.

contrt

Specifies the contrast of the

Walpaper Defauttjpg hd LCD screen display.
Ring (2] play.
Wallpaper with DSSkey unfold Default.jpg - e Ring Tones
Tones A ring tone that wil alert you
Uplozd Walpaper(8007480) [ Browse... | Hofile selected. i) e e
- i
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

The custom wallpaper appears in the pulkdown 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 .
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3.  Select the desired wallpaper from the pull-down list of Wallpaper with DSSkey unfold

Log Out
= English(English) -
Yealink | s
Status Account Network Dsskey Features Settings Directory Security
Preference Live Dialpad Disabled AN 7 ] NOTE
Inter Digit Time(1~14s) 4 0
Time & Date Language
Transparency 100% - Selects a language for the web
- user interface.
Call Display Unused BackLight Low - @
Live Dialpad
Upgrade bEREERRETE 8 - @ It allows IP phones to
. automaticaly dial out the
Auto Provision Backlight Time(seconds) Always On - e i IO LT TR
WatchDog Disabled - e specified period of time.
Configuration T Frn @ Backlight
ing Type ingl.wav -
_ 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 Defauitipg - @ LCD screen display.
Ring
‘Wallpaper with DSSkey unfold 01.jpg - 0 Ring Tones
Tones A ring tone that will alert you
Upload Walpaper(800+480) ‘[ Browse... I No file selected. ‘ 7] e 2 & T (o e 1T
Softkey Layout
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.

To change the wallpaper for expansion modules via web user interface (take SIP-T54S IP

phones for example) :
1. Click on Settings ->Preference.

2. Select the desired wallpaper from the pull-down list of Wallpaper for expansion

modules .

Log Out

Engiish(Englsh) -

Yealink | s

Account Network Dsskey Features Settings Directory Security

Inter Digit Time(1~14s) 4 e
Time & Date Live Dialpad
Transparency 100% - e It allows IP phones to
. automatically dial out the
Call Display Unused Backlight: Low M e entered phone number after a
ified d of time.
Upgrade Active Backlight Level 8 AN 7 ] bl L
Backlight
e T Backlight Time(seconds) Always On - e Spe(ll':lgs i el
Watch Dog Disabled - e LCD screen display.
Configuration Ring T Rina1 @ Contrast
ing Type ing1.wav -
) Specifies the contrast of the
Dial Plan Upload Ringtone " Browse... I No file selected. | [7] LCD screen display.
A ring tone that wil alert you
. Wallpaper Defauttjpg - @ when a call comes in for the IP
Ring phone.
Wallpaper for expansion modules Default-expS0.jpg -
Tones
Upload Walpaper(480+272) [ Browse... | o file selected. | @ You cen TR EED
more guides.
Softkey Layout Upload Cancel

3. ClickConfirm to accept the change.

To change the wallpaper via phone user int erface (take SIP-T48G IP phones for example) :

1. Tap

2. Tap or

->Basic->Display ->Wallpaper /Dsskey Wallpaper .

, Or press @ or @to select the desired wallpaper image.
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3. Tapthe Save soft key to accept the change.

To change the wallpaper for expansion modules via phone user interface (take SIP-T54S
IP phones for example) :
1. PressMenu ->Basic->Display ->EXP Wallpaper .

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
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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.

When the transparency is set to 100%:

09:39 Tue, Sep 20

09 56 Tue, Sep 20
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Procedure

Transparencycan be configured using the following methods.

Configure the transparency of the

LCD screen.
Central Provisioning
<y0000000000x»%.cfg Parameter :
(Configuration File)
phone_setting.idle_dsskey_and_title.

transparency

Configure the transparency of the

LCD screen.
Web User Interface Navigate to:

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

Configure the transparency of the
Phone User Interface
LCD screen.

Details of the Configuration Parameter:

Parameter Permitted Values Default

L i 0%, 20%, 40%,
phone_setting .idle_dsskey_and_title.transparency 100%
60%, 80% or 100%

Description :

Configures the transparency of the DSSkey labels and 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.It is only applicable to
SIRT543T529 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.
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2. Select the desiredvalue from the pull -down list of Transparency .

English v

.
Yealink | v+ g
Settings Security |
Preference Live Dialpad Disabled X 0 NOTE :
Inter Digit Time(1~14s) 4 o
Time & Date Live Dialpad
l Transparency 80% ¥ 0 I It allows IP phones to
Call Displa automatically dial out the
AR Ispiay Unused BackLight Low v 0 entered phone number after 2
specified period of time.
Upgrade v v v
Pg Active Backliight Level 8 0 Backlight
- Specifies the brightness of the
Auto Provision Backlight Time(seconds) Always On | @ LCD screen dispay.

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.

Screen Saver
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The screen saver will automatically startwhen the IP phone has beenidle for a certain amount of
time if you have configured the screensaver wait time. 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)

For SIRT54S/T52S/T48G/T48S/T46G/T46S/T29G IP phones, you can set the buitt or custom
picture(s) as screen saverTo set the custom picture(s) asscreen saver for the IP phone, you
need to upload the custom picture(s) in advance. If multiple pictures are uploaded, all pictures

are displayed like a slide show when screen saver starts.

For SIRT54ST52SIP phones, you can also set a custom picture stored in your USB #shdrive 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

Yealink IPphones support displaying XML items (for example, notifications or company logo) on
the screen saver. You can configure a screen saver XML template file to customize the XML
items. For SIRT54S/T52S/T48G/T48S/A6G/T46S/T29G IP phones, the XML items are displayed
on the built -in picture or custom pictures (if uploaded). For more information on screen server

XML template file, refer to Customizing a Screen Saver XMLTemplate Fileon page 153.

The screen saverimage format must meet the following :

) Single File
Phone Model Format Resolution - Note
ize

) 2MB of space
* jpa/*.png/*. <=4.2
SIRT54S/T52S ) ) <=5MB should be
bmp/*.jpeg megapixels
reserved for the



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

Configuring Basic Features

. Single File
Phone Model Format Resolution ) Note
Size
phone
<=2.0
SIRT48G'S _ <=5MB
megapixels
SIRT46G/T46S <=1.8
, <=5MB
IT29G megapixels

The following shows that the built-in screen saveris displaying on the phone:

You can customizethe screen saver XML template file toconfigure the IP phone whether to

10:03

Tue, Sep 20

display following XML items on the screen saver

Time and date
Status icons
Notifications

Image (only applicable to SIP-T54S/T52S/T48G/T48S/T46G/T46S/T29G IP phones)

Customizing a Screen Saver XML Template File

The display position of the XML itemsis configurable. For
SIRT54S/T52S/T48G/T48S/T46G/T46S/T29G IP phones, you can alsastomize the color of the

time & date and notification texts.
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The following shows an example:

11:11 50
Thu, Aug 10

Yealink T400G

SIRT40G

SIRT46G
If you update the screen saver xml filg you can do one of the following to trigger the IP phone
to update the configuration:
Reset the screensaver type toServer XML.
Change the accessURLof the screen saver xmlfile.
Press thecorresponding XML Browser DSS key.

Before customizing, you need to obtain the screen saverXML template file. You can ask the
distributor or Yealink FAEfor screen saver XMLtemplate. You can also obtainthe screen saver
XML template online:
http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage .

The following table lists description of each element in the template file:

Parameter Position Value Description
YealinklPPh
oneCustomS Root tag none The root element of the xml file.
creenSaver

. . . The vertical distance between
LineSpacing Root tag integer ) )
different lines.

For SIRT48G/S IP| Specify which line to insert the

Insertimage phones: image (configured by the Image
) Root tag
LineNum |nteger from O to parameter).
11 Note: Itis only applicable to



http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage
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Parameter Position Value Description
For SIRT54S/T52S/T48G/T48S/IT46G/T4
SIRT54S/T52ST | 6S/T29G IP phones
46G/T465T29G
IP phones:
Integer from O to
8
. jshowDZ Whether to display the time and
SystemTime Body
Di#deDZ date.
Font size of the text.
J nor mal
JsmallDZ2 pt
_ SystemTime jsmall
Size J nor mapt Dz
tag Jdoubl ¢
j doub2hmDZ
jlarge
j | ar2gmpt Dz
, : . jleft . .
horizontalAli | SystemTime M Horizontal position of the time and
mi €
gn tag : ) date.
jright
. J topDz : iy .
) ] SystemTime ] Vertical position of the time and
verticalAlign T mi ddl e
tag 3 date.
] botton
] white
I bl ack
jredbDz
Jgreen
jbrownl
jbluebD
] magent
j ¢y an D] Color of the text.
Color SystemTime J I i ght g| Note: Itisonly applicable to
tag jdarkgr SIRT54S/T52S/T48G/T48S/T46G/T4
U 6S/T29G IP phones
Jlightr
Jjlightg
Jjyello
jlighthb
Jjlightma

jlighorcya
RGBuvalues (for
example,
123,4,400r
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Parameter Position Value Description
RGB(123,4,140)
JshowDZ
Statuslcons Body Whether to display the status icons.
DideDZ
: . jleftng .
horizontalAli | Statuslicons Cmioddl Horizontal position of the status
mi g
gn tag : ) icons.
Jright
JtopDZz
. ) Statuslcons ) ) . )
verticalAlign . J mi dd | g Vertical position of the status icons.
a
g jbotton
Text to be displayed on the line. If
the length of the text is too long to
be displayed on the LCD screenthe
exceeding characterswill be
displayed asellipsis.
Note : The SIRT48G/S IP phones
support displaying up to 11 lines of
Line Body string content;
SIRT54S/T52S/T46G/T46S/T29G/T2
7G/T27P IP phones support
displaying up to 8 lines of content;
SIRT42G/T42S/T41P/T41S/T23P/T2
3G/T21(P) E2/T19(P) E2 IP phones
support displaying up to 4 lines of
content.
Font size of the text.
jnor mal
jsmallDA2 pt
] smal |
Size Line tag j nor mapt Dz
Jdoubl g
j doub2hmDZ
Jjlarge
1 ar28ptbDz
jcente
Align Line tag j I ef t O Alignment of the text.
jright
Jwhite
J bl ack| colorof the text.
jredbDz i ;
Color Line tag Note: It is only applicable to
j gr e en | SIRT54S/T52S/T48G/T48S/T46G/T4
J br own [ 6S/T29G IP phones
jbluebD
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Parameter Position Value Description
] magent
JjcyanbD
jlightg
Jjdarkagr
Jlightr
Jlightg
jyello
jlighthb
JIightma
J I i ghorcy
RGBuvalues (for
example,
123,4,400r
RGB(123,4,140Q)
The access URL of thémage.
Note: Iti I licabl
Image Body string ote: It is only applicable to
SIRT54S/T52S/T48G/T48S/T46G/T4
6S/T29G IP phones
Horizontal position of the image.
horizontalAl jleftQ
orizontalAll . Note: Itis only applicable to
Image tag T mi ddI g 'S only appl
gn [right SIRT54S/T52S/T48G/T48S/T46G/T4
6S/T29G IP phones
Vertical position of the image.
Note: It works only if you do not
[ topDz configure InsertimageLineNum
i t th
verticalAlign Image tag ] mi dd|l g parameter or setthe
. InsertimageLineNum parameter to
] botton
0. It is only applicable to
SIRT54S/T52S/T48G/T48S/T46G/T4
6S/T29G IP phones
The height (in pixels) of the
company logo displayed on the IP
phone.
height Image tag integer
Note: It is only applicable to
SIRT54S/T52S/T48G/T48S/T46G/T4
6S/T29G IP phones
The width (in pixels) of the company
width Image tag integer logo displayed on the IP phone.

Note: Itis only applicable to
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Parameter Position Value Description

SIRT54S/T52S/T48G/T48S/T46G/T4
6S/T29G IP phones

Customizing a screen saver xml file :

1. Open the screen saverxml file using an ASClleditor.

2. Modify settings as you want in the screen saverxml file.

CustomScreenSaverxml x

I A0, 0050 BB 0 T W e L[ 130, 120
"ISO-8859-1"2>
reensaver LineSpacing = "S" InsertImagelineNum = "1" >

<SysterTime Size="Large" horizontalAlign="right" verticallklign="top" Color="black">show</SystemTime>
<StatusIcons horizontalAlign="middle" wverticalBAlign="top">show</StatusIcons>
<Line Size="large" Align="center" Color="blue">Yealink</Line>

<Line Si "large" Align="center" Color="RGE" >SIF Phone</Line>
<Line Size="large" Align="center" Color="RGB">Test</Line>

<Image horizontalAlign="middle" verticalAlign="bottomn" heigh

n="30">http://192.168.1.1/Yealink.jpeg</Image>

</YealinkIPPhoneCustomScreenSavers>

3. Save this file andplace it to the provisioning server (for example, 192.168.1.100).

4. Specify the accessURLof the screen saverxml file in the configuration file .
Procedure

Screen saver can be configuredusing 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 :

screensaveirtype

Specify the access URL of the custom
Central Provisioning <y0000000000xx% .c

(Configuration File) fg

screensaver image
Parameter :

screensaver.upload_url

Specify the access URL of thescreen saver

xml file.
Parameter :

screensaver.xml_browser.url

Delete custom screen saver image
Parameter :

screensaver.delete
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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

Assign aXML BrowserDSSkey.
Parameters:

linekey X.type/ programablekey.X.type/
expansion_module.X.key.Y .type

linekey.X.line/ programablekey.X.line/
expansion_module.X.key.Y.line

linekey.X.value/ programablekey.X.value/

expansion_module.X.key.Y.value

linekey.X.label/ programablekey.X.label/

expansion_module.X.key.Y .label

linekey.X.shortlabel

Web User Interface

Configure the time to wait in the idle state
before the screen saver starts.

Configure the type of screen saver to
display.

Upload the custom screen saver image
Delete custom screen saver image

Specify the access URL of thescreen saver

xml file.
Navigate to:

http://<phonelPAddress>/servlet?m=mod_

data&p=settings -preference&q=load

Assign a XML BrowserDSSkey.

Navigate to:

159



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

160

http://<phonelPAddress>/serviet?p=dsske
y&g=load&model=0

Phone User Interface

Configure the screen saver wait time on the
IP phone.

Assign aXML BrowserDSSkey.

Details of the Configuration Parameter

S.

Parameter s

Permitted Values Default

screensaver.wait_time

15, 30, 60, 120,
300, 600, 1800,
3600, 7200, 10800,
21600

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

Web User Interface:

Settings->Preference->Screensaver Wait Time

Phone User Interface:

Menu->Basic->Display->Screensaver>Wait Time

screensaver.type

0,1or2 0

Description :

Configures the type of screen saver to display.

0-System the LCD screen will display thebuilt-in picture.

1-Custom, the LCD screen will display the custom screen saver imagescpnfigured by the

parameter jscreensaver.upload_ufaf multiple images are uploaded, the IP phone will
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Parameter s Permitted Values Default

display all images alternately. The time interval is configured by the parameter
Jscreensaver.picture_change_intervédZ

2-Server XML, the LCD screen willdisplay XML items (configured by the parameter
Jscreensaverxml|_browser.urlDZvhen screensaver starts.

Note : It is only applicable to SIRT54S,SIRT52S,SIRT48GFS, SIRT46G 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
] 192.0268DZ. land do wsereeo sadeemagelj Sscr eencapture. jp

If you want to upload multiple screen saver imagesto 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 is only applicable to SIRT54S,SIRT52S,SIRT48GFS, SIRT46G/S and SIRT29G IP

phones.
Web User Interface:
Settings->Preference->Screensaver TypgCustom)->Upload Screensaver

Phone User Interface:

None
URL within 511
screensaver.xml _browser. url Blank
characters
Description :

Configures the access URL of thescreen saver xml file

Example:

screensaverxm|_browser.url = http://192.168.10.25/ScreenSaverxml
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Parameter s Permitted Values Default

During the auto provisioning process, the IP phone connects to the HTTPprovisioning server
j192.026DZ. land d o wsareea sadesxml fild jScreerSaverxmIDZ

Web User Interface:
Settings->Preference->Screensaver Type(Server XML)>XML Browser URL

Phone User Interface:

None
http://localhost/all
or
screensaver.delete Blank
http://localhost/  na
me.(jpg/png/bmp)
Description :

Deletes the specified or all custom screen saver images.

Example:

Delete all custom screen saver images:

screensaver.delete = http://localhost/all

Delete a custom screen saver image(for example, 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 Oor1l 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 works only if the value of the parameter jscreensavertypeDig set to 0 (System) or 1
(Custom). It is only applicable to SIRT54S,SIRT52S,SIRT48GFS, SIRT46F' S and SIPT29G
IP phones.

Web User Interface:
Settings->Preference->Screensaver Type(System/Custom)>Screensaver Display Clock

Phone User Interface:




Configuring Basic Features

Parameter s Permitted Values Default

Menu->Basic->Display->Screensave(System/Custom)>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 vatypeBZ io$ $Casom)madr
the parameter J scr eeldmaonfguredinmdvaneedtiswony DZ s h
applicable to SIRT54S,SIRT52S,SIRT48GS, SIRT46G S and SIRT29G IP phones.

Web User Interface:
None

Phone User Interface:

None
) Integer from 5 to
screensaver.clock_move_interval 600
1200
Description :

Configures the interval (in seconds) for the IP phone to move the clock and icons when the

screen saver starts.

Note:ltwor ks only if the \saeensaver.didplayt cloek.enalzlBZ ai nse t
1 (Enabled).lt is only applicable to SIRT54S,SIRT52S,SIRT48GFS, SIRT46F' S and SIRT29G
IP phones.

Web User Interface:
None
Phone User Interface:

None

XML Browser DSSKey

For more information on how to configure the DSS Key, refer to Appendix D: Configuring DSS

Keyon page 877.
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Details of Configuration Parameters:

Parameter s Permitted Values

linekey. X.type

programablekey. X.type @ 27

expansion_module.X.key.Y.type El

Description :
Configures a DSS key as a directed call pickupSSkey on the IP phone.

Note : EXT key is only applicable to SIPT54S/T52S/T48G/T48S/T46G/T46S/T29G/T27P/T27(
IP phones.

Web User Interface:
Dsskey->Line Key/Programable Key->Type
Phone User Interface:

Menu->Features->DSS Keys>Line Key X>Type

linekey. X.value™!

programablekey. X.value® String within 99 characters

expansion_module.X key.Y.value B!

Description :

Configures the access URL of the screen saver xml file.
Example:

linekey.3.value= http:// 192.168.1.¥CustomScreenSaverxml

Note : EXT key is only applicable to SIPT54S/T52S/T48G/T48S/T46G/T46S/T29G/T27P/T27(
IP phones.

Web User Interface:
Dsskey>Line Key/Programable Key->Value
Phone User Interface:

Menu->Features->DSS Keys>Line Key X>Value

linekey.X.label 1
programablekey.X. label[?l String within 99 characters

expansion_module.X key.Y. label !

Description :
(Optional.) Configures the label displayed on the LCD screen for eachDSSkey.

Note : EXT key is only applicable to SIPT54S/T52S/T48G/T48S/T46G/T46S/T29G/T27P/T27(
IP phones.

Web User Interface:
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Parameter s Permitted Values

Dsskey>Line Key/Programable Key->Label
Phone User Interface:

Menu->Features->DSS Keys>Line Key X >Label

linekey.X.shortlabel
String within 99 characters
(X ranges from 1 to 21)

Description :

(Optional.) Configures the short label displayed on the LCD screen forline key.
Note: Itis only applicable to SIP-T52S IP phones.

Web User Interface:

Dsskey>Line Key->Short

Phone User Interface:

Menu->Features->DSS Keys>Line Key X >Short Label

X isthe line key ID. For SIRT48G/S X=1-29; for SIP-T54S/T46G/T46S/T29G X=1-27; for
SIRT42G/T42S/T41P/T415X=1-15; for SIP-T52S/T27P/T27G X=1-21; for
SIRT40P/T40G/T23P/T23G X=1-3, for SIP-T21(P) E2X=1-2.

[2IX isthe programable key ID. For SIR T54S/T48G/T48S/T46G/T46SX=1-10, 12-14; for
SIRT52S/T42G/T42S/T41P/T41S/TA0A40G, X=1-10, 13; for SIRT29G/T27P/T27G X=1-14; for
SIRT23P/T23G/T21(P) E2X=1-9, 13, 14

BIX isthe Ext key ID. FOrSIRT54S/T52S, X=1-3, Y=1-60; for SIP-T48G/T48S/T46G/T46SX=1-6,
Y=1-40; for SIRT29G/T27P/T27GX=1-6, Y=1-40 (Ext key 21 cannot be configured).

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.
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The Upload Screensaver field appears only if Screensaver Type is set to Custom.

Yealink | s

Preference
Time & Date
Call Display
Upgrade

Auto Provision
Configuration
Dial Plan

Voice

Ring

Tones

Softkey Layout
TROG9

Voice Monitoring
sIp

Power Saving

Account Network Dsskey Features Settings
Live Dialpad Disabled - @
Inter Digit Time(1~14s) 4 [7]
Unused BackLight Low - e
Active Backlight Level 8 - e
Backlight Time(seconds) Always On - e
Watch Dog Enabled - e
Ring Type Ring1.wav AN 7]
Upload Ringtone ‘[ Browse... ] Mo file selected. ‘ [7]
Wallpaper Defauttjpg - @
Upload Walpaper(4807272) [ rowse... | o file selected. )
Screensaver Wait Time 6h AN 7 ]
Screensaver Display Clock Enabled - e
Screensaver Type Custom - e
Screensaver - @
Upload Screensaver ‘[ Browse... ] Mo file selected. ‘ [7]

Cancel

Log Out
English(English) -

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 wil alert you
when a call comes in for the IP
phone.

You can click here to get
more guides.

The custom screen saver appears in the puldown list of Screensaver. The Screensaver

field appears only if Screensaver Type is set to Custom.

To configure the access URL of the screen saver xml file via web user interface

1. Click on Settings ->Preference.

2. SelectServer XML from the pull -down list of Screensaver Type.

3. Enter the URL of the screen saver xml file in theXML Browser URL field.

Yealink | s

Preference
Time & Date
Call Display
Upgrade

Auto Provision
Configuration
Dial Plan

Voice

Ring

Tones

Softkey Layout
TROG9

Voice Monitoring
sIp

Power Saving

Account Network

Live Dialpad

Inter Digit Time(1~145)
Unused BackLight
Active Backlight Level
Backlight Time(seconds)
Watch Dog

Ring Type

Upload Ringtone

‘Wallpaper

Upload Wallpaper(480*272)

Dsskey Features
Disabled - 9
4 7]
Low - 9
& A ]
Always On - @
Disabled - 9
Ringl.wav - 9

Settings

‘[ Browise... ] No file selected.

Default -

]

‘[ Browise... ] No file selected.

Screensaver Wait Time 155 - 9
Screensaver Display Clock Enabled 0
Screensaver Type Server XML - a—l
Screensaver - 9

Upload Screensaver

‘[ Browse... ] No file selected.

| @

| XML Browser URL

http://192.168.1.1/CustomScreenSav 0|

Cancel

Log Out

English(English) -

Directory

Security

Live Dialpad

It allows IP phones to
automaticaly 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 IP
phone.

You can click here to get
more guides.
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4.  Click Confirm to accept the change.

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

Settings

Account Network Dsskey Features

Live Dialpad Disabled - 0

Inter Digit Time(1~14s) 4 e

Unused BackLight Low - 9

Active Backlight Level 8 - 9

Backlight Time(seconds) Always On - 0

Watch Dog Enabled - 9

Ring Type Ringl.wav - @

Upload Ringtone | Browse... | N file selected. | [7]
Wallpaper Default.jpg - 0

Upload Wallpaper(480+272) | Browse... | N file selected. | [7]
Screensaver Wait Time 6h - 9
Screensaver Display Clock Enabled - 0
Screensaver Type System - 0 |

Cancel

Log Out

English{English) -

Directory Security

NOTE

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
TROG9

Voice Monitoring

Account Network

Live Dialpad

Inter Digit Time(1~14s)
Unused BackLight
Active Backlight Level
Backlight Time(seconds)
‘Watch Dog

Ring Type

Dsskey Features
Disabled - 9
s >
Low - 0
o - @
Always On - 9
Enabled - 9
Ringl.wav - 9

Settings

Upload Ringtone ‘[ Browse... ] No file selected. | [7]
Wallpaper Default.jpg - 0
Upload Wallpaper(480+272) | Browse... | N file selected. | [7]
Screensaver Wait Time 6h - 9
Screensaver Display Clock Enabled - 0
Screensaver Type System - 0

Cancel

Log Out

Engiish(Engish) -

Directory Security

NOTE

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.

4. Click Confirm to accept the change.
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To configure a XML Browser DSSkey via web user interface:

1.

2.
3.
4.

Click on Dsskey->Line Key (or Programable Key ).
In the desired DSS keyfield, select Direct Pickup from the pull -down list of Type.
Enter the access URL of the screen saverml file in the Value field.

(Optional.) Enter the string that will appear on the LCD screen in the Label field.

Yealink | vsss

Log Out
Engiish(English) -

Account Features Directory

= Enable Page Tips Disabled - Lsbel Length Default -
Line Key1-9 SIuz & NOTE
Key Type Value Label Line Extension
Line Key10-18 Line Keys
Line Keyl Line ~ Default v 4604 Line 1 - Line keys allow you to quickly
" access features such as recal
Line Key19-27 Line Key2 Line ~ Default - Line 2 - and voice mail
Programable Key Line Key3 XML Browser = 8/CustomScreenSaver.xml H/A | |
Line Key4  Line - Default - Line 4 - You can click here to get
Ext Key more guides.
Line KeyS Line + Default - Line 5 -
Line Key6  Line ~ Default - Line 6 -
Line Key? Line ~ Default - Line 7 -
Line Key8 Line ~ Default - Line 8 -
Line Keyd Line + Default - Line 9 -

5.

Click Confirm to accept the change.

To configure the screen saver via phone user interface:

1.

2.

PressMenu ->Basic->Display ->Screensaver.

Press @ or @ , or the Switch soft key to select the desired wait time from the Wait
Time field.

(Optional.) Press@ or @ , or the Switch soft key to select the desired value from the
Display Clock field.

Press @ or @ , or the Switch soft key to select the desired value from the
Screensaver Type field.

Press theSave soft key to accept the change.

To configure a XML Browser DSS key via phone user interface:

P wDd

o

PressMenu ->Features->DSS Keys

Select the desired DSkey.

Press@ or @ or the Switch soft key to select Key Event from the Type field.
Press@ or @ or the Switch soft key to select XML Browser from the Key Type field.
(Optional.) Enter the string that will appear on the LCD screen in the Label field.

Enter the access URL of the screen saver xml filén the Value field.

Press theSave soft key to accept the change.
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Power Saving

Not e

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 connectedwill exit power-saving mode if a
phone/EXP50event occurs - for example, if the phone has an incoming call or message, or you
pressa key on the phone/EXP500r tap the touch screen (touch screen isonly applicable to
SIRT48G/S 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 phonehas beenidle for 5
minutes, and power-saving mode is configured to turn off the backlight and screen after the
phone has beenidle for 15 minutes, the backlight and screen will be turned off after the screen
saverdisplays for 10 minutes.

You can configure 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.

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 Extensionldle TimeOut is ignored.

For SIRT54S/T52S/T48S/T48G/T46S/T46G/T29G IP phonespy can also configure the flashing

period for the power indicator LED when the IP phone enters power-saving mode.

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 phoneswill only turn off the
backlight. Image persistence may be caused on LCD ipower saving is disabled.

Procedure

Power saving can be configured using the following methods .

Central Configure the power saving intelligent mode.
L <y0000000000
Provisioning Parameter :
xx>.cfg
(Configuration features.power_saving.intelligent_mode
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File)

Configure the power saving feature.
Parameter :

features.power_saving.enable

Configure the office hour.

Parameters:
features.power_saving.office_hour.monday
features.power_saving.office_hour.tuesday
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 flashing period of the power
indicator LEDin the power-saving mode.

Parameters:
features.power_saving.power_led_flash.on_time

features.power_saving.power_led_flash.off_time

Web User Interface

Configure the power saving feature.
Configure the office hour.
Configure the idle timeout .
Navigate to:

http://< phonelPAddress>/servlet?p=settings-pow

ersaving&q=load

Details of the Configuration Parameter s:

Parameter s

Permitted Values Default

features.power_saving.intelligent_mode

Oor1l 1

Description :

Enables or disables the power savingintelligent mode .
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Parameter s Permitted Values Default

0-Disabled, the IP phone staysin power-saving mode even if the office hour arrives the next
day.

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 SIRT19(P) E2 IP phones.
Web User Interface:

None

Phone User Interface:

None

features.power_saving.enable Oor1 1

Description :

Enables or disables the power savingfeature.
0-Disabled

1-Enabled

Note : It is not applicable to SIP-T19(P) E2 Iphones.
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

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

features.power_saving.off_hour.idle_timeout Integer from 1 to 10
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Parameter s Permitted Values Default

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-T19(P) 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 30 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

features.power_saving.office_hour.monday 7,19
features.power_saving.office_hour.tuesday 7,19
features.power_saving.office_hour.wednesday Integer from 0 to 7,19
features.power_saving.office_hour.thursday 23, Integer from O 7,19
features.power_saving.office_hour.friday to 23 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.
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Parameter s Permitted Values Default

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
) ) 0, Integer from 100
features.power_saving.power_led_flash.on_time 500
to 10000
Description :

Configure s the period of time (in milliseconds) that the power indicator LED is on when the
IP phone enters the power-saving mode.

If it is set to 0 and the value of the parameter
Jfeatures.power_saving.power_led_flash.off_timBi& not set to 0, the power indicator LED will
be off when the IP phone enters the power-saving mode.

Note : It is only applicable to SIP-T54S/T52S/T48G/T48S/T46G/T46S/T29@ phones.
Web User Interface:
None

Phone User Interface:

None
) ) 0, Integer from 100
features.power_saving.power_led_flash.off_time 3000
to 10000
Description :

Configure s the period of time (in milliseconds) that the power indicator LED is df when the
IP phone enters the power-saving mode.

If it is set to O, the power indicator LED will be on when the IP phone enters the

power-saving mode.

Note : It is only applicable to SIP-T54S/T52S/T48G/T48S/T46G/T46S/T29@ phones.
Web User Interface:

None

Phone User Interface:

None
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To configur e the power saving fe ature via web user interface:

=

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.

Enter the desired value (1-10) in the Off Hours Idle Time Out field.

o o > w0 DN

Enter the desired value (1-30) in the User Input Extension Idle TimeOut field.

Log Out

English(English) v

Yealink |1

Directory

NOTE

Account Settings

- - B
Preference Power Saving Enabled o

Office Hour ()
Time & Date

Settings Powersaving

Monday a7 | —-|19

Call Display
Upgrade

Auto Provision

Tuesday
Wednesday

Thursday

—-|12

—-|12

—-|12

You can click here to get
more guides.

_ 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

174

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/T42SITA1PT41S/T40P/TA0G/T29G/T27P/T27GIT2
3P/T23G/T21(P) E2P phones, EXP40(connected to SIP-T48G/T48S/T46GT46S IP phones) and
EXP20(connected to SIRT29G/T27RT27G IP phones).

Active Backlight LevelActive Levelis used to adjust the backlight intensity of the LCD screen
when the phone is active. Unused BackLighflnactive Levelis used to adjust the backlight
intensity of the LCD screen when the phone is inactive.Active Backlight LevelActive Level is
applicable to SIRT543T52SIP phones and the connected EXP50SIRT48G/T48S/T46GT46S IP
phones and the connected EXP40, SIPFT29G T27RAT27G IP phones andthe connected EXP20
Unused BackLighflnactive Levelis only applicable to SIRT54ST52SIP phones,
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Note

SIRT48GFT48S/T46G/T46SIP phonesand the connected EXP40, SIPT29G IP phones and the
connected EXP20

It is not applicable to SIP-T19(P) E2 IP phones.

Before you adjust the

been connected to the IP phone.

L C Dujesmalke surekHe exgamdion mdduleehasp

The following table lists available method s and configuration options to configure the backlight

of phone model s/lexpansion modules.

Phone Model (and ) .
Configuration . . i
the connected Configuration Options
Methods
expansion module )
Unused BackLighflnactive
Level (not applicable to
T543T52S(EXP50) ( PP
Configuration Files EXP50)
T48GS(EXP40)
Web User Interface Active Backlight LevelActive
T46G/IS(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
T42GS
T41P/S Configuration Files
T40RG Web User Interface Backlight Time
T23P/G Phone User Interface
T21(P) E2
Procedure

Backlight can be configured using the following methods.

Configure the backlight of the LCD screen.

Parameters:
Central Provisioning <y0000000000x% .C
phone_setting.active_backlight_level
(Configuration File) fg

phone_setting.inactive_backlight_levé

phone_setting.backlight_time

Configure the backlight of the LCD screen.

Web User Interface Navigate to :

http://<phonelPAddress>/servlet?p=settin
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gs-preference&qg=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 configur ephotehrelthe CDQ s
connected EXP50.

For T48G/T48S/T46GT46SI P phones, it configures the
the connected EXP40.

For T29G/T27FT27G IP phones,itconf i gur es t he LCDQs intens
connected EXP20

Note : It is applicable to SIRT54ST52S IP phones and the connected EXP50
SIRT48G/T48S/T46G/T46S IP phones and the connected EXP40, STR9G/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 phoneis inactive.

0-Off,itworksonlyi f t he value of the parameter Jph
1 (Always On).

1-Low
ForT549T52S1 P phones, it configur ephotrehe LCDQs

For TA8G/T48S/T46G/T46S IP phones, it configuredte L CDQos i ntensity
the connected EXP40.

For T29G I P phones, it configures the LCD
EXP20

Note : It is applicable to SIRT54ST52S IP phones, SIRT48G/T48S/T46G/T46S IP phones and
the connected EXP40, SIPT29G IP phones and the connected EXP20.
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Parameter s Permitted Values Default

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/TA46GT46S/T29GIP phones)
15-15s

30-30s

60-1min, the intensity of the LCD screenwill be changed when the IP phone has been
inactivated for 60 seconds.

120-2min

300-5min

600-10min

1800-30min

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:
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.
2.
3.

Click on Settings ->Preference .
Select the desired value from the pull-down list of Unused BackLight .

Select the desired value from the pull-down list of Active Backlight Level .
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4. Select the desired value from the pull-down list of Backlight Time(seconds).

Yealink | v

Settings

Account

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 M 7]
Auto Provision Watch Dog Disabled v 0
= Ring Type Ringl.wav v 0

Log Out |
English(English) ¥

Directory

NOTE

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

5. Click Confirm to acceptthe change.

To configure the backlight via phone user interface:

1. PressMenu ->Basic->Display ->Backlight .

2. Press@ or @ , or the Switch soft key to select the desired level from the Active Level

field.

3. Press@ or @ , or the Switch soft key to select the desired value from the Inactive

Level field.

4. Press@ or @ , or the Switch soft key to select the desired time from the Backlight

Time field.

5. Press theSave soft key to accept the change.

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
<y0000000000xx% .cfg
(Configuration File)

Configure the idle clock.

Parameter :

phone_setting.idle_clock_display.enable

Phone User Interface

Configure the idle clock.

Details of Configuration Parameter

Parameter

Permitted Values

Default

phone_setting.idle_clock_display.enable

Oorl
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Description :

Enables or disables the IP phone to display the idle clock
0-Disabled

1-Enabled

Note : It is only applicable to SIR T54SIP 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

Not e

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 /Bluetooth-Enabled mobile
phone with your phone. After connecting the Bluetooth -Enabled mobile phone, you can
synchronize the mobile contacts to the IP phone. For SIRT54S/T52S IP phones, you can also
make and receive mobile calls on IP phone.For more information, refer to the Yealink
phone-specific user guide. It is only applicable to
SIRT54S/T52S/T48G/T48S/ITA6G/TA6ST42S/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.

To use this feature on SIRT48G/T48S/T46G/T46ST42S/T41SMT29GT27G IP phones, makesure
the Bluetooth USB dongle is properly connected to the USB port on the back of the phone.
SIRT52S/T54S IP phones have the buikin Bluetooth dongle.

You can check the Bluetooth dongle MAC address at the path:
Menu -> Status->More ->Phone->Bluetooth MAC (phone user interface) or
Status->Status->Network Co mmon -> Bluetooth MAC (web user interface).
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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> /servlet?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/T46STI42S/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) ¥

Yealinklves

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
Pick up & Park

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 183.

It is only applicable to SIP-T54S/T52ST46G/T46S/T42G/T42S/T41P/T41S/T29G/T2TR27G IP
phones.

Procedure

Page switch keycan be configured using the configuration file.

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, 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.

1-Enabled

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/TA46G/T46S/T42G/T42SITA1P/T41S/T29G/T27P27G IP phones.

183



Administrator @ Guide for SIRT2 SeriegT19(P) E2T4 SeriesT5 SeriesIP Phones

184

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

SIRT5439T525 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/T42SITA1RT41SIT27AT27G

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>/serviet?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 LEDto 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 BLFmonitored user receives an

incoming call on the non -current pages.

Procedure

Page tips for expansion module can be configured using the configuration file .

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 Parameter

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 the non-current pages.

0-Disabled

1-Enabled

Note : It is only applicable to EXP50expansion modules connected to the SIP-T54ST52S IP

phones.

Web User Interface:
None

Phone User Interface:

None

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.

When label length feature is set to Default :

11:08 Tue, Sep 20

History Directory

SIRT46G
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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.

Tue, Sep
e . o
+" 1006 R

i31 86181235\(EXT:86181235)

History Directory Menu

SIRT46G

For SIRT48GS IP phones,the characters are displayedin two lines.

SIRT48G
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When label length feature is set to Mid -range (not applicable to SIP-T48G IP phones)

«" 861

History 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
Details of the Configuration Parameter:
Parameter Permitted Values Default
features.config_dsskey_length 0,1lor2 0

Description :

Configures the label length 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 : It is only applicable to SIRT54S/T48G/T48S/T46GT46S/T29GIP phones.
Web User Interface:

Dsskey>Line Key->Label Length

Phone User Interface:

None
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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|ws

Account Dsskey Directory
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 ¥ | | Default v Line 1 v Line keys allow you to quickly
= access features such as recal
Lislee = Line Key2 | Line ¥ | | Default v Line 2 hd l— and voice mail.
Programable Key Line Key3 | Line ¥ | | Defauft M Line 3 M
You can click here to get
Ext Key Line Key4 | Line ¥ | | Default v Line 4 v more guides.
Line Key5 | Line ¥ | | Default v Line 5 v
Line Key6 | Line ¥ | | 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

Linekeylength in short allows IP phones to shorten the line key label when the phone places a

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
] Shor tDZ lhzilsgh er pr iLeolrd |l
) Configured If the value of JShort LabelD& configured, the
Any string or
Blank (for example, value of JLabel DZis i
alLinel) Display the first two characters of the short
label (for example, aL)
Configured Hif the label contains uppercase characters or
(for example, digits, only the uppercase characters and
alinel) Blank digits are displayed. It displays two
(for example, charactersfrom left to right ( for example,
sunmy) L1).
Helse, it displays the first two characters of the
label (for example, su).
Blank Blank .
If both left blank, the default label is used. The
display rule is the same as above.
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The following figure shows an example of label display wheniit 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

Procedure

Linekey length in short can be configured using the following method s.

Configure linekey length in short.

Central Provisioning Parameter:
_ . _ <y0000000000xx» .cfg
(Configuration File) features.config_dsskey_length.shorte
n

Configure linekey length in short.

Navigate to :

Web User Interface 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
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Parameter Permitted Values Default

places a call, receivesa call,is during a call, or is idle (if large DND icon is enabled).

0-No Label, you can press the line key to displaythe line key label when the label length is
shorten.

1-2 chars, the exceedng characterswill be ignored.
Note: Itis only applicable to SIP-T52S IP phones.
Web User Interface:

Dsskey>Line Key->Linekey length in short

Phone User Interface:

None

To configure the linekey 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) -
Yedlink|vss S —
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 easierfor the 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/T41SIT27RT27G <=6
SIRT40P/T40G/T23P/T23G <=3
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Phone Model Account s
SIRT21(P) E2 <=2
SIRT19(P) E2 1

The IP phones support SIP server redundancy for account registration. For more information,
refer to Server Redundancyon page 650. If you want to customize multiple DSSkeysto
associate with an account refer to Multiple Line Keys per Account on page 199. If you want to
configure the maximum number of concurrent calls per line key, refer to Multiple Call

Appearanceson page 206.

Procedure

SIPAccount registration can be configured using the following methods.

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

Central Provisioning account.X.password

<MAC>.cfi .
(Configuration File) 9 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

Configure the SIPaccount registration
information.
Web User Interface Navigate to :

http://<phonelPAddress>/serviet?p=accou
nt-register&g=load&acc=0
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Configure the interval for the IP phone to
retry to register when registration fails.

Navigate to :

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

nt-adv&g=load&acc=0

Configure the SIPaccount registration
Phone User Interface ) ]
information.

Details of Configuration Parameters:

Parameter s Permitted Values Default

account.X.enable Oorl 0

Description :

Enables or disables the account X.
0-Disabled

1-Enabled

Web User Interface:
Account->Register->Line Active
Phone User Interface:

Menu->Advanced (default password: admin) ->Accounts->Activation

String within 99
account.X.label [ g Blank
characters

Description :

(Optional.) Configures the label to be displayed on the LCD screenfor a specific account
Web User Interface:

Account->Register->Label

Phone User Interface:

Menu->Advanced (default password: admin) ->Accounts->Label

String within 99
account.X.display_name M g Blank
characters

Description :

Configures the display nametobe di spl ayed on t he doadspeeific

account.
Web User Interface:

Account->Register->Display Name
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Parameter s Permitted Values Default

Phone User Interface:

Menu->Advanced (default password: admin) ->Accounts->Display Name

String within 99
account.X.auth_name ™ 9 Blank
characters

Description :
Configures the user name for register authentication for a specific account.

Note : The user name for register authentication is provided by ITSP It is always matched
with a password (configured by the parameter] ac c ou nt . X usedfa 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 1 g Blank
characters

Description :

Configures the register user name for a specific account.

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 M g Blank
characters

Description :

Configures the password for register authentication for a specific account.
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
an

(X ranges from 1 to 16, Y ranges from 1 to 2) characters
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Parameter s Permitted Values Default

Description :

Configures the IP address or domain name of the SIP server Yhat accepts registrations for a

specific account.

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 I 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 a specific account.
Example:
account.l.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 M Oorl 0

Description :

Enables or disablesthe IP phone to send requests to the outbound proxy server for a specific

account.

0-Disabled

1-Enabled

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 M Blank
name
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Parameter s Permitted Values Default

Description :

Configures the IP address or domain name of the outbound proxy server Y for a specific

account.
Example:
account.1.outbound_proxy.1.address= 10.1.8.11

Note: 1t works only if the value of the paraf
to 1 (Enabled).

Web User Interface:
Account->Register->Outbound Proxy Server Y
Phone User Interface:

Menu->Advanced (default password: admin) ->Accounts->QOutbound ProxyY

Integer from 0 to
account.X.outbound_proxy.Y.port [ 5060
65535

Description :

Configures the port of the outbound proxy server Y for a specific account.
Example:

account.1.outbound_proxy.1.port = 5060

Note: 1 t wor ks only if the value of the parari
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.
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 RetryTimer(0~1800s)
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Parameter s Permitted Values Default

Phone User Interface:

None

(X isthe account ID. For SIRT54S/TA8G/TA8S/TA6G/TA6S/T29GX=1-16; for SIP-T52S/T42G/T42S X=1-12;
for SIP-T41P/T41S/T27P/T27GX=1-6; for SIRT40P/T40G/T23P/T23GX=1-3; for SIRT21(P) E2X=1-2; for
SIRT19(P) E2X=1.

To register an account via web user interface:

1. Click Account ->Register.

2. Select the desired accountfrom the pull -down list of Account .
3. SelectEnabled from the pull -down list of Line Active .
4

Enter the desired value inLabel, Display Name , Register Name , User Name, Password

and SIP Serverl/2 field respectively.

Yealink | s

Dsskey Features Settings Directory Security

e ncount ore

Regster Status Regstered
Basic Account Registration
Lne Active Enabled A ] Regsters account(s) for the P
. one.
Codec Label 101 1) P
Server Redundancy
Advanced Dsplay Name 101 (7} It s often requred n VoIP
deployments to ensure
FOgeat tame ao @ continuy of phone servie, for
User Name 101 events where the server needs
o to be taken offine for
Password “ssccsne 0 mantenance, the server fals, or
the connection between the 1P
SIP Server 1 @ phone and the server fals.
Server Host 10.2.1.48 Port 5060 Q NAT Traversal
A general term for techniques
Transport uoP 4 6 that establsh and maintan 1P
connections traversng NAT
Server BXpres 3600 (7] gateways. STUN & one of the
Server Retry Counts 3 ) NAT traversal techniques.

SIP Server 2
0 You can configure NAT traversal

Server Host Port 5060 o for this account.
Transport uopP - 9 @) You can dick here to get
Server BExpres 3600 o Fhors gfices.
Server Retry Counts 3 (7]
Enable Outbound Proxy Server Dsabled A
Outbound Proxy Server 1 Port 5060 Q
Outbound Proxy Server 2 Port 5060 (7]
Proxy Falback Interval 3600 (2]
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 namein 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.
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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 .

3. Enter the desired interval in the SIP Registration Retry Timer(0~1800s) field.

Log Out

i lish (English) -
Yeallnk | T466 English (English)
s.LiLidl Network Dsskey Features Settings Directory Security

Register Account 1 NOTE

Keep Alve Type Default
Basic DTMF
Keep Alive Interval{Seconds) 30 It is the signal sent from the IP
d phone to the network, which is
LrilEr RPort Disabled generated when pressing the IP
phone’s keypad during 3 call.
Advanced Subscribe Period(Seconds) 1800
Session Timer
It allows a periodic refresh of
SIP sessions through a re-
INVITE request, to determine
SIP Send MAC Enabled =] whether a 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 TP phones.

VQ RTCP-XR Collector Address shared Call A

a ppearance
VQ RTCP-XR Collector port 5060 %Cplg'r:;ggé IIj;l?
It allows users to share a SIP

Number of fine key 1 line on several IP phones. Any
IP phone can be used to
e, rocee alson the

4. Click Confirm to accept the change.
To register an account via phone user interface:

1. PressMenu->Advanced (default password: admin) ->Accounts.
Select the desired account and then press theEnter soft key.

SelectEnabled from the Activ ation field.

p LN

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.

Multiple Line Keys per Account

You cancustomize 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. These line keys use its Account Label (refer toAccount Registration) as default
label to display on the screen. In order to distinguish these line keys, you can customize the line

key labels one by one or configure the Auto Label rule for these line keys.

For more information on how to register accounts, refer to Account Registration on page 192. If
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you want to configure maximum number of concurrent calls per line key, refer to Multiple Call
Appearanceson page 206. It is not applicable to SIP-T19(P) E2 IP phones.

The number of the DSS keys associated with an accountmust meet the following :

STV 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/T42SI/T41PT41S <=15 /

SIRT40P/T40G/T23P/T23G <=3 /

SIRT21(P) E2 <=2 /

The following shows two line keys associated with aregistered account 101:

17 57 Tue, Dec 06

History Directory

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.

Configure auto linekeys.

Parameter:
Central Provisioning features.auto_linekeys.enable
(Configuration <y0000000000x%cfg Configure whether to transfer a call using
Files) anew line key on a phone basis.

Parameter:

phone_setting.call_appearance.transfer_vi
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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

Configure the number of DSS keys to be

assigned automatically.
Parameter:

account.X.number_of_linekey

Configure the Auto Label feature.
Parameter s:
account.X.auto_label.enable

account.X.auto_label.rule

Configure whether to transfer a call using

<MAC>.cfg a new line key on a per-line basis.

Parameter:
account.X.phone_setting.call_appearance.
transfer_via_new_linekey
Configure whether to set up a conference
call using a new line key on a perline
basis.
Parameter:
account.X.phone_setting.call_appearace.
conference_via_new_linekey
Configure auto linekeys.
Navigate to :
http:// <phonelPAddress>/servlet?p=feat
ures-general&q=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
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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 type automatically.
0-Disabled

1-Enabled

Note: The number of the DSSkeys is determined by the value of the parameter
jaccount . X. numbismot apglicathlei tanSEPKT 29¢PDEAP phones.

Web User Interface:
Features>General Information->Auto Linekeys

Phone User Interface:

None
Integer
account.X.number_of _linekey M 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

is used, the IP phone will skip to the next unused DSS key.

The order of DSS key assigned automatically is Line Key-Ext Key.
Example:

account.l.number_of_linekey= 1

Note:l't wor ks only if the value of the parla
(Enabled).To assign Ext Key, make sure the expansion module has been connected to the
phone in advance. It is not applicable to SIP-T19(P) E2 IP phones.

Web User Interface:
Account->Advanced->Number of line key
Phone User Interface:

None

account. X.auto_label.enable [ Oorl 0

Description :

Enables or disables theAuto Label feature. It is only applicable to the automatically assigned
line DSSkeys.
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0-Disabled, the line keys labek are determined by the value of the parameter
Jaccount.X.labelDZ

1-Enabled, the line keys labek are determined by the custom label rule (configure by the
p ar a madcautX.ajto_label.rul&)Z

Note:l't works only if the value of the paraf
(Enabled).lt is not applicable to SIRT19(P) E2 IP phones.

Web User Interface:
None

Phone User Interface:

None
String
account. X.auto_label.rule M within 99 {3 {1}
characters
Description :

Configures the Auto Label rule.

You need to know the following basic regular expression syntax:

{L}: The value is configured by the parameter Jaccount.X.labelDZ

{N}: An increasing number from N. For example, abc{1}{5} represents the following labels:
abc15, abc26, abc37, and so on.

Multiple labels are separated by J|DZor example, Yea|Yea|Yea|Tom_J2neans to display
JYeaDior first three line keys, and from the fourth one, display label Tom_2, Tom_3, and so
on in turn.

Other Characters: for example, ABC, will display ABC same as what you have configured.
Note : It works only if the values of the parameters] f eat ur es. aut oandi ne
Jaccount.X.auto_label.enableDdre set to 1 (Enabled).It is not applicable to SIP-T19(P) E2 IP
phones. The number of valid labels is configured by the parameter
Jaccount.X.number_of_linekeypZ

Web User Interface:

None

Phone User Interface:

None

phone_setting.call_appearance.transfer_via_new_linekey Oor1l 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, the IP phone will transfer a call using the current line key.

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 areseized,
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the current line key will be used.

Note: The number of the line keys is determined by the value of the parameter
Jjaccount . X. nu mbhe value donfiguiechby the parB@eter

jaccount . X. phone_setting.call DZpgme&karsa mpae.c
that configured by this parameter. It is not applicable to SIRT19(P) E2P phones.

Web User Interface:

None

Phone User Interface:

None

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 line key when
multiple line keys are associated with an account

0-Disabled, the IP phone will place a new call using the current line key when pressing the
Conf/Conference soft key.

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. 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. numbhe value donfiguied by the parb@eter

jaccount . X. phone_setting.call _appearance.
over that configured by th is parameter. It is not applicable to SIRT19(P) E2P phones.
Web User Interface:

None

Phone User Interface:

None

[LX isthe account ID. For SIR T54S/T48G/T48S/T46G/T46S/T29GX=1-16; for SIP-T52S/T42G/T42S X=1-12;
for SIP-T41P/T41S/T27P/T27GX=1-6; for SIRT40P/T40G/T23P/T23GX=1-3; for SIP-T21(P) E2X=1-2.

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.
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X isthe account ID. For SIP-T54S/T48G/T48S/TA6G/T46S/T29GX=1-16; for SIP-T52ST42G/T42S
X=1-12; for SIP-T41P/T41S/T27P/T27GX=1-6; for SIP-TA0P/T40G/T23P/T23G X=1-3; for
SIRT21(P) E2X=1-2; for SIRT19(P) E2X=1.

Per-Line Parameter s Global Parameters
account.X.phone_setting.call_appearance.transfe phone_setting.call_appearance.transfer_via_new_
r_via_new_linekey linekey
account.X.phone_setting.call_appearance.confer phone_setting.call_appearance.transfer_via_new_
ence_via_new_linekey 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 Out
|
Yedlink l+ees e —
Features Directory
Forward&DND General Information NOTE
Call Waiting Enabled
General Call Waiting
Information Cal Waiting On Code It allows IP phones to receive a
new incoming call when there is
v already an active cal.
[T Call Waiting Off Code
P Auto Redial
Intercom Auto Redial Disabled E| It 2lows P phones to
A § automatically redial a busy
Auto Redial Interval (1~300s) 10 number after the first attempt.
ascicy Auto Redial Times (1~300) 10 Key As Send
. Assigns "#" or "*" as the send
Pick up & Park o key.
Hotline
Remote Control 1P phone will automatically dial
! i out the hotline number when
Phone Lock Eoiceiatigcnc Enabled E lfting the handset, pressing the
DHCP Hostname SIP-T466G igiakernhuna 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 call
when the busy party becomes
Action URL Display Method on Dialing User Name Iz‘ avaiable 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

206

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 .

Specify the number of concurrent calls for

each line keyon a phone basis.
<y0000000000x» .cf

Parameter:
g
Central Provisioning phone_setting.call_appearance.calls_per_lin
(Configuration ekey
Files) 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) E2P 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 isthe account ID. For SIRT54S/T48G/TA8S/T46G/T46S/T29GX=1-16; for SIP-T52S/T42G/T42S
X=1-12; for SIPT41P/T41S/T27P/T27GX=1-6; for SIP-TA0P/T40G/T23P/T23G X=1-3; for
SIRT21(P) E2X=1-2.

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
a Local Contact File(Color Screen Phone$ on page 324. 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.
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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/T23PT23G/T21(P) E2/T19(P) E2 IP
phones:

W Ringing

'E' i Marr
Tom 1003
Marry 1009

(CCA)Y))

Answer Forward |  Silence

You can customize the call information to be displayed on the IP phone as required. IP phones
support six call information display methods: Number+Name, Name, Name+Number, Number ,
Full Contact Info (display name<sip:xxx@domain.com>) or Null.

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 qui ckly before picking up the call.

SIRT42G/T42S/T41P/T41S/TA0PT40G/T23P/T23G/T21(P) E2/T19(P) E2 IP phones have a limited
display (up to three lines) due to their smaller screen size.

Procedure

Call Displaycan be configured using the following methods.

Configure display contact photo feature.

Parameter:
Central Provisioning phone_setting.contact_photo_display.en
<y0000000000xx>.cfg
(Configuration File) able

Configure display called party

information feature.
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Parameter:

phone_setting.called_paty_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

Configure display contact photo feature.

Configure display called party
information feature.

Specify the call information display
Web User Interface
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.

0-Disabled

1-Enabled

Note : It is only applicable to SIP-T54S/T52S/T48G/T48S/T46G/T46S/T29G IP phones.
Web User Interface:

Settings->Call Display->Display Contact Photo

Phone User Interface:

None

phone_setting.called_party_info_display.enable Oor1 0
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Parameter s Permitted Values Default

Description :

Enables or disables the IP phone to display the calledparty information when receiving an

incoming call.
0-Disabled
1-Enabled

Note : The information display method is configured by the parameter
Jphone_setting.call_info_display_methodZ

Web User Interface:
Settings->Call Display->Display Called Party Information
Phone User Interface:

None

phone_setting.call_info_display_method 0,1,2,3,40r5 0

Description :

Configures the 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>)
5-Null

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 500
2000
Description :

Configures the interval (in milliseconds) for the IP phone to horizontally scroll the caller

information when the phone is ringing.
Web User Interface:
None

Phone User Interface:
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Parameter s Permitted Values Default

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 wDN

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 ] 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 !dentﬂ.jy 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 LCD screen

Directory Cancel

SIRT46G
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% 1023:

Tom({1001)
4603

SIRT27G

You can customize theaccount information to be displayed on the IP phone as required. IP
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 selected line information displayed 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

Pick up & Park
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:J12 HourD@r ] 24 HourDZ

There are 7available date formats by default. F o r
MMMDZ WWWDZ r e ptheeabbeewidtion of the week day,
] MMMDZ stlegdinst¢heee letters of the month.

and

The date formats available:

exampl e,
] DDDZ staeptwoedigie daday,

for the

Date Format

Example (2016-09-02)

WwWww MMM DD Fri,Sep 02
DD-MMM -YY 02-Sep-16
YYYYMM-DD 2016-09-02
DD/MMIYYYY 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, and so on. For more information, refer to Time and Date Settingson page 219.
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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
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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

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
address offered by the DHCPserver or configured manually.

Time Zone

A time 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.
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Procedure

NTP time server and time zone can 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&qg=Iload

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 Ooril 0

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
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Parameter s Permitted Values Default

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

Description :
Configures the IP address or the domain name of the NTP server2.

If the NTP serverl is not configured (configured by the parameter] | 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 Servep
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Parameter s Permitted Values Default

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 873.
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 :
Configures the time zone name.

The available time zone names depend on the time zone configured by the parameter
j 1l ocal _t i meormoreneforrzaton enlize available time zone namesfor each

time zone, refer to Appendix B: Time Zoneson page 873.

Example:

local_time.time_zone_name = China(Beijing)

Note : It works only if thevalueof t he parameter Jlocal _ti me

(Automatic) and the parameter Jjlocal _ti me
Web User Interface:
Settings->Time & Date->Location

Phone User Interface:
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Parameter s

Permitted Values

Default

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 .

Yealink | vss

-
Log Out

English(English) v

Account Network Dsskey Settings Directory Security
Time&Dat:
Preference imesbate NOTE
DHCP Time Disabled @
Time & Date Time and Date
Manual Time Disabled @ It dlathS on the idle screen of
N IP phones.
call Dsplay Time Zone +8 China . Singapore . Australia+ Russia v
Time Zone .
Upgrade Daylight Saving Time ® Automatic ' Enabled ' Disabled &:Pﬁaé°aﬂsgfr§r;§%gﬂn§;§3’t“
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 Month Day Hour NTP Server
Dial Plan The P phones synchronize the
End Date Month Day Hour time and date automatically
_ from the NTP time server by
Voice Offset{minutes) 0 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
(T Secondary Server pool.ntp.org 0 marnings have less. Tynicall,
clocks 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 | confim | 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 w DN

Select the desired location from the pull-down list of Location .
This field appears only if Daylight Saving Time is set to Automatic .

5. Enter the domain name or IP addressin the Primary Server and Secondary Server field

respectively.
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6. Enter the desired time interval in the Update Interval (15~86400s) field.

Log Out
English(English) v

Yealink | v

Account Network Dsskey Features Settings Directory Security

Preference Ercaote NOTE
DHCP Time Disabled @
Time & Date Time and Date
Manual Time Disabled @ It displays on the idle screen of
Call Displa IP phones.
(2 | Time Zone +8 China\ Singapore « Australa . Russia v e |
Time Zone
Upgrade Daylight Saving Time ® Automatic ' Enabled ' Disabled (@ &:Pﬁaz?inﬁgrﬁg&"ngg dF-a’th
time. It is convenient for areas
Auto Provision | Loeien China(Beiina) M ) | in close commercial or other
communication to keep the
_ Fixed Type DST by Date DST by Week
Configuration i ETEETE
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.
i NTP by DHCP Prior High v Daylight Saving Time
1oeU Y £ g @ It is the practice of temporary
; advancing clocks during the
Tones Primary Server an.pool.ntp.org e 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 Q@ hour at the start of spring and
backward in autumn.
TROG9 Time Format Hour 24 @
Voice Monitoring Date Format VWA MMM DD @ You can dick 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.  SelectAuto matic from the Daylight Saving field.

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 canuse 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

YIYY

It represents a two-digit year.

For example, 16, 17 18A

Y is used more thantwice
(for example, YYY, YYYY)

It represents a four-digit year.

For example, 2016, 20172018A

M/MM

It represents a two-digit month.

For example, 01, 02A, 12

MMM

It represents the abbreviation of the month.

For example, Jan, Feb, A,

M is used more than three

times (for example,

It represents the long format of the month.

MMMM) For example, January, Fel
D is used more than once | It represents a two-digit day.
(for example, DD) For example, 01, 02A, 31
It represents the abbreviation of the day of week.
W/WWwW .
For example, Mon, Tue, A,
W is used more than twice
It represents the long format of the day of week.
(for example, WWW,
For exampl e Mo nda Tuesg
WWWW) xampl €, y, Tt
Procedure

Time and date can be configured using the following methods.

Central Provisioning

(Configuration File)

<MAC> .cfg

Configure the time and date

manually.

Parameter:

local_time.manual_time_enable

Parameter s:
local_time.time_format

local_time.date_format

Configure the time and date formats.

Customize the date format.
Parameter :

Icl.datetime.date.format
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Configure the time and date

manually.

Configure the time and date formats.
Web User Interface
Navigate to :

http://<phonelPAddress>/serviet?p

=settings-datetime&qg=Iload

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, the time will be displayed in 12-hour format with AM or PM specified.

1-Hour 24, the time will be displayed in 24-hour format (for example, 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

221



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

222

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-digtddy, t

] MMMDZ r epresents the first trédpresesalfoardibityeas
and ] YYDZ r e pdigi gearnThesvalue canfigured 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 display format of date.
Y = year, M = month, D = day, W = day of week
Value formats are:
Any combination of W, M, D and the separator (for example, space, dash, slash)
Example :
Icl.datetime.date.format = W,MD
The IP phone displayst he dat e i n JfoAexanpIDAVEdDAR2®)at (
Any combination of Y, M, D, W and the separator (for example, space, dash, slash
Example:
Icl.datetime.date.format = YYYY¥MMM -DDD-WWW

The IP phonedisplays the date in JYYYYMMM -DDD-WWWDZ f o rfomexamplé,
2016-Apr-20-Wednesday).

Note:] Y DZ DZ' Y DZ atwopdigityeas,mtos e t han t wfor edanvplZ YIYEY) t
represent a four-digit year,] MPAMMDZ r e patwosd@gihiment h, JepésehBzhe
abbreviation of the month, t hr ee or mor e t h afor exaniple,M&M) MDZ
represent the long format of the month, one or mor e (fohegampl@DDD) | D
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Parameter s Permitted Values Default

represents a two-digitday, ] WDEWDZ r epr esents t he abbr etireea
or mor e t hr efer eqaiipRZWWANM) iegresentthé 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 Display IP phones.
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 commercial or other
_ Date Format WWW MMM DD v 0 ::rrnngn;pnweﬁtlon 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 adjuted

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 configu ration. You can configure DST forthe

desired area as required.
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Procedure

DSTcan 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 0,1lor2 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>SNTPSettings->Daylight Saving

local_time.dst_time_type Oorl 0

Description :

Configures the Daylight Saving Time (DST)ype.
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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Parameter s Permitted Values Default

Web User Interface:
Settings->Time & Date->Fixed Type

Phone User Interface:

None
) ) Refer to the following
local_time.start_time 1/1/0
content
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 by Week)
I'f Jlocal _ti me. ds tDSTly Date), isg theenlagipinggs s et t o
Month : 1=Jaruary, 2=February, A, 1 &émb&e c
Day:1=t he first day in a month, A, 31= the
Hour:0=0am, 1=la m, A, 11pgm3 =
Example:
local_time.start_time= 1/1/2
I'f Jlocal _ti me. ds tDST lyWeek),tusephe mdpping: set t o
Month : 1=Jaruary, 2=February, A, 1&mb&@e c
Week of Month : l1=the first week in amomthnt h, A,
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= 1/1/7/0

Note : It works only if the value of the parameterj | ocal _ti me. summer
(Enabled).

Web User Interface:
Settings->Time & Date->Start Date

Phone User Interface:

0

1

5

_t

None
. . Refer to the following
local_time.end_time 12/31/23
content
Description :

Configures the ending time of the Daylight Saving Time (DST)
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Parameter s Permitted Values Default

Value formats are:
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, l1émb& 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
I'f Jlocal _ti me. ds {(DSTlyWeek),use therdapging: set to 1
Month : 1=Jaruary, 2=February, A, 1&@mb&@e c
Week of Month : 1=the first week in a month, A, 5
Day of Week : 1=Monday, 2=Tuesday, A, WaySun
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 parameterj | 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 parameter] | 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 .
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3. Select the desired time zone from the pull-down list of Time Zone.

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.
(2 Time Zone +8 China . Singapore « Australia« Russia v e
Time Zone
Upgrade . = ic ® z 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 19 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 of Month,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.

Log Out
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.
= Time Zone +8 China . Singapore . Australa. Russia v 0
Time Zone
Upgrade i . A time zone is a region on Earth
pg Daylight Saving Time Automatic Enabled Dissbled i@ that has 5 uniform standard
- time. It is convenient for areas
. O
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 bv

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
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set to Automatic, the IP phone obtains the DST configuration from the AutoDST file. You can
customize the AutoDST file if required. 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 DST template online:
http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage . For more
information on obtaining the template file, refer to Obtaining Boot Files/Configuration

Filed ResourceFileson page 105.

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.
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Add or modify time zone and DST settings between <DSTData> and </DSTData>.

The display order of time zone is corresponding to the szTime order specified in the
AutoDST.xmlfile.

starting time of this year to the ending time of the next year.
Customizing a n Auto DST file:

1. Open the AutoDSTfile using an ASClleditor.
2. 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 ]+5 Pakistan(Islamabadpand add
DST settings for the existing time zone j+5:30 India(Calcutta)DZ

If the starting time of DST is greater than the ending time, the valid time of DST is from the

AutoDSTxml* x
O A0 T L T T A T T - T T T
<DST szTime="+3 " szZone="Iran(Teheran)" iType=" szStart="3/22/0" szEnd="5/22/0"
<DST szTime="+4 szZone="Armenia (Yerevan)" iType =szStart="3/5/7/2" 10/5/7/3"
<DST szTime="+4" szZone="Azerbaijan (Baku)" iType="1" =zStart="3/5/7/4" 5zEnd="10/5/7/5" s=z0ffset
<DST szTime="+4" szZone="Georgia (Tbilisi)" />
<DST szTime="+4" szZone="RKazakhstan (Aktau)" />
<DST szTime="+4" szZone="Russia (Samara)" /> -
<DST szTime="+4 szZone="Afghanistan (Rabul) /> | Medify it |
<DST szTime="+5 szZone="Razakhstan (Agtabe) "/> iType="1" szbtart="10/1/7/2" szEnd="4/1/7/3" szOffset="60"
<DST szTime szZone="Kyrgyzstan (Bishkek)" />
| <DST szTime szZone="Pakistan(Islamabad)" iType="0" szS8tart="4/15/0" szEnd="11/1/0" s=z0ffset="60"/>
<DST szTimes="+5 szzZone-"Russia (Chelyabinsk) " />
<DST szTime="+5 szZonEZ“India(Calcutta)“IiTypaZ“l“ szStart="9/5/7/3" szEnd="4/1/7/2" szOffsetZ“E:"I>
<DST szTime="+5 szZone="Nepal (Ratmandu) "/>
<DST szTime="+&" szZone="Razakhstan (Astana,Almaty) "/>
<DST szZone="Russia (Novosibirsk,Cmsk)" />
<DST szZone="Myanmar (Naypyitaw)" />
<DST szZone="Russia (Krasnoyarsk)" />
<DST szZone="Thailand (Bangkok) "/>
<DST szTime="+3" szZone="China (Beijing)"/>
<DST szTime="+3" szzZone="Singapore (Singapore)" />
Example 2:

Add a new time zone (+6 Paradise) with daylight saving time 30 minutes.

JAutoDST.xml  x
10

2

O 30 A S0 8D

70

80

I | A

szTime="+53"

szTime="+10"
szTime="+10"

szZone="Russia(Yakutsk, Chita)"/>
szZone="Rustralia(Adelaide)" iType="1" szStart="10/1/7/2"
szZone="Rustralia(Darwin)"™ />

szZone="Australia (Sydney,Melbourne, Canberra) " iType="1" =z

szZone="Rustralia (Brisbane)"/>

<DST szTime="+4:30" szZone="Afghanistan (Kabul)"/>

<D3T szZone="Razakhstan (Agtobe) "/>

<DST szZone="FKyrgyzstan (Bishkek)" />

<DST szZone="Pakistan (Islamabad)" iType="0" szStart="4/15/0" szEnd="11/1/0"
<DST szZone="Russia (Chelyabinsk)" />

<DST 30" szZone="India (Calcutta)"/>

<DST :45" szZone="Nepal (Ratmandu)"/> ‘///

£DST szTime="+6&" szZone="Paradise" iType="1" szStart="3/5/7/2" szEnd="10/5/7/3" sz0ffset="30"/>
DST =zTime="+& szaone="Fkazakhnstan(Astana, Almaty) E

<DST =zzTime="+E" =2zZone="Russia (Novosibirsk, Om=k)" />

<DST szTime="+&:30" szZone="Myanmar (Naypyitaw)" />

<DST =zzTime szZone="Russia (Krasnoyarsk]"™ />

<DST szTime="+7" szZone="Thailand (Bangkok) "/>

<DST =zTime="+8" szZone="China (Beijing)"/>

<DST szTime="+8" szZone="Singapore (Singapore) " />

<DST =zTime="+8" szZone="Australia (Perth)" iType="1" szStart="10/1/7/2" =zEnd="3/5/7/3"
<DST szTime="+8" szFone="Russia(Irkutsk, Ulan-Ude)"/>

<DST szTime="+8:45" szZone="Eucla"/>

<DST szTime="+5" szZone="FKorea (Seoul)"/>

<DST =zTime="+3" szZone="Japan (Tokyo) "/>

szEnd="4/1/7/3

Start="10/1/7/2"

3. Save this file and place it to the provisioning server (for example, 192.168.1.100).

4. Specify the accessURLof the AutoDSTfile in the configuration file .
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Procedure

The access URL of theAutoDST filecan be specified using the configuration file .

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 URL within 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 User Interface Web User Interface

English English

Chinese Simplified

Chinese Traditional

Chinese Simplified

Chinese Traditional
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Note

Phone User Interface Web User Interface
French (Canada) French
French (EU) German
German Italian
Italian Polish
Polish Portuguese
Portuguese (EU) Spanish
Portuguese (Latin) Turkish
Spanish(EU) Russian
Spanish(Latin)
Turkish
Russian

For SIRT48G/T46G/T42G/T41RP phones, they do not support French(Canada) Portuguese
(Latin) and Spanish (Latin).

Loading Language Packs

Note

232

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 beloaded using configuration file .

You can ask the distributor or Yealink FAEor language packs. You can also obtainthe language
packs online: http://support.yealink.com/documentFront/forwardToDocument FrontDisplayPage
For more information on obtaining the language packs, refer to Obtaining Boot
Files/Configuration Files/ResourceFileson page 105.

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 ] ?Difstead.


http://support.yealink.com/documentFront/forwardToDocumentFrontDisplayPage
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Customizing a L anguage for Phone User Interface

The following table lists the available languages and associated language packs for the phone

user interface:

When adding a new language pack for the phone user interface, the language pack must be

formattedas] X. GUI . n aXmsartslfram0g4DZn(a meDZ i s repl aced

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 (Canada)

003.GUl.French_CA.lang

French (EV)

004.GUI.French.lang

German 005.GUI.German.lang
Italian 006.GUl.ltalian.lang
Polish 007.GUl.Polish.lang

Portuguese (EU)

008.GUl.Portuguese.lang

Portuguese (Latin)

009.GUI.Portuguese_LA.lang

Spanish (EU)

010.GUl.Spanish.lang

Spanish (Latin)

011.GUI.Spanish_LA.lang

Turkish

012.GUl.Turkish.lang

Russian

013.GUIRussianlang

If the language name is the same as the existing one, the existing language pack will be

wi t h

overridden by the new uploaded one. We recommend that the filename of th e new language

pack should not be the same as the existing one.

To customize a language file:

1.

Open the desired language template file (for example, 000.GUI.English.lanyusing an ASCII

editor.

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.
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The following shows a portion of the | anguage pack

user interface (take SIRT46G IP phones for example)

000.GULEnglish.lang x

D||||I|||1IDIIIII|||12|D||||I|||3:”::::
1 [ Lang ]| Do net medity the item on the left
z o | of equal sign.

1'*' or '#' as sendr="Fey as zend|
" (Empty) "=" (Empty) " T
"10min™="10min"™

& "12 Hour"="12 Hour" |Modify the item

7 m120s"="120s" (e.g. Key As Send).
E rr155rr=rr155rr

3 "Ilmin"="1min"

10 "24 Hour"="24 Hour"

11 "Zmin"="2Zmin"

12 "3I0min"="30min"

'_1_:’ rr305rr=rr305rr

14 "5min™="5min"

'_E "6':'5"="605"

1e "B02.1x Mode"="802.1x Mode™
17 "802.1x"="802.1x"

"ARCD Login"="ACD Login"
13 "ACD State"="ACD State"”

20 "ACD Trace"="Trace"
E '_ lrECDI‘r:rrECD"
22 !rA_ESFr:";LESH

23 "ALERT"="ALERT"

4 "LP Mac RAddress"="AF Mac hddress"
5 "Account ID"="Account ID"

Z& "Rococount Status"="hccount Status”

3. Save the language fileand place it to the provisioning server (for example, 192.168.10.25.
4.  Specify the access URL of thephone user interface language pack in the configuration file .

If you want to add a new custom language (for example, Guilan)to your IP phone (for example,
SIRT46G), prepare the language file named asj011.GUIl.Guilan.lan@for downloading . After
update, you will find a new |l anguage selection J Gui l

Menu ->Basic->Language.
Procedure

Loading language pack can be performed using the configuration file .

Specify the access URL of thgphone
user interface language pack.

Parameter:
Central Provisioning gui_lang.url
_ _ _ <y0000000000x»%.cfg
(Configuration File) Delete custom LCDlanguage packs

of the phone user interface.
Parameter:

gui_lang.delete
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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. lJand downl oapgdask]tOe . 1GUd g tEangeEnglsth . | 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 simultaneously, 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
http://localhost/all  or
gui_lang.delete http:/llocalhost/  Y.GUIl.nam Blank
e.lang
Description :

Deletes the specified or all custom LCD language packsf 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 (for example,
001.GUIChinese_dang):

gui_langdelete = http://localhost/ 001.GUIChinese_Sang
Web User Interface:

None

Phone User Interface:

None
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Customizing a L anguage for Web User Interface
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The following table lists available languages and associatedlanguage packs for the web user

interface:

Available Language

Associated Language Pack

Associated Note

Language Pack

English

1.Englishjs

1.English_note.xml

Chinese Simplified

2.Chinese_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. Polishjs 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

When adding a new language pack for the web user interface, the language pack must be
formatt eane.ajss OZY(.Y starts
language name is the same as the existing one, the existing language file will beoverridden 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 (for example, 1.Englishjs) using an ASCII editor.

2. Modify the characters within the double quotation marks on the right of the colon. Dond

modify the translation item on the left of the colon.

f r owith the2languge mame).Xzhé s

repl aced
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3.
4.

The following shows a portion of the language pack J1.EnglishjsDtor the web user

interface (take SIRT46G IP phones for example)

LEnglish.js x

DIIII|III1IDIIII|III2IDIIII|III3IDIIII|III4IDIITI|III

wvar objTrans =

Modify the item
(e.g. User Name).

13 Do not modify the item
L4 | | on the left of colon.

LS I =
W R O

Save the language fileand place it to the provisioning server (for example, 192.168.10.25.

Specify the access URL of theveb user interface language pack in the configuration file.

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 (] YDZ and

To customize a note language file:

1.

]

namebDZ ar e

associ

Open the desired note language template file (for example, 1.English_note.xml) using an
ASCII editor.

Modify the text of the note field. Don't modify the name of the note field.

The following shows a portion of the note language pack J1.English_note.xmDfor the web

user interface (take SIRT46G IP phones for example)

1.English_notexml x
I T I W [ T U T WL | W L U T WL [ .

80

9

I

[| <status>

k?xml version="1.0" encoding="utf-8"7%3
[| <notedata>

| Do not modify the note name.

<note name = "fversion|>

<head>Description:</head>

<textﬂlt shows the current firmware version and hardware version of the device.kﬁtext}

</notex>

<note name = "DeviceCertificate"> \l fou can modify the translation of the note name. |

<head>Description:</head>

<text>It shows the Device Certificate of the device.</text>
</notex>
<note name = "network":

<head>Description:</head>

<text>It shows the IP address mode of the device.</text>
</note>
<note name = "network-ipv4a":>

<head>Description:</head>

<text>It shows the basic IPv4 network configurations.</text>
</note>
<note name = "network-ipven:

<headrDescription:</head>

<textrIt shows the basic IPv6 network configurations.</Text>
</notex>
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3. Save the language fileand place it to the provisioning server for example, 192.168.10.25.
4.  Specify the access URL of the note language pack of the web user interface.

If you want to add a new language (for example, Wuilan) to IP phones, prepare the language file

named as [ 12.]Wu2. Wuwi.lj asmdZrmntde . x nfteDdpdateryoudvitl imdd oadi ng
new | anguage s edtthectapirighhcorhewaf thé veeh WB2r interface, and new note

information is displayed in the icon when the new language is selected.

Procedure

Loading language pack can be performed using the configuration file .

Specify the access URL of the custom

language pack for web user interface.
Parameter:

wui_lang.url

Specify the access URL of thecustom

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

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
192 .028DZ. land downl oa fdask]iEngishjsD&Z n diobkshl@nguage
translation will be changed accordingly if you have modified the language temp late 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
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Parameter s Permitted Values Default

wui_lang.url = http://192.168.10.25/11.Russiarjs
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 d o 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 Inter face:

None

Phone User Interface:

None

. http://llocalhost/all  or
wui_lang .delete ) Blank
http://localhost/  Y.name.js

Description :

Delete the specified or all custom web language packs and note 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 (for example, 11.Russian.js)
wui_langdelete = http://localhost/ 11.Russian.js

The corresponding note language pack (for example, 11.Russian_note.xml) will also be
deleted.
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Parameter s

Permitted Values Default

Web User Interface:
None
Phone User Interface:

None

Specifying the Language to Use

240

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 English by default. You

can specify the languages for the phone user interface and web user interface respectively.

Procedure

Specify the language for the phone user interface or the web user interface using the following

methods.

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

Specify the languages for the phone
user interface or the web user

interface.
Parameters:
static.lang.gui

static.lang.wui

Web User Interface

Specify the language for the web

user interface.

Phone User Interface

Specify the language for the phone

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 :

For SIRT54S/T52S/T48S/T46S/T42S/T41S/T40G/T29G/T27P/T27G/T23P/T23G/T21(P)

E2/T19(P) E2 IP phones:

English, Chinese S Chinese_TFrench_CAFrench, German, ItalianPolish, Poruguese,

Portuguese_LA Spanish Spanish_LATurkish, Russianor the custom language name.
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Parameter s Permitted Values Default

For SIRT48G/T46G/T42G/T41P/T40P IP phones:

English, Chinese S Chinese_T French, German, ItalianPolish, Portuguesg Spanish Turkish,
Russianor the custom language name.

Example:
static.lang.gui = English

If you want to use the custom language (for example, Guilan)for the IP phone, configure the

parameter jstatic.lang.gui = GuilanDZ

Note : For SIRT42G/T41P/T40P/T40G/T23P/T23G/T21(P) E2/T19(P) E2 IP phontéwy 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 (for example, 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 phoneshey do not support Chinese by default. For more information,
contact Yealink FAE.

Web User Interface:
None

Note : You can change the language for the web user interface on each page via veb user

interface.
Phone User Interface:

None
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To specify the language for the web user interface  via web user interface :

1. Select the desired language from the pull-down list at the top -right corner of the web user
interface.

LogOut

English(English) ¥

Status Account Directory

Yealink | v

Version )

Status NOTE

Firmware Version 28.81.0.20

Version
Hardware Version 28.1.0.128.0.0.0 It shows the version of firmware
and hardware.

Device Certificate e
Network

Device Certificats Factory Installed It shows the network settings
Srice erere . b of Internet (WAN) port.

To specify the language for the phone user interface  via phone user interface :

1. PressMenu ->Basic->Language.

2. Press@ or@ to select the desired language.

3.  Press theSave soft key to accept the change.

Input Method

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 ] He b r e vanditheredovinlwad D the IP phone. The changesin the

J Rus s i a nfileibecemes affactivé when the language is set to RussianThe changes in the
JHebrew_ime.txtDZfile becomes aff etThechangesimthen t he | an
Jime.txtDzZfile is af fPelotes sugportfédanput methdds: LaBabclAbcn gu age s .
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 Hebrew. If you want

to set the language to Hebrew, you have to add the new custom language - Hebrew to your IP

phone in advance. For more information, refer to Customizing a Language for Phone User

Interface on page 233.

If you just want to customize the input method for a certain language, the filename must be

f or mat tlaeglagermamg i me .fdr exaniple, German_ime.tx{).

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 105.
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The following shows a portion of the keypad input method file Jime.txtDZ

imetxt x

L AR 1L R AT AU AT ATANONT: | TR ST
1 [2aE]
= mqn
"Z2abcRBC"
"3defDEF"
"4ghiGHI"
"5]k1JEL"
" EmnoMNO"
"TpgrsPQR3"
"BtuvTUV"
" SwryzWXYZ"
ngn
L T2IN- () B/ HEFEC> £ SE[] {10 SE T
ll#ll

r 1
HoF O WD -l om Lo R
Inn

15 [abe]
"abclieddidac”
"def3ségss"
"ghi4iiii"
"SiR158"

"pgrsTRs"

"tuviuadia"

"wxyz9yE"

L, T2IN- (V@S _ptev=<> £ SER ] {1~ SE "
ll#ll

HoF O WD -] @ W R

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
nan
= mgm

= mgmn

T N
I

= mgm
= wgn
= wgn
= wgm
= m& 1. @’{ "
= mgm

W ox O W o
I

[Hebrew]

= mqm

= mipam
= Miqu"
"1ion"™
= rrlz—[j-. "

= myppon

e = T T S TR S I ]
I

= "nm—"

= "?-F-j"

= "gzpo"

L lorr

= "o E4-gT

= mgn

W o O W
]
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The following shows a portion of the keypad input method file JRussian_ime.txDZ

Russian_imetxt x

T T P SR S
[2aB]

1 = mim

2 = "AEBTaBeETZABCabc™

3 = "ODEXSne=s3DEFdef™

4 = "P]fIKJ'LT.n"IM'}GHIghi"

5 = "MHCMMEOODSJELKL™

6 = "PCTVporyeHNCmno™

T = "EXIUdxnuTPORSpogrs™

8 = "IIbHmresTUVEuv"

9 = "bEAranAEIWXYZwryz"

g = mg m

o= oma L U INS ()@ rer=<> £ SER[]{}~"; i 5E"
£ = ngn -

[ABC]

1= ", BB - () ira/2E+c=>"SESER "

2 = "AEBTAEBC"

3 = "OEE3DEE"

4 = "HIIKIIGHI"

5 = "MHONJEL"

& = "PCTYMNO"

7 = "EXIUPQRS"

8 = "IEEHTOV"

3 = "b3DAWKYZ"

0 = n 0"

o= omE  UINC ()RS r+ax=e> ESER[] {1~ 28T
;x; = rr#rr

To customize a keypad input method file:

1. Open the desired keypad input method file (for example, ime.txt) using an ASCII editor.

2. Under the input method field ( for example, [abc]),add new characters or adjust the
characters 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 (for example,
192.168.10.25.

4. Specify the access URL of the custonkeypad input method file in the configuration file .

Note 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 file.

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

] 192.168. 1. 25 Die caston kegpadv nnlpouatd smet hod fil e 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 and kegpadinpit methdds f it Ihe jcR < skadma

Russian language.

Note : If you want to upload a custom keypad input method file for the desired language,
you can name t hnamef i me. f kabfuage
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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 (for example, 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 file.

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

directory.edit_default_input_method Abc, 2aB, 123, abc or ABC Abc

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
Web User Interface:

None

Phone User Interface:

None

directory.search_default_input_method Abc, 2aB, 123, abc or ABC Abc

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
Web User Interface:

None

Phone User Interface:

None

Logo Customization

Logo customization allows unifying the IP phone appearance or displaying a custom image on

the LCDscreen 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
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In this example, asystem logo (Yealinklogo) is displayed on the image logo screen:

Yealink - o

Logo is not applicable to SIRT54S/T52S/T48G T485 T46G T465 T29GIP phones.

The following table lists the supported logo file format and resolution for each phone model.

Logo File

Phone Model Resolution
Format
SIRT42G/T42S/T41PT41S .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 *.bmp. Yealink IP phones only support the *.dob format

logo files. Yealink provides PictureExDemotool to convert *.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 = —————

Deletel | Convert || about |

2. Click Add button to open a *.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 LCDscreen.
<y0000000000x».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

Web User Interface

Configure the logo shown on the

idle screen.
Upload the custom logo file.
Navigate to :

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

Details of Configuration Parameters:

Parameter s Permitted Values Default

phone_setting.lcd_logo.mode

Description :

Configures the logo shown on the LCD screen.

0-Off, the IP phone is not allowed to display a logo.

1-SystemLogo, the LCD screen will display the system logo.

2-Custom Logo, the LCD screen will display the custom logo (you need to upload a custom

logo file to the IP phone).

Note: It is not applicable to SIRT54ST525 T48G/T48S/T46GT46S/T29GIP phones.

Web User Interface:
Features>General Information->Use Logo
Phone User Interface:

None

Icd_logo.url

URL within 511

Blank

Description :

Configures the access URL othe custom logo file.

Example:

lcd_logo.url = http://192.168.10.25/logo.dob

During the auto provisioning process, the IP phone connects to the provisioning server



http://192.168.10.25/logo.dob

Configuring Basic Features

Parameter s Permitted Values Default
7192.168.102DZ and dsowinheoacustom |l ogo file Jlog
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. Click on Features->General Information .

2. Selectthe desired value from the pull-down list of Use Logo.
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3. If you select Custom logo, you can click Browse to select the logo file from your local
system, and then click Upload to upload the file.

Log Out

Yealink [z

Account Network DSSKey Features 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
" Assigns "#” or "*” as the send
Pick up & Park 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 =
Upload Logo [ Brosse= [No 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 B T Disabled [=] You can click here to get
more guides.
Notiction Popups

4. Click Confirm to accept the change.

Softkey Layout

252

Softkey layout is used to customize the soft keys at the bottom of the LCD screen to best meet
user so 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 253.

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 698.
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Customizing Softkey Layout Template

File

The softkey layout template allows you to customize soft key layout for different call states. The
call states include Callrailed, Calln, Connecting, Dialing (not applicable to SIRT48dFS), 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 s oftkey layout template, refer to Obtaining Boot

Files/Configuration Files/ResourceFileson page 105.

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(Call Failed Switch
Empty
End Call
Empty
Answer
Empty
Forward
Callin (Incoming Call) Switch
Silence
Decline
Reject
Empty
Empty Empty
Connecting
Empty Switch
Connecti End Call
ng Transfer
SemiAttendTrans
Empty Empty
(Transfer _
Connecting) Empty Switch
End Call
Empty
History
Send Switch
Dialing (not applicable to IME Line (not applicable to
SIRT48dS IP phones) Delete SIRT19(P) E2 IP phones)
End Call Favorite (Directory)
GPickup
DPickup
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Call State Default Soft Key s Optional Soft Key s
Retrieve
Empty
Empty Empty
RingBack
Empty Switch
End Call
RingBack
Transfer
SemiAttendTrans
Empty Empty
Back (Transfer
E Switch
Ring Back mpty witc
End Call
Empty
Mute
SWAP
NewCall
Transfer
Switch
Hold
Talk (On Talk) Answer
Conference
Reject
End Call
PriHold
Park
GPark
RTP Status
Transfer Empty
Talking Resume Switch
Hold
NewcCall Answer
End Call Reject
Empty
Transfer Switch
Empty Answer
Held
Conference Reject
End Call NewCall
Hold
PreTrans(Transfer | B Transfer Empty
to, not applicable | Send IME
to SIRT48GS IP Delete Directory
phones) End Call Switch
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Call State Default Soft Key s Optional Soft Key s

Empty
Switch
Empty Answer
Hold Reject
Conferenced .
Split Mute

End Call Manage (not applicable
to SIP-T48G/S IP phones)

RTP Status

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 enabled 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 displayed on the LCD screen by default.

To customize a softkey layout template:

1.

Open the template file using an ASClleditor.
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2. For eachsoft key that you want to enable, move the string from the disabled soft key list to
enabled soft key list in the file.

CallFailedxml™ x

l;llllTllll 1|D||||I||| 2|D||||I||| 3||:|||||I||| 4|D||||I||| 5|D||||I|

<?xml version="1.0"?>
El «CallFailed>
O <Disable>

<Key Type="Empty"/>

<¥Hey Type="Switch" />
| <Xev Type="End Call"/> |
- </Dizable>
El  <Enable>
<¥ey Type="NewZall"/>
<Key Type="Empphty"/>
<Key Type="Empty"/>
I<E(e3.' Type"Empty "™/ >
- </Enakle>
E  «<Default>
<¥ey Type="NewCall"/>
<¥ey Type="Empty"/>
<Key Type="Empty"/>
<Hey Type="Empty"/>
- </Dafaultc>
—I<iCallFailed>

If you want to enable the End Call soft key in CallFailed
state, just mowe this string.

For each soft key that you want to disabled, just move the string from the enabled soft key
list to disabled soft key list.

CallFailed.xml* x

T Y - L .
<?xml version="1.0"7>
-] <CallFaileds>
]  <Disable>
<Key Type="Empty"/>
<Hey Type="Switch" />
‘ <Key Type="End Call"/>
| If you want to disable the Mew(Call soft key in
B QIDiS!ﬁ)\ CallFailed state, just move this string.
-] <Enakle>
I <Hey Tyvpe="HewCall"/>
<khey IType=TERmprCy"/ >
<Key Tvpe="Enpty"/>
<Key Type="Emnpty"/>
</Enable>
-] <Defaunlt>
<Key Type="NewCall"/ />
<Hey Tyvpe="Empty"/,/>
<Hey Type="Enpty",/>
<Key Tvpe="Enpty"/>
- «</Default>
- </CallFailed>

3. Save the changeand place this file to the provisioning server.

4.  Specify the access URL of the aftkey layout template in the configuration file .
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Procedure

Specify the access URL of the sftkey layout tem plate using the configuration file .

Central Provisioning
<y0000000000xx>.cfg
(Configuration File)

Configure the softkey layout.
Parameter:

phone_setting.custom_softkey enabl
e

Specify the access URL of the softkey

layout template.

Parameters:
custom_softkey_call_failed.url
custom_softkey_call_in.url
custom_softkey_connecting.url
custom_softkey_dialing.url
custom_softkey_ring_back.url

custom_softkey_talking.url

Web User Interface

Configure the softkey layout.
Navigate to :

http://<phonelPAddress >/servlet?p
=settings-softkey&q=load

Details of Configuration Parameters:

Parameter s

Permitted Values Default

phone_setting.custom_softkey enable

Oorl 0

Description :

0-Disabled

1-Enabled

Web User Interface:

Settings->Softkey Layout->Custom Softkey
Phone User Interface:

None

Enables or disables custom soft keys layout feature.

custom_softkey_call_failed.url

URL within 511 characters Blank

Description :
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Parameter s Permitted Values Default

Configures the access URL of the astom file for the soft key presented on the LCD screen
when in the Call Failed 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 Califraleddnd fwinll @ afdrsom t he J.XMLTf i

Note : It works only if the value of the parameter Jphone_setting.custom_softkey_enabl®id
set to 1 (Enabled).

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/Callin.xml

During the auto provisioning process, the IP phone connects to the provisioning server
j192.168. 1. 20DZ CGCallindmlleofwnd no atdhse tdimeetddy.f i | e s DZ

Note : It works only if the value of the parameter Jphone_setting.custom_softkey enabl®id
set to 1 (Enabled).

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 Comectindanhitelf 0 @mdns t thiee J XMLTf i | e



http://10.2.8.16:8080/XMLfiles/CallFailed.xml
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Parameter s Permitted Values Default

Note : It works only if the value of the parameter Jphone_setting.custom_softkey enabl®id
set to 1 (Enabled).

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 Daalind.xmiifoiwlnd ofardesm tthlee j XML f i |

Note: It works only if the value of the parameter Jphone_setting.custom_softkey_enabl®i&
set to 1 (Enabled).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
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
192.168. 1. 20DZ RangBhcksndfwinlleo afdrsomt htehe J XML i

Note : It works only if the value of the parameter jphone_setting.custom_softkey enabl®id
set to 1 (Enabled).

Web User Interface:
None
Phone User Interface:

None
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Parameter s Permitted Values Default

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 Talking.xmdfoiwind ofardesm t tiheetory. X ML f i |

Note : It works only if the value of the parameter Jphone_setting.custom_softkey enabl®ig
setto 1 (Enabled).

Web User Interface:
None
Phone User Interface:

None

To configure softkey layout via web user interface:

1. Click on Settings ->Softkey Layout.
Selectthe desired value from the pull -down list of Custom Soft key.

Select the desired state from the pull-down list of Call States.

p LN

Select the desired soft key from the Unselected Softkeys column and then click El

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 ].



Configuring Basic Features

The LCD screerdisplays the soft keys in the adjusted order.

Yealink | s

Account Network Dsskey

Log Out
English(English) ¥

Settings Directory Security

Preference NOTE
Custom SoftKey Enabled @
Time & Date Softkey Layout
s 2= Diaing M 0 It is used to customize the soft
N keys at the bottom of the LCD
Ty screen to best meet users’
Selected Softkeys requirements.
Upgrade Uiz 2aE SERED (ordered by postion)
Empty Send You configure the softkey
. History IME layout using the softkey layout
Auto Provision Switch Delete templates for different call
Line Selection — | [End call [ 1 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.

Key As Send

Key as send allows assigning the pound key(j#D2r asteriskkey (J*D4s the send key.

Procedure

Key as send can be configuredusing the following methods.

Central Provisioning

Configure a send key.
Parameter:

features.key_as_send

<y0000000000xx» .cfg
(Configuration File)

Configure send pound key.
Parameter:

features.send_pound_key

Web User Interface

Configure a send key.
Configure send pound key.
Navigate to :

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

Phone User Interface

Configure a send key.
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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, neither j#D&or J*DZan be used as the send key.
1-# key, the pound key is used as the send key.

2-* key, the asterisk key is used as the send key.

Web User Interface:

Features>General Information->Key As Send

Phone User Interface:

Menu->Features->Others->General->Key As Send

features.send_pound_key Oorl 0

Description :

Enables or disables the IP phone to dial outj##D&hen the user only presses the # key on
dialing screen or pre-dialing screen.

0-Disabled, the IP phone will dial out j#Dwhen the user presses the # keyfor the second

time.

1-Enabled, the IP phone will dial outJ##D&hen the user presses the # keyfor the third time .
Note : It works only if the value of the parameter] f eat ur es . key _a#kegp.en
Web User Interface:

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 .
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2. Select the desired value from the pull-down list of Key As Send.

Yealink |

Log Out

English(English) ¥

Features Settings Directory Security

NOTE

Call waiting

It allows IP phones to receive a
new incoming call when there is
already an active call.

Auto Redial

It allows IP phones to
automatically redial a busy
number after the first attempt.

Key As Send

Assigns "#" or "*" as the send
key.

Account Network Dsskey

Forward&DND General Information

Call Waiting Enabled v e
General
Information Call Waiting On Code ]

’

Audio Call Waiting Off Code e

Auto Redial Disabled @
Intercom

Auto Redial Interval (1~300s) 10 (7]
as=icy Auto Redial Times (1~300) 10 @
Pick up & Park Key As Send # @ |
Remote Control Reserve # in User Name Enabled @

Hotline
1P phone wil automaticalv dial

3. 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.

Send Tone

Send tone allows the IP phone to play a key tone when a user presses the send keylt works only

if key tone is enabled. For more information on key tone, refer to Key Tone on page 264.

Procedure

Send tone can be configured using the following methods.

Central Provisioning
<y0000000000xx% .cfg
(Configuration File)

Configure a send tone.
Parameter:

features.send_key_tone

Web User Interface

Configure a send tone.
Navigate to :

http://<phonelPAddress>/serviet?p

=features-audio&g=load

Details of Configuration Parameter:

Parameter

Permitted Values Default

features.send_key_tone

Oorl 1
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Parameter Permitted Values Default

Description :

Enables or disables the IP phone to play a key tone when a user presses a send key.
0-Disabled

1-Enabled

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

To configure a send tone via web user interface:

1. Click on Features->Audio .

2. Select the desired value from the pull-down list of Send Tone.

Log Out

Engiish(Englsh) -

Yealink | e

Account Network Settings Directory Security

Forward&DND Audio Settings L
Call Waiting Tone Enabled - 0

General Tone

Information Key Tone Enabled AN 7 ] Enables or disables the call

7 P |o waiting tone, key tone and

Send Tone Enable b

Audio send tone.
Redial Tane Q@ Redial Tone

3. Click Confirm to accept the change.

Key Tone

Key tone allows the IP phone to play a key tone when a user presses any key.

Procedure

Keytone can be configured using the following methods.

Configure a key tone.
Central Provisioning
<y0000000000xx% .cfg Parameter:
(Configuration File)
features.key_tone

Configure a key tone.

Navigate to :
Web User Interface

http://<phonelPAddress>/serviet?p

=features-audio&g=load

Phone User Interface Configure a key tone.
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Details of Configuration Parameter

Parameter Permitted Values Default

features.key_tone Oor1l 1

Description :

Enables or disables the IP phone to play a key tone when a user presses any key on your
phone keypad.

0-Disabled

1-Enabled

Web User Interface:
Features>Audio ->Key Tone
Phone User Interface:

Menu->Basic->Sound->Key Tone

To configure a key tone via web user interface:

1. Click on Features->Audio .

2. Select the desired value from the pull-down list of Key Tone.

Log Out

English(English) -

Yealink lvses

Account Network Directory

Forward&DND Audio Settings NOTE
Call Waiting Tone Enabled - @

General Tone

Information Key Tone Enabled - | [7] Enables or disables the call

P e o waiting tone, key tone and

Send Tone Enable: A

P send tone.
Redil Tone (7] Redial Tone

3. Click Confirm to accept the change.
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 to] matchD@&pecify and recognize)

strings of text, such as particular characters, words, or patterns of characters.
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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, and so on by one matching string .

If you enable new dial plan mechanism, old dial plan will be ignored.

Dial Plan using XML Template Files

266

YealinkIP phones support the following dial plan features:

Replace Rule
Dial Now
Area Code
Block Out

You can configure these dial plan features via web user interface or using configuration file . You
can select to add a replace rule/dial 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:

] 1 2voul¥match J 1397 13207 1325DZ laBcDZAnd so on.

ThejxDZ can be used as a pl akxample:|l d
j 1 2wold@match ] 1197 12P)7 13DY laRZAnd so on.

The dashj-D&an be used to match a range of characterswithin the

- brackets. Example:

j [®B] DZ woul d mat &bZ6DZDEDZnDZmber |

Thec o mma caif he DZed as a separator within the bracket.

Example:

j[ 2,5, 8] DZwoul d 20ZDbZ& 8DZt he numbe

The square bracket"[]" can be used as aplaceholder for a single

I character which matches any of a set of characters. Example:

"91[5-7]1234"would match | 951234 [JZ9%1 2 3,1 BA 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)([2-71 ) 3" wo u928 DF5R PBIH Rd so on.

$ The J7$DZfoll owed by the sequenc
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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
digtsi n the first par enbzhreadpgs inkhb
second parenthesis, that is, ]9

Replace Rule

Replace rule is an alternativestring that replaces the numbers entered by the user. IP phones

support up to 100 rep

lace 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 269.

Procedure

Replace rule can be createdusing the following methods.

Central Provisioning

(Configuration File)

Create the replace rule for the IP

phone.
Parameters:
<y0000000000xx% .cfg ) ]
dialplan.replace.prefix.X
dialplan.replace.replace.X

dialplan.replace.line_id.X

Web User Interface

Create the replace rule for the IP
phone.

Navigarte to :

http://<phonelPAddress>/serviet?p

=settings-dialplan&qg=load

Details of Configu

ration Parameters:

Parameter s Permitted Values Default

dialplan.replace.pref

(X ranges from 1 to 100)

ix.X
String within 32 characters Blank

Description :

Example:

Note : It works only if the values of the parameters] di al pl an.

Configures the entered number to be replaced.

dialplan.replace.prefixl = 1

di gndt map.
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Parameter s Permitted Values Default

jaccount . X.dial plan.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.1 =254245

When you enter the number DaDdhlaenrd Jp@ilaéphdes O
theent ered number J 1DZ

Note:l' t works only if the values of etDE@anpar ¢
Jjaccount . X. dial plan.digitmap.enabl eDzZ 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.

Permitted Values:

0 to 16 (for SIRT54S/T48G/T48S/T46GT46S/T29Q
0 to 12 (for SIP-T52S/T42G/T42S)

0 to 6 (for SIP-T41P/T41S/T27PIT27G)

0 to 3 (for SIP-T40P/T40G/T23P/T23G)

0 to 2 (for SIRT21(P) E2

Example:
dialplan.replace.line_idl = 1,2

Note: Multiple line IDs are separated by commas. It is not applicable to SIP-T19(P) E2 IP
phones.1't wor ks only if the values of the par

Jjaccount . X. dial plan.digitmap.enabl eDzZ ar e
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Parameter s Permitted Values Default

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.
Enter the string in the Prefix field.

Enter the string in the Replace field.

p w DN

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(Englsh) ¥

Yealink | vas

Account Network Dsskey Settings Directory Security

Preference Replace Rule NOTE
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 TEE:
"."represents 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
1oeU 10 character sets.
“()":combines two or more
Tones patterns.
“¢":followed by the sequence
number of 3 parenthesis means
Softkey Layout the characters placed in the
Prefix| 1 Replace | 254245 Account| 1,2 parenthesis.
TROG9
. . . You can click here to get
Voice Monitoring | Add | | EdEt | | Del | more guides.

5. Click Add to add the replace rule.

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 105.
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
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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 commas. It is not applicable to SIR-T19P) E2IP
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/T42GFT42S 0~12
1~12 stand for linel~linel 2
0 stands for all lines
SIRT41R T41S/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 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 266.

To customize a replace rule template :

1. Open the template file using an ASClleditor.
2. 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.

LinelD="" specifies the 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||||3|D||||I||||4|D|
1 <%xml version="1.0" encoding="UTF-8"7%>
2[H <pialRule>

<Data Prefix="2510" Replace="05522510" LineID="1,2" />

<Data Prefix="2511" Replace="05922511" LineID="1,2" />
| [<pata Prefix="2512" Replace="05522512" LineID="1" />

</DialRule> "\
I |Add a new replace rule. |

5|D||||I||||6|E|||||I||||":I‘|D|

1 on kN 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.
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4.  Specify the access URL of the replace rule templaten the configuration file .

Procedure

Specify the access URL of the replace rule templataising the configuration file .

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 URL within 511 characters Blank

Description :

Configures the accessURL 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 doWwel oapkadaplan.ud el OZi | e ]

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

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 becreated 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 275.

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.
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Procedure

Dial now rule can be created using the following methods.

Create the dial now rule for the IP
phone.

Parameters:
dialplan.dialnow.rule.X

Central Provisioning
<y0000000000xx% .cfg dialplan.dialnow.line_id.X

(Configuration File)
Configure the delay time for the dial

now rule.

Parameter :

phone_setting.dialnow_delay

Create the dial now rule for the IP
phone.

Navigate to :

http://<phonelPAddress>/serviet?p
=settings-dialnow&qg=load
Web User Interface

Configure the delay time for the dial

now rule.
Navigate to :

http://< phonelPAddress>/servlet?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)

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

Jjaccount . X. dial plan.digitmap.enabl eDzZ ar e
Web User Interface:

Settings->Dial Plan->Dial Now->Rule
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Parameter s Permitted Values Default

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:

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)

0 to 2 (for SIRT21(P) E2

Example:
dialplan.dialnow.line_id1 = 1,2

Note: Multiple li ne IDs are separated by commas.lIt is not applicable to SIP-T19(P) E2 IP
phones.l t wor ks only if the values of the par
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 :
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.
If it is set to O, the IP phone will automatically dial out the entered number immediately.

Note:l't wor ks only i f the values .oefnabhlee OZaa re

Jjaccount . X. dial plan.digitmap.enabl eDzZ ar e
Web User Interface:

Features>General Information->Time Out for Dial Now Rule

Phone User Interface:

None
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To create a dial now rule via web user interface:

1. Click on Settings ->Dial Plan->Dial Now.
2.  Enter the desired value in the Rule field.
3.  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.

Log Out

English(English) ¥

Account Network Dsskey Settings Directory Security

Yealink |

Time & Date = i EEIUTE Replace Rule:An zlternative
q string that replaces the entered
= numbers.
Call Display 2 Dial-now:Automatically dial out
the entered numbers.
Upgrade 3 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
2] bracket.
- *[1":a character matches any of
T 10 character sets.

*{)":combines two or more
Tones patterns.
“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 | Edt | 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

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 |

Account Network Dsskey Features Settings Directory Security

Forward&DND General Information IOTE
Call Waiting Enabled @
General Call Waiting
Information Call Waiting On Code e It allo_ws IP_phonﬁasL}f regﬁive a
new incoming call when there is
~ v already an active call.
Audio Call Waiting Off Code e
Auto Redial
Itercom Auto Redial Disabled v e = aIIows_IP phon_es -
Auto Redil Interval (1~300s) 10 (7] ?fjﬁg;’eﬂ}tggr’;?%fstb:gempt_
e Auto Redal Times (1~300) 10 ) o
. Assigns "#" or "*" as the send
Pick up & Park Key As Send # @ 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(0~105) 4 e ;DEEkE[DhUHE key or the line
ey.
e Busy Tone Delay (Seconds) 0 v e Call Completion
SMS Return Code When Refuse 486 (Busy Here) @ gﬁ”gﬁéﬁﬁfgﬁ?&%gﬁ
Action URL Return Code When DND 480 (Temporarily Unava ¥ e :’v’;ﬁa”b";hiub;-‘esg’e_ﬂwaer? ;&ﬂ‘.‘.cumes
Bluetooth & @ Dabled ‘e You can click here to get
Feature Key Synchronization Disabled v e mare guides.
Power LED
Time Out for Dial Now Rule 1 (7]
Notification Popups RFC 2543 Hald Disabled @
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3.

Customizing Dial Now Template File

Click Confirm to acceptthe change.

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 file.

You can ask thedistributor or Yealink FAEfor 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 105.

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) E2IP 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/T42GT42S 0~-12
1~12 stand for linel~linel 2
0 stands for all lines
SIRT41RAT41S/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 266.
To customize a dial now template :

1.
2.

Open the template file using an ASClleditor.

Create dial now rules between <DialNow> and </ DialNow>.

For example :

<Data DialNowRule="1001" LinelD="0" />

Where:

DialNowRule="" specifies the dial now rule.
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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

T T e T
1 <%uml version="1.0" encoding="UTF-8"7%>
2 H <DialMow>
3 <Data DialNowRule="123" LineID="1,2,3" /=
<Data DialNowRule="45&" LineID="1,2,3" />
| [<Data DialNowRule="1001" LineID="0" /> |
</DialNow> ,

I

| Add a new dial-now rule. |

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 file .

Configure the access URL of thedial

Central Provisioning now template.
<y0000000000x» .cfg
(Configuration File) Parameter:

dialplan_dialnow.url

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
] 1921026DZ. and do wlealnovardesf itlhee J di al now. xml DZ

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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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:

<y0000000000xx»> .cf .
(Configuration File) Y J 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

lengths of entered numbers.

Web User Interface )
Navigate to :

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_le®a@nd the maximum length configured by the
parameter jdialplan.area_codemax_lerD& works only if the values of the parameters

jdial plan. bli gbZ2z anag¢ . eaacount . X. di al pl an. di ¢
Web User Interface:

Settings->Dial Plan->Area Code->Code
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Parameter s Permitted Values Default

Phone User Interface:

None

dialplan.area_code.min_len Integer from 1to 15 1

Description :
Configures the minimum length of the entered numbers.

Note:l't works only if the values of the para

Jjaccount . X. dial plan.digitmap.enabl eDzZ 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] di al pl an. di gi t map. enabl eDZand Jacco
(Disabled).

Web User Interface:
Settings->Dial Plan->Area Code->Max Length (1-15)

Phone User Interface:

None
. . . 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:

0to 16 (for SIRT54S/T48G/T48S/T46GT46S/T29G
0to 12 (for SIP-T52S/T42G/T42S)

0 to 6 (for SIP-T41P/T41S/T27PI/T27G)

0 to 3 (for SIP-T40P/T40G/T23P/T23G)

0to 2 (for SIRT21(P) E

Example:
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Parameter s Permitted Values Default

dialplan.area_code.line_id=1

Note: Multiple lin e IDs are separated by commasit is not applicable to SIP-T19(P) E2 IP
phones.l t wor ks only if the values of the par
jaccount . X.dial plan.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. Click on Settings ->Dial Plan->Area Code.
2. Enter the desired values in the Code, Min Length (1-15) and Max Length (1-15) fields.
3. Enter the desired line ID in the Account field or leave it blank.

If you leave this field blank or enter 0, the area code rule will apply to all accounts on the IP
phone.

LogOut

English(English) ¥

Account Network Dsskey Settings Directory Security

Yealink | vas

Time & Date Replace Rule:An alternative
Code 0592 string that replaces the entered
= numbers.
Call Display Min Length (1-15) 1 Dial-now:Automaticaly dial out
the entered numbers.
Upgrade Max Length (1-15) |15 Area Code:Automaticelly add
e the area code before the
. Account 1 numbers when dialing.
Auto Provision Block Out:It prevents users
from dialing out specific
Configuration Confirm Cancel numbers.
"."irepresents any string.
Dial Plan "X"irepresents 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

Central Provisioning phone.
<y0000000000x»%.cfg
(Configuration File) Parameters:

dialplan.block_out.number.X
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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&qg=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)

Description :

Configures the block out numbers.
Example:
dialplan.block_out.number.1 = 4321

When you di al432aDZeo m uymobuerr phone, the dialin
prompt "Forbidden Number".

Note:l't works only if the values of the par g
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 0 stands for all lines. If it is
left blank, the block out rule will apply to all lines on the IP phone.

Permitted Values:

0 to 16 (for SIRT54S/T48G/T48S/T46GT46S/T29Q
0to 12 (for SIP-T52S/T42G/T42S)

0 to 6 (for SIP-T41P/T41S/T27PIT27G)

0 to 3 (for SIP-T40P/T40G/T23P/T23G)

0 to 2 (for SIRT21(P) E2

Example:

dialplan.block_out.line_id1 =1,2,3

Note: Multiple li ne IDs are separated by commaslt is not applicable to SIP-T19(P) E2 IP
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Parameter s Permitted Values Default

phones.l t wor ks only if the values of the par

jaccount . X. dial plan.digitmap.enabl eDZ ar e
Web User Interface:

Settings->Dial Plan->Block Out->Account

Phone User Interface:

None

To create a block 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.
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.
Log Out
- English(English) v
Yealink | s
Account Network Dsskey Settings Directory Security
Time & Date Replace Rule:An alternative
| BlockQut Numberl 4321 Account 1,2,3 | string that replaces the entered
Call Displar numbers.
all Display BlockOut Number2 Account Dial-now:Automaticaly dial out
the entered numbers.
Upgrade BlockOut Number3 Account Area Code:Automaticelly add
the area code before the
. BlockOut Numberd Account numbers when diling.
Auto Provision Block Out:It prevents users
BlockOut Numbers Account from dialing out specific
a numbers.
Configuration BlackOut Number6 Account
™.":represents any string.
Dial Plan BlockOut Number? Account "x":represents any character.
"-"match a range of characters
_ BlockOut Number8 Account within the brackets.
Voice "3 separator within the
BlockOut Numberg Account bracket.
[Fr "[1":a character matches any of
9 BlockOut Number10 Account character sets.
"()":combines two or more
Tones patterns.
Confirm Cancel “s":followed by the sequence
number of 3 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 impossible match-y ou can speci fy otYoacapdperiiyeds 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 ti me rindicates 4 tiener expifly.DZf igu3ebZlone for
T example, 123T)t he def aul t ti meout val u

not used alone (for example, 123<Tx>, x can be a digit from 0 to 99),
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a complete match occurs when waiting x seconds after inputting 123.

The]xDZan be used as aplaceholder for any digit from0to 9.
Example:

] 1 2wold@match ] 1197 1297 13DZAnd so on.

I

The square bracket"[]" can be used as a placeholder for a single

character which matches any of a set of characters. Example:

"91[5-7]1234" would match j 951234 [JZ9%1 2 3,3 B 2 3 4 DZ

The dash]-D&an be used to match a range of digits within the

brackets.
Example:
j3-7] DZ woul d mat BBI5DZ6DXDAHDE ni¥ e r

Note : The digits must be concrete, for example, [3-X] is invalid.

The dotbejuseddas a @aseholder or multiple placeholders,
including zero, of occurrences of the preceding construct.
Examples:

j 132D&ould match | 13B7 133D¥ 1333D% 13333D2And so on.
j x. TDZ would match an arbitrary
J [ x*#+] . T DZ warhitdarg chamacterc h  a n

Note : If the string ends with a dot (for example, 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 the dbtefor
example, 123.T) for inputting more characters.

The |l etter JRDZindicates that ¢
Using a RRR syntax, you can replace the digits between the first two
RS with the digits between the last two /S, Example:

JR12R234RD&ould replace 12 with 234.

The | ® iterthe 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]j!DZan 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! DZ woul d mat ch agnd®sd énlTh&nunbé&r 3
starting with 235 will be blocked to dial out.
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Thec o mmacaij he Ded as a separatorto generate secondary dial

tone.

Example:

) 7<9,55>xxDZ af t er e nt scondargdiatongplays 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 724.

Thel et ARZri 1j dthecaacoumtghat is applied to the digit map.
You can use A alone ora combination Of A and account ID (for

example, <Al1>).

A Example:

J123ADZhe default account will be applied to the digit map.
J123<A2>DZhe second account will be applied to the digit ma p.

Note : It is not applicable to the digit map on a per-line basis.

Procedure

Digit map can be created using the configuration file .

Configure digit map on a phone basis.
Parameters:

dialplan.digitmap.enable
dialplan.digitmap.string
dialplan.digitmap.interdigit_long_timer

dialplan.digitmap.interdigit_short_timer
<y0000000000x%.c

¢ dialplan.digitmap.no_match_action
g

dialplan.digitmap.active.on_hook_dialing
Central dialplan.digitmap.apply_to.on_hook_dial
Provisioning dialplan.digitmap.apply_to.directory_dial
(Configuration dialplan.digitmap.apply_to.history_dial

Files) dialplan.digitmap.apply_to.forward

dialplan.digitmap.apply_to.press_send

Configure digit map on a per-line basis.
Parameters:
account.Xdialplan.digitmap.enable
<MAC>.cfg account.Xdialplan.digitmap.string

account.Xdialplan.digitmap.interdigit_long_ti

mer

account.Xdialplan.digitmap.interdigit_short_ti
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mer
account.Xdialplan.digitmap.no_match_action
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.history_
dial
account.Xdialplan.digitmap.apply_to.forward

account.Xdialplan.digitmap.apply_to.press_se
nd

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 configured by the parameter ]

precedence over that configured by this parameter.

Web User Interface:
None
Phone User Interface:

None

dialplan.digitmap.string

[2-9]11 | OT |
012xxx.T |
[0-1][2 -9]xx
XXXXXXX |
[2-9]xx
XXXXXXX |
[2-9]xxxT |
T | +X.T|

00x.T

String
within
2048

characters

Description :
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Permitted
Parameter s Default
Values

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 |t works only if the value of the
jaccount . X.dial plan. di gi t nThgvalee tanfiglred Dythes s
p ar a madcaunt.X.fialplan.digtmap.stringDZ t akes precedence oV

this parameter.
Web User Interface:
None

Phone User Interface:

None
Integer
dialplan.digitmap.interdigit_long_timer from 0Oto 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 O, the IP phone will not dial the entered number if 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 = IXXT|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:1t wor ks only if the value of the para
Jjaccount . X. dial pl an. di gi t nTagvalerafiglred bythes s
p a r a madcaunt.X.fialplan.digitmap.interdigit_long_timerDZ t akes pr ethat d e

configured by this parameter.

Web User Interface:

285


http://www.ietf.org/rfc/rfc3435.txt

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

286

Permitted
Parameter s Default
Values
None
Phone User Interface:
None
Refer to
. . : . . 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.
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 -ppd86a.MQT, theriP d
phone will wait 5 seconds before matching the entered digits to this dial plan and placing

the call.

Distribution configuration (configure a string of positive i nt eger s separ
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 time out 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, 4is appliedtot he -pkx k286 >3 . TDB di ¢
appliedto] 2 TDZ d i gis dppliedéog ,1 xX T DZ d iigappliedtog @,x . 8 DZ d i
isappliedtot he-9]][12TDZ di git map, the |l ast digit

Note: 1t wor ks only if the value of the para
Jaccount .dXi.gliitarhagp .aenn a b | e DZ The vakieconfigured by thg E n a
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
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Permitted
Parameter s Default
Values
dialplan.digitmap.no_match_action 0,1lor2 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-the dialing will fail and the LCD screenwi | | prompt J Forbidden

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

parameter Jdialplan.digitmap.interdigit_I

Note:l't works only if the value of the para
Jaccount . X.dial pl an. di gi t nmagvalerafiglred bythes s
p ar a madcaunt.X.flialplan.digitmap.no_match_actiodZ t akes preceden
configured by this parameter.

Web User Interface:
None
Phone User Interface:

None

dialplan.digitmap.active.on_hook_dialing Oorl 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:l't works only if the value of the para
Jjaccount . X. dial pl an. di gi t nmagvalerafiglred bythes s
p a r a madcaunt.Xdialplan.digitmap.active.on_hook_dialingddDZ t akes pr eced
configured by this parameter.

Web User Interface:
None
Phone User Interface:

None

dialplan.digitmap.apply_to.on_hook_dial Oor1l 1

Description :

Enables or disables the entered number to match the predefined string of the digit map
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Permitted
Parameter s Default
Values

after pressing a send keywhen dialing on-hook or pressing the DSS key for example, speed
dial, BLF or prefixDSSkey).

0-Disabled
1-Enabled

Note : It works only if the value of the parameter] di al pl an. di gi t map. e
jaccount . X. di al p lissettod (EgablédnTagvalee tanfiglired Dy the
p a r a madcaunt.X.fialplan.digitmap.apply_to.on_hook _diabZ t akes preced

configured by this parameter.
Web User Interface:

None

Phone User Interface:

None

dialplan.digitmap.apply_to.directory_dial Oorl 1

Description :

Enables or disables the digit map to be applied to the numbers dialed from the directory.
0-Disabled

1-Enabled

Note: Itworksonlyift he val ue of the parameter Jdial
jaccount . X.dial plan. di gi t nThgvalerafglred Dy thes s
p a r a meadcaunt.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.history_dial Oorl 0

Description :

Enables or disables the digit map to be applied to the numbers (received calls or missed
calls) dialed from call log lists.

0-Disabled
1-Enabled

Note:1t wor ks only if the value of the para
Jjaccount . X. dial pl an. di gi t nTagvalerafiglred bythes s

p a r a madcaunt.Xdialplan.digitmap.apply_to.history_dialDFakes precedence over that
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Permitted
Parameter s Default
Values
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, the incoming calls will be forwarded to a desired destination number according
to the string of the digit map.

Note: It works only if the value ofthepar amet er J di al plan. digi't
Jaccount . X. dial pl an. di gi t nmagvalerafiglred bythes s
p ar a madcaunt.X.flialplan.digitmap.apply_to.forwardDZ t akes pr eceden
configured by this parameter.

Web User Interf ace:
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

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:1't wor ks only if the value of the para
Jjaccount . X. dial pl an. di gi t nTagvalerafiglred bythes s
p ar a madcaunt.X.dialplan.digitmap.apply_to.press_sen®Z t akes pr ecede

configured by this parameter.
Web User Interface:

None
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Permitted
Parameter s Default
Values

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 that the per-line parameters take
precedence over theglobalpar amet er s. For example, Jaccount. X. di
t akes pr e c edblplandigitmapwerableDZ

X isthe account ID. For SIR T54S/T48G/T48S/T46G/T46S/T29GX=1-16; for SIPT52S/T42G/T42S
X=1-12; for SIP-T41P/T41S/T27P/T27GX=1-6; for SIRTA0P/TA0G/T23P/T23G X=1-3; for
SIRT21(P) E2X=1-2; for SIRT19(P) E2X=1.

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
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.history_dial dialplan.digitmap.apply_to.history_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
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(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 dlows 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 planfor the phone (for example, emergency number,

emergency routing). The phone determines if this is an emergency number by checking the

emergency dial plan. 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 callscould n gt get t hrough because of the s
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 Protocol for Media Endpoint Deices (LLDPMED).
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 requests taken from the
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 LLDP-MED ELIN walue.

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 of the phone/connected switch should be
added in the P-AccessNetwork-Info (PANI) header of the INVITE message. It helps the aid
agency to i mmediately identify the callerdgs |l ocation,

The following is an example of the PANI header:

P-AccessNetwork-Info: IEEE802.3; ethrl o ¢ a t 00:05r65:bl:6eDZ ( wher e ®WHI456574B1
the phonedgs MAC address.)
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Procedure

Emergency dialplan can be configured using the configuration file .

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-ldentity (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

jdial plan. emergency. cust othe phosesfals tdo getdhei d DZ w
LLDRMED ELIN value.

If it is set to CUSTOM, the custom outbound identity configured by

jdial plan. emergency. cust om_ alsevfahe paatheter d DZ w
jdial plan. emergency. cust om_ asV&EPR ELiNeaue wiibBZ 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 regest.

Web User Interface:
None
Phone User Interface:

None

) ) 10-25 digits, SIP URI,
dialplan.emergency.custom_asserted_id Blank
or TEL URI
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Parameters Permitted Values Default

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 (PAI) header for example, <tel:+16045558000>).

If using a SIP URI, for example, sip:1234567890123@abc.com. Tliell URI is included in the
P-Asserted-Identity (PAIl) header and the address will be replaced by the emergency server

(for example, <sip:1234567890123@emergency.com>).

If using a 10-25 digit number, for example, 1234567890. TheSIP URkonstructed from the
number and SIP server for example, abc.com) is includedin the P-Asserted-Identity (PAI)
header (for example, <sip:1234567890@abc.com>).

Web User Interface:
None

Phone User Interface:

None
dialplan.emergency.server.X.address IP address or
) Blank
(X ranges from 1 to 3) domain 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.
Web User Interface:
None

Phone User Interface:

None
dialplan.emergency.server.X.port Integer from 1 to
5060
(X ranges from 1 to 3) 65535
Description :

Configures the port of emergency server X to be used for routing calls.
Web User Interface:

None

Phone User Interface:

None
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Parameters Permitted Values Default

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-UDP

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 following
(X ranges from 1 to 255)
content

Description :

Configures the emergency number to use on your IP phone so a caller can contact

emergency services in the local area when required.
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
1,23
(X ranges from 1 to 255) digits 1,2 and 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 higher priority. If
the emergency server with higher priority does not respond correctly to the INVI TE then the
phone tries to make the call using the emergency server with lower priority, and so forth.
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Parameters Permitted Values Default

The IP phone tries to send the INVITE request to each emergency server for three times
Example:
dialplan.emergency.l.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 the call
using the emergency server1. If the emergency serverl 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
handset, press the Speakerphone key or the line key IP phones only support one hotline

number.

It works only if the Off Hook Hot Line Dialing feature is disabled. For more information, refer to
Off Hook Hot Line Dialing on page 297.

Procedure

Hotline can be configured using the following methods.

Configure the hotline number.
Parameter:

features.hotline_number

Central Provisionin . . .
g <y0000000000x% .cfg Specify the time the IP phone waits

(Configuration File) before automatically dialing out the

hotline number.
Parameter:

features.hotline_delay
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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.

Phone 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 or the line key.

Leaving it blank disables hotline feature.

Example:

features.hotline_number= 1234

Note: Line key is not applicable to SIP-T19(P) B IP phones.
Web User Interface:

Features>General Information->Hotline Number

Phone User Interface:

Menu->Features->Others->Hot Line->Hotline Number

features.hotline_delay Integer from O to 10 4

Description :

Configures the waiting time (in seconds)for the IP phone to automatically dial out the preset
hotline number.

If it is set to 0 (0s), the IP phone will immediately dial out the preset hotline number when
you lift the handset, press the Speakerphone 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 preset hotline number when you lift the handset, press the Speakerphone

key or press the line key.
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Parameter s Permitted Values Default

Note : Line key is not applicable to SIRT19(P) E2AP 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.

3. Enter the delay time in the Hotline Delay(0~10s) field.

Log Out
- English(English) v
Yealinklvee S —
Account Features Directory
Forward&DND General Information NOTE
Call Waiting Enabled A |
General Call Waiting
Information Call Waiting On Code 0 It allows IP phones to receive a
new incoming call when there is
_ v already an active cll.
Audio Call Waiting Off Code 0
Auto Redial Disabled v Auto Redial
Intercom o Redi ssble 0 It allows IP phones to
A § automatically redial a busy
Auto Redial Interval (1~300s) 10 [7] T o S e (et Tbeie
UECEE Auto Redial Times (1~300) 10 @ Key As Send
N Assigns "#" or "*" as the send
Pick up & Park Key As Send # @ key.
Eanatelcontao] Reserve # in User Name Enabled AN ] Hotline §
IP phone wil automatically dial
Hotline Number 1234 [7) out the hotline number when
Phone Lock lifting the handset, pressing the
Hotline Delay(0~10s) 4 0 ineakernhune key or the line
ey,
ACD
v
Busy Tone Delay (Seconds) 0 0 E BT

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 w DN

Press theSave soft key to accept the change.

Off Hook Hot Line Dialing

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
Speakerphone keyor 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 phone will use this account © dial out a call

successfully.

Off hook hot line dialing feature is configurable on a per-line basis and depends on support
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Note
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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.

Procedure

Off hook hot line dialing can be configured using the configuration file .

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 M 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 or desired line key or dials out a call using account X.

0-Disabled

1-Enabled, the phone will first dial out the pre -configured number (configured by the
parameter Jaccount . X. a uliftothe thandsét, pressesn®8d wh e n

Speakerphone or desired line key, dials out a call using account X.
Note : Line key is not applicable to SIRT19(P) R IP phones.

Web User Interface:

None

Phone User Interface:

None

account. X.auto_dial_num [ String within 32 characters Blank
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Parameter s Permitted Values Default

Description :

Configures the number that the IP phone first dials out when a userlifts the handset, presses

the Speakerphone or desired line key, dials out a call using account X.

Note:l' t wor ks only i f t haccoudXaute_dial fenabl®i&setpodr a
(Enabled) Line key is not applicable to SIRT19(P) E2P phones.

Web User Interface:
None
Phone User Interface:

None

(11X jsthe account ID. For SIR T54S/T48G/T48S/TA6G/T46S/T29GX=1-16; for SIP-T52S/T42G/T42S X=1-12;
for SIP-T41P/T41S/T27P/T27GX=1-6; for SIRT40P/T40G/T23P/T23GX=1-3; for SIP-T21(P) E2X=1-2; for
SIRT19(P) E2X=1.

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 History, Remote Phone Book andLDAP. The
desired lists can be added to directory lists 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 519.

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 105.

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 Directorylist s r oot el
localdirectory The existing directory list (For
id_name history example,] | ocal direc
networkcalllog local directory list).
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Element Attribute Description

remotedirectory Note : Do not edit this field.
Idap
broadsoftdirectory
plcmdirectory
gabdirectory
pabdirectory
metaswitchcontacts
metaswitchcalllog
uc_buddies

Local Directory
History

Network CallLog
Remote Phone Book

The display name of the
directory list.
Note : We recommend you do

LDAP o
. . not edit this field. Network
) Network Directories ] ]
display_name Directories and Network CallLog
PhoneBook

lists are hidden for IP phones in
Global Address Book

Personal Address Book
Network Contacts
Network Call List

neutral firmware, which are
designed for the BroadWorks

environment.

Buddies
1to 12. ] o
o ) ) o The display priority of the
priority 1 is the highest priority, 12 ) ]
. directory list.
is 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

T19T21 T23 T40 T27 T27G | represents that the desired
T29 T41 T42 T42S T41S T44 directory list is applicable to all
T46S T48 T48352 T54S IP phone models.

Note : Do not edit this field.

dev

Customizing a directory template:

1. Open the template file using an ASCII 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:

300



Configuring Basic Features

<item id_name="localdirectory" display_name="Local Directory" priority="1" enable="1"

dev="common" />

favorite_settingxml x

[ 10, . 20, R ap, R 41, 50, 6 R 0, R aD, an, 100 10, ., 120 1
<Faml ersionsni.0ni>

E<xuo\: fazon:e ser>

etworkcalllog" aisplayinmeﬂuewoxk CallLog® priority
emotedizectory” display neme="Remote Phone Book" priority om
dap" display name-"LDAP® priority="5" enable=mo" dev=rT19 T21 T23 T40 T406 T27 T276 T2@ T4l T42 T425 T41S T46
e="broadsoftdizectory” display nane= NEqurk Directories” prioricy="g" enable="0" dev="common"/>

=n 7" enable="0

<item id name="gabdirectory" display name— "Clobal Address Book? priority
abdirectory" display name="Personal Address Book" priori
<item id_m etaswitchcontacts" display_name="Network Contacts" priorit
<item id name="metaswitchcalllog" display name="Network Call List" leDIlty
<item id name="uc buddies" display name="Buddies" priority="12" enable="0"
</root favorite set>

<item id n

nT29 T46 T465 T54S T52 T48 T48S T48 T69 TEIS"/>

3. Save the changeand place this file to the provisioning server (for example, 192.168.1.2Q.

4.  Specify the access URL of the custom directory templatefile in the configuration files (for

example, static.directory_setting.url = http://192.168.1.20/favorite_setting.xml).

Procedure

Directory can be configured using the following methods.

Specify the access URL of the

Central Provisioning directory template file.
<y0000000000xx>.cfg
(Configuration File) Parameter:

static.directory_setting.url

Configure the directory.

Navigate to :
Web User Interface

http://<phonelPAddress>/servlet?p

=contacts-favorite&g=Iload

Details of the Configuration Parameter:

Parameter Permitted Values Default

static. directory _setting.url URLwithin 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
j192.208B. 4nd do wdrdctorafdis| ¢ hjef avori te_setting

Web User Interface:
Directory-> Setting-> Directory

Phone User Interface:
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Parameter Permitted Values Default

None

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. Toremove a list from the Enabled column, select the desired list and then click .

5. To adjust the display order of list, select the desired list and then click or .

Log Out

English(English) ¥

Yealink | v

Account Network Dsskey Features Settings Directory Security

Local Directory NOTE
Directory @)
Remote Phone Disabled Enabled Directory
Book . It provides easy access to
Remate Phone Bool - Local Directory - frequently used lists.
LDAP History
Phone Call Info Search Source in Dialing
E It alows the IP phone to
automatically search entries
ne from the search source list
E based on the entered string,
Multicast IP and display results on the pre-
dialing screen.
Setting - - Recent Call In Dialing

It allows users to view the
placed calis 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 thedesired entry to dial out quickly.

Delete Cancel
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The search source list can be Local Directory, History, Remote Phone Boo&ind 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 519.

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 105.

The following table lists meaning of each variable in the super search templatefile:

BroadSoft_UC_search
plcm_directory_search
genband_directory_search
MetaSwitch_directory_search
MetaSwitch_calllog_search

Element Attribute Description
root_super_search | No File root element
Super searchlistg s r oot
Item No
element
local_directory_search
calllog_search
remote_directory_search ) )
The directory list (For
Idap_search
) example,
) BroadSoft_directory_search . )
id_name Jjlocal _directo

the local directory list).
Note : Do not edit this field.

display_name

Local Contacts

History

Remote Phonebook
LDAP

Network Directories
BroadSoft Buddies
PhoneBook

Personal Address Book
Network Contacts
Network Call List

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

1to 10.
1 is the highest priority, 10 is the

lowest.

The priority of the search

results.
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Element Attribute Description
0/1, Enale or disable the IP
enable 0: Disabled phone to search the desired
1: Enabled directory list.

T19T21 T23T40 T27 T27G T29 T4l

T42 T42S T41S T46 T46S T48 T48S
dev of the directory list.

T54S T52
Note : Do not edit this field.
T29 T46 T46S T48 T48%52 T54S

The applicable phone models

Customizing a super search template:

1. Open the template file using an ASClleditor.

2. For each directory 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:

<item id_name="local_directory_search" display_name="LocalContacts" priority="1"
enable="1"/>

super_searchxml x

[T T - o 40 S0 o B0 D B0,y 30y, 100
<?aml version="1.0"2>
z[o] <root_super search>
<item id_name="local_directory search" display name="Local Contacts"™ priority="1" enable="1" i>
<iten id name="calllog_ search” display name="History" prioricy="2" enable="1" i

<item id name="remote directory_search” display_name="Remote Fhonebook" priority="3" enable="0" F3
<iten id name="ldap_ search" display name="LDAF" priority="4" enable="0" dev="T19 T2l T23 T40 T40G T27 T2

<iten id name="BroadSoft directory search" display name="Network Directories” prioricy="35" enable="0" >
<item id name="BroadSoft_UC_search"” display_name="EroadSoft Buddies" priority="&" enable="0" dev="T29 T4
<item id _name="plcm directory_search" display name="FPhoneBook"™ priority="7" enable

<item id name="genband directory search" display name="Personal Rddress Book"™ priori

<iten id name="MetaSwitch directory search" display_name="Hetwork Contacts" priority

<iten id name="MetaSwitch_calllog search” display name="Network Call List" priority=
</root super search>

3. Save the changeand place this file to the provisioning server (for example, 192.168.1.2Q.

4.  Specify the access URL of the custom super search templatdile in the configuration files

(for example, 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
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Details of the Configuration Parameter:

Parameter Permitted Values Default

super_search.url URLwithin 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. d4nd d o wnderseadtlstempliteefle] super _search.

Web User Interface:
Directory->Setting->Search Source List In Dialing
Phone User Interface:

None

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].
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The LCD screen displays the search results in the adjusted order.

LogOut

English(English) ¥

Yealink | vas

Account Directory

NOTE

Local Directory

Directory 0
Remote Phone Disabled Enabled Directory
Book . It provides easy access to
Histary Local Directory frequently used lists.
Remote Phone Bool
Phone Call Info LDAP Search Source in Dialing
— t It allows the IP phone to
LDAP automatically search entries
from the search source list
s based on the entered string,
Multicast IP . and display resufts on the pre-
dialing screen.
Setting Recent Call In Dialing

It allows users to view the
placed calis list when the phone
is on the pre-disling screen.

Search Source List In Dialing
0 You can click here to get

Disabled Enabled more guides.
Remote Phonebook Local Directory
LDAP History

B il

e ==

6. Click Confirm to accept the change.

Call Log

Save Call Log

Note

306

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
information from call log lists to the contact directory.

IP phones maintain a local call bg. Call log consists of four lists: Missed Calls Raced Calls,
Received Calls, and Forwarded Call€achcall 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 899.

Procedure

Call log can be configured using the following methods.

Configure call log feature.
Central Provisioning
<y0000000000xx%.cfg Parameter:
(Configuration File)
features.save_call_history
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Configure call log feature.

Navigate to :
Web User Interface

http://<phonelPAddress>/serviet?p
=features-general&qg=load

Phone User Interface Configure call log feature.

Details of the Configuration Parameter:

Parameter Permitted Values Default

features.save_call_history Oorl 1

Description :
Enables or disables the IP phone to savethe call log.

0-Disabled, the IP phone cannot log the missed calls, placed calls, received calls and
forwarded calls in the call log lists.

1-Enabled

Note : To log the missed calls, the value of the parameterjaccount.X.missed_calllogdpzhould
be set to 1 (Enabled).

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 Dsskey Settings Directory Security
o General Information ) 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, &
Key As Send # - 9 will dial out the hotine number
BOCpale automatically.
.
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@ or@ , 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 acall 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 (lowercase).

308



Configuring Basic Features

Procedure

Backing up the call log file can be configured using the configuration file .

Configure the IP phone to back up
the call log.

Parameter s:

static.auto_provision.local_calllog.ba

o ckup.enable
Central Provisioning
] o <y0000000000xx>.cfg static.auto_provision.local_calllog.ba
(Configuration File)
ckup.path

static.auto_provision.local_calllog.wri

te_delay.terminated

static.auto_provision.custom.upload_

method
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.

O-Disabled, t he | P phone does not upl A&xdd alolwind g

the server.

1-Enabled, t he | P phone upload=<satl hé ogalximl DB ¢ of
configured by the paramptkocabt atli kiclatme the {
call logs update; and downloads the calllogsi n t he xaMAC®»g. xml DZ a

MAC address from the specific path during auto provisioning.
Web User Inte rface:

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.

If it is left blank, the IP phone connects to the provisioning server URL, and
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Permitted
Parameters Default
Values

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
Jjhttp://192.0lgelZ. 1. 20/ cal l

During the auto provisioning process, the IP phone downloads the call log file
] <MAC€=l Il og.xmlDZfromhtthe: shbte2 folgel&. pa2 b/

Note: It works only if the value of the parameter

Jstatic.auto_provision.local _calllog. back
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. | oca(Enadea) 'l og. back
Web User Interface:

None

Phone User Interface:

None

static .auto_provision.custom.upload_method Oor1l 0

Description :

Configures the way the IP phone uploads the <MAC> -calllog.xml 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.local_calllog.backup.enabl®Z i s set to 1 (Enabl
Web User Interface:

None
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Permitted
Parameters Default
Values

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 306.
Procedure

Calllist show number can be configured using the following methods.

Configure call list show number.
Central Provisioning
<y0000000000xx% .cfg Parameter :
(Configuration File)
features.call_log_show_num

Configure call list show number.

Navigate to :
Web User Interface

http://<phonelPAddress>/servlet?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, the IP phone will show the other partyy same in the call log lists.
1-Enabled, the IP phone will show the other 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
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To configure call list show number via web user interface:

1. Click on Features->General Information

2. Select the desired value from the pull-down list of Call List Show Number .

Log Out

Yealink | v

Account Network Dsskey Features Settings Directory Security

Forward&DND General Information NOTE
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
Auto Redal Disabled enulEer
e Heo Red sable El 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
_ Assigns "#” or "*" as the send
Pick up & Park : key.
Hotline
Remote Control 1P phone will automatically dial
- out the hotline number when
Phone Lock GRS TR S ey Enabled lfting the handset, pressing the
speakerphone key or the line
Allow TP Call Enabled - key.
ACD
TP Direct Auto Answer Enabled - call Completion
SMS It allows users to monitor the
Call List Show Mumber Enabled - | busy party and establish 2 call
_ when the busy party becomes
Action URL Voice Mail Tone Enabled - available to receive a call.
Power LED Auto Linekeys Disabled [ You can click here to get
maore guides.
Notification Popups

3. Click Confirm to accept the change.

Missed Call Log

Missed call log allows the IP phone to display the prompt messageand 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 pronip
message and indicator icon on the idle screen disappear.

1 New Missed Call(s)

You can configure whether to display a prompt message when missing calls. For more

information, refer to Notification Popups on page 138.
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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

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 ™ Oor1l 1

Description :
Enables or disablesthe IP phone to indicate and record missed calls for SIPaccount X.

0-Disabled, the IP phone does not display a prompt message and an indicator icon on the
idle screen and log the missed call in the Missed Calls list whenit misses calls.

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: 1t wor ks only if the value of the para
(Enabled).The prompt message displays only if the value of the parameter
jfeatures. mi ssed iscsatoll (EmbagiFpr. enabl e DZ
SIRT29G/T46G/T46S/T48G/T48S/T52S/T54S IP phones, the indicator icdmas a counter

indicating the number of missed calls
Web User Interface:
Account->Basic>Missed Call Log
Phone User Interface:

None

[IX isthe account ID. For SIRT54S/T48G/T48S/T46G/T46S/T29GX=1-16; for SIP-T52ST42G/T42S X=1-12;
for SIP-T41P/T41S/T27P/T27GX=1-6; for SIRTAOP/T40G/T23P/T23GX=1-3; for SIRT21(P) E2X=1-2; for
SIRT19(P) E2X=1.

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 .
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3. Select the desired value from the pull-down list of Missed Call Log .

Log Out |

English(English) v

Yealink | vas

Account Dsskey Features Settings Directory Security
i ?
Register - DRAIE
Proxy Require 0
Basic Anonymous Call
Local Anonymous off v 0 It allows the caller to conceal
Cod the identity information
odec Local Ananymous Rejection off @ displayed on the callee’s screen.
Advanced Send Anonymous Code Off Code '@ Anonymous Call Rejection
Rejects the anonymous calls
On Code o automatically.
Off Code 0 You can click here to get
more guides.
Send Anonymous Rejection Code Off Code v 0
0n Code Q@
Off Code Q@
Missed Call Log Enabled v 0 |
Auto Answer Disabled @
Ring Type Comman v 0
| confim | cancel

4. Click Confirm to accept the change.

Local Directory

IP phones maintain a local directory. The local directory can store up to 1000 contacts and 48
groups. 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. Yealink IP phones support both

*xml and *.csv format contact files, but you can only customize the *.xml format contact file.

Contacts can be configured to have a backup on the provisioning server or a specific server The

contact file format is *.xml.

For SIRT29G/T46G/T46S/T48G/T48S/T52S/T54S IP phones, you can customize the contact
avatar. You can also customize a contact icon for SIPT48G/T48S IP phones.

The contact avatar format must meet the following :

. Single
Phone Model Format Resolution o
File Size

SIRT48S/T46S

<=110°110 | <=5MB
SIRT549T52S Ipg/.pngl-bmp /jpeg

SIRT48F T46G/T29G <=110*110 <=5MB

The contact icon format must meet the following :

Phone
Model

Format Resolution

SIRT48GS | .jpg/.png/.bomp /.jpeg <=41*41
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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 file . 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.yealink.com/documentFront/forwardToDocumentFrontDisplayPage . For more

information on obtaining the local contact file, refer to Obtaining Boot Files/Configuration

Filed ResourceFileson page 105.

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 Groupgs root. el

) All Contacts An element of group.
display_name )
Blacklist Group name.

ring

Format of the value:

System ring tone:

Auto

Silent.wav

Splash.wav

RingN.wav (integer N ranges from 1 to 8)

Custom ring tone :

An element of group.

Group ring tone .

line

Multiple line IDs are separated by commas.

For more information on the valid values of

Name.wav
root_contact no Contact list@ root element.
contact no Contact@ root element.
An element of contact.
) ) Contact name.
display_name String ]
Note : This value cannot be
left 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.
-1~15; The desired line you want

to add the contact to.
Note : This is not applicable
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Element Values Description

this element for each phone model, refer to | to SIP-T19(P) E2 IP phones.
the following table.

Format of the value:
System ring tone:
Auto

] Silent.wav An element of contact.
ing Splash.wav Contact ring tone..
RingN.wav (integer N ranges from 1 to 8)
Custom ring tone :

Name.wav

Valid Value:
built-in:

group_id_name | All Contacts, Blacklist Group name of a contact.
custom:

XXX (for example, Friend)

Contact avatar.

Format of the value: Note : It is only applicable
default_photo Resource:avatar name (the built-in avatar) | to SIRT54S/T52S/T48G
Config: avatar name (the custom avatar) T485 T46G 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
SIRT41R T41S/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)
/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
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Configuration Parameters

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 inthelocalc ont act fil e Jcontact. xm

provisioning server will not take effect.

Web User Interface:

Directory->Local Directory->Import Local Directory File
Phone User Interface:

None

local_contact.photo.url URL within 511 characters Blank

Description :

Configures the access URL of a contact avatar 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: Itis only applicable to SIP-T54S/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.
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Parameter s Permitted Values Default

The contacticon file should be uploaded to the provisioning server in advance.
Example:

local_contact.icon_image.url = tftp://192.168.10.25/Photo.jpg

Note: Itis 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

Note: It is only applicable to SIP-T54S/T52S/T48G/T48S/T46G/T46S/T29G IP phones.
Web User Interface:

None

Phone User Interface:

None

local_contact.data_photo_tar.url URL within 511 characters Blank

Description :

Configures the access URL of the compressed TAR file consistingf 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/T48/T46G/T46S/T29G IP phonesThe
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
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Parameter s Permitted Values Default

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 tahe

provisioning server.

Example:
local_contact.icon.url = tftp:// 192.16810.25photo2.tar

Note: Itis only applicable to SIP-T48GS IP phones.
Web User Interface:

None

Phone User Interface:

None

To add a group to the local directory via web user interface:

1. Click on Directory ->Local Directory .

2. Inthe Group Setting block, enter the desired group name in the Group field.
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3. Select the desired ring tone from the pull -down list of Ring.

Logout |

Status Account Network Dsskey Features Settings Directory Security

Local Directory H W NOTE

Remote Phone
Book

Yealink | s

Local Directory

The buit-in phone directory can
store the names and phone
Phone Call Tnfo numbers of your contacts.

You can add new groups and
contacts, edit, delete or search
for a contact, or simply dial a
contact number from the local
directory.

LDAP

Multicast IP

[ RN - T SRR N

Setting 10 ) _ : You can import or export the
Page| 1 v | Prev i Next | Hang Up ] l Delete Al H Delete ] [ Move To | All Contac » contact list.

You can click here to get

Contacts (@) more guides.

Name
Office Number
Mobile Number

Other Number

Ring Tone Auto - Delete Photo
Group All Contacts - No file selected.

Upload Photo
Account Auto -
Photo Contact.png - port Local Directory File i)

Add Edr No fil selected.
Group Setting e Import XML Export XML
Group tast No file selected.
Import C5V Export €5V | (] Show Title

5

Ring Auto -

4. Click Add to add the group.
To add a contact to the local directo ry via web user interface

1. Click on Directory ->Local Directory .

2. Inthe Contacts block, enter the name and the office, mobile or other numbers in the
corresponding fields.

3. Selectthe desired ring tone from the pull-down list of Ring Tone.
4. Select the desired group from the pull-down list of Group.

5. Select the desiredaccount from the pull-down list of Account .
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If Auto is selected the IP phone will use the default account when placing calls to the
contact from the local directory .

A
Log Out

Yealink | s

Account Network Dsskey Features Settings Directory Security

Local Directory NOTE
1
Remote Phone 2 Local Directory
Book 3 The buit-in phone directory can
store the names and phone
Phone Call Info 4 numbers of your contacts.
5
6 You can add new groups and
LDAP contacts, edit, delete or search
7 for a contact, or simply dial a
Multicast IP 8 contact number from the local
9 directory.
Setting i . . . You can import or export the
Page| 1 - | Prev fi Next | Hang Up ] [ Delete Al ” Delete I [ Move To | All Contac + contact list.
You can click here to get
OS] Q more guides.
MName Joy
Office Number 1234
Mobile Number 1235
Other Number 1236
Ring Tone Auto - Peicte Riioto
Group All Contacts - No flle selected.
Upload Photo
Account Auto -
Photo Contact.png - Import Local Directory File e
Add Edit No file selected.
e

6. Click Add to add the contact.
To add a group to the local directory via phone user interface:

1. PressMenu ->Directory ->Local Directory .
Press theAdd Group soft key.

Enter the desired group name in the Name field.

p wD

Press@ or @ , or the Switch soft key to select the desired group ring tone from the
Ring field.

5. Press theAdd soft key to accept the change.
To import an XML contact list file via web user interface:

1. Click on Directory ->Local Directory .
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2. ClickBrowse to locate a contact list file (the file format must be *.xml) from your local

system.
Log Out |
:
Yealink |
Status Account Network Dsskey Features Settings Directory Security
Local Directory All Contacts = u NOTE
1
Remote Phone 2 Local Directory
Book 3 The buit-in phone directory can
store the names and phone
Phone Call Info 4 numbers of your contacts.
5
6 You can add new groups and
LDAP contacts, edit, delete or search
7 for a contact, or simply dial a
Multicast IP 8 contact number from the local
9 directory.
Setting 10 . . . You can import or export the
Page| 1 ~ | Prev [| Next | Hang Up ] l Delete Al ” Delete ] [ Move To | All Contac ~ contact list.
You can click here to get
Contacts @) more guides.
MName Joy
Office Number 1234
Mobile Number 1235
Other Number 1236
Ring Tone Auto - Delete hhoto,
Group All Contacts - No fiie selected.
Upload Photo
Account Auto -
Photo Contact.png - Import Local Directory File
Add Edit m No file selected.
coupsettng @
o tast Browse... | Mo file selected.
Import CSV Export ¢sV_| [ show Title
Ring Auto -

3.  Clicklmport XML to import the contact list.
The web user interface prompt s "The original contact will be covered, continue?".

4. Click OK to complete importing the contact list.
To import a CSVcontact list file via web user interface:

1. Click on Directory ->Local Directory .

2. ClickBrowse to locate a contact list file (the file format must be *.csv) from your local
system.

3. (Optional.) Check the Show Title checkbox.

It will prevent importing the title of the conta ct information which is located in the first line
of the CSV file.

4. Clicklmport CSVto import the contact list.
5.  (Optional.) Mark the On radio box in the Delete Old Contacts field.
It will delete all existing contacts while importing the contact list.

6. Select the contact information you want to import into the local directory from the

pull-down list of Index.
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At least one item should be selected to be imported into the local directory.

3
Log Out

Engiish(Englsh) -

Yealink | s

Account Features Directory

Del Old contact ©) on @ oOff
Preview NOTE

display_name office_number mobile_number other_number line
Index display_name  ~ office_number =~ ignore ~ ignore  ignore
1 Bob 1000
2 Joy 1234
3 Linda 1010

contacts-preview-note

You can click here to get
more guides.

7. Clicklmport to complete importing the contact list.
To export a contact list via web user interface:

1. Click on Directory ->Local Directory .
2. Click Export XML (or Export CSV).

3. Click Saveto save the contact list to your local system.
To add a contact to the local directory via phone user interface

1. PressMenu->Directory ->Local Directory .
Selectthe desired contact group and then press the Enter soft key.
Press theAdd soft key.

Enter the name and the office, mobile or other numbers in the corresponding fields.

a > w DN

Press@ or @ , or the Switch soft key to select the desired account from the Account
field.

If Auto is selected the IP phone will use the default account when placing calls to the
contact from the local directory .

6. Press @or @ , or the Switch soft key to selectthe desired ring tone from the Ring
field.

7. Press theSave soft key to accept the change.

Customizing a Local Contact File ( Black-and-white Screen Phones)

The following shows the procedure of customizing a local contact file for
SIRT42G/T42S/T41PT41S/TA0PT40G/T27P/T27G/T23PT23G/T21(P) EZT19(P) E2 P phones:

To customize a local contact file:

1. Open the template file using an ASClleditor.
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Note

2. For eachgroup that you want to add, add the following string to the file. Each starts on 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=""/>
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"/>
e

<?xml version="1.0" encoding="ucf-8"2>
|5l <zoot_group>

<group display_n: "All Contacts" ring="" />

<group display name="Blacklist" ring="" />

<group display name="Friend" ring="Splash.wav"/> |

<

5 <reot_contacts

Toot_group>

2" ring="" group_id name="All Contacts" default_pho
" ring="" group id neme="Blacklist" default photo=

obile number=
obile number=

other_number="361
other number

<contact display name="Testl" office numbe
t_display name="Test2" office numbe

" ring="Ringl.wav" group_id_name="Friend"/>

<contact display_name="Lily" office_number " mobile_number=" other_number=

|(/quc7cuncacc>

Save the changeand place this file to the provisioning server.

Specify the access URL of the custom local contact templatein the configuration file .
For example:

local_contact.data.url = tftp:// 192.168.10.2%contact.xml

During the auto provisioning process, the IP phone connects to the provisioning server

J192.168.10.28)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
cont act f icloentjacMA Ge>mdemer Hackup patht ahdedisplay the downloaded
contacts in the local directory list. The contacts in the | ocal cont
from the provisioning server dongt take eff e
contacts, refer to Backing up the Local Contact on page 332.

Customizing a Local Contact File (Color Screen Phones)

The following shows the procedure of customizing a local contact file for

Sl

RT54S/T52S/T48G/T48S/T46GT46S/T29GIP phones:

Scenario A - Using the Built -in Avatar for Contact
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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 starts on a

separate line:

<contact display_name="" office_number="" mobile_number="" 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/>

contactxml™ x

L O < T A O P - I 1 1 1 1
<?xml version="1.0" sncoding="utf-8"7>
bl <root_group>
<group display_name="All Contacts" ring="" />
oroup displav pape="Slacklisc® ripg=nn
| <group display name="Friend" ring="Splash.wav"/>
- <7Toot_groues
H <root_contact>
<contact display_name="Testl" office number=

" mobile numbe
" mobile numbe
mobile number
icon family b.

" group_id name="All Contact
="" group id name="Blacklist"

<contact display name="Test2" office numb
<contact display name="Lily" office numbe
group_id name="Friend" default_photo="R:

E default_photo="" Only T46. T48. T29 supports!

</root_contact>

5. Save the changeand place this file to the provisioning server.

6. Specify the access URL of the custom local contact templatein the configuration file .
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

Note 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 f
downloaded contacts in the local directory list. The contacts inthe localcont act f i |l e ]

downl oaded from the provisioning server dongi!
up the local contacts, refer to Backing up the Local Contack on page 332.

Scenario B - Using the Custom Avatar for Contact

This scenario is applicableto SIRT54S/T52S/T48G/T48S/T46GT46S/T29GIP phones.

To specify custom avatars for contacts, you need to upload the custom avatars to the

325



Administrator @ Guide for SIRT2 SeriegT19(P) E2T4 SeriesT5 SeriesIP Phones

provisioning server in advance. In addition, you can also compress all the avatars as a tar

formatted file, and then upload the tar formatted file to the provisioning server.

Preparing the Tar Formatted File

You can package the tar formatted file using the tool 7-Zip or GnuWin32. You can download
7-Zip online: http://www.7 -zip.org/ and GnuWin32 online:
http://gnuwin32.sourceforge.net/packages/gtar.htm . This section provides you on how to

package the tar file using 7-Zip.
To package a tar formatted file using the tool 7-Zip on the Windows platform:

1. Download and install 7-Zip on the local system.

2. Create a folder (for example, photo) on the local system (for example, CAProgram Files)
and place the file that will be compressed (for example, cutom1.jpg, cutom2.png) to this
folder.

3. Startthe 7-Zip file manager application (7zFM.exg.

4. Locate the photo folder from the local system (CAProgram Filesphoto\).

C:\Program Files\photo) El@lfil

Flle Edit Wiew Fawvorites Tools Help

o
I L I
Add  Extract Test Copy Move Delete Info
? |lﬁ C:\Program Filesiphoto'

Kame Size | Modified Created Accessed Attributes Packed Size . Comment
1767 223 2011-04-07 15:27  2015-01-30 17:31 2015-01-30 17:31 A 1 767 223
4335 2011-01-14 1031 2015-01-3017:31  2015-01-3017:31 A 4335

0 object{s) selected

5.  Select the desired photos that will be compressed.

6. Click the Add button.
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7. Selecttar from the pull -down list of Archive format .

=

o The name of TAR file will be generated automati
Luchive: D [ OO s o oot
x x x

Iphoto.tar | » | D
e——
|ﬁ3«rchive farmat: R | Update mode:

|Add and replace files w |
Compreszion level: | Stare L3 |

Optiong
Compression method: | w |
Dictionary size: | 2 | [ Compress shared files
"Word zize: | b | Encrpption
Solid Block: size:
Mumber of CPU threads: A1
Memaory uzage for Compressing: 1HBE | |
Memaory uzage for Decompressing: 1B
Split to volumes, bytes:
| v
Pararneters:
(0] l ’ Cancel ] [ Help l

8.  Click the OK button.
A photo .tar file is generated in the directory CAProgram Filed photo.

9. Place this file to the provisioning server (for example, 192.168.10.25.

Customizing a Local Contact File

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 starts on 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_rumber="" 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"
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other_number="1112" line="1,2" ring="Ring 1L.wav" group_id_name="Friend"
default_photo="Config:cutom1.jpg "/>

<contact display_name="Tom" office_number="2020" mobile_number="2021"
other_number="2112" line="2"  ring="Ringl.wav" group_id_name="Friend"
default_photo="Config:cutom2.png"/>

contactxml* x

130,

<?EM1 versi
H <root_group>

<group display name="All Contacts" ring="" />
<group displav_name="Blacklist" ring="" />

<group display name="Friend" ring="Splash.wav"/>

- <FToot_group
b <root_contacc>

<contact display name="Testl" office number="2
<contact display name="Test2" office number
<contact display name-"Lily" Office_number=
group_id name="Friend" default_photo="C
<contact display name="Ton" office_number: -
group_id name="Friend" default_photo="Config:cutom?.png"/>

S10" mobile number=
)" mobile number=

2" ring="" group id name="All Conta
ring="" group id name="Blacklist
Ting="Ringl.wav"

Tobile_number
toml.ipg"/>

2" ring="Ringl.wav"

</root_contact>

Save the changeand place this file to the provisioning server.

Specify the access URL of the custom local contact templatein the configuration file.
There arethree methods to specify custom avatar for contacts:

Method 1 :

local_contact.data.url = tftp:// 192.168.10.23contact.xml

local_contact.photo.url = tftp:// 192.16810.25 cutom1.jpg

local_contact.photo.url = tftp:// 192.16810.25 cutom2.png

During the auto provisioning process, the IP phone connects to the provisioning server
] 192. 16 8nddé@nnl@alisdiEe local contact file Jcontact.xmID@nd avatar pictures
(jcutoml.jpg D@nd j cutom2.pngDZ

Method 2:
local_contact.data.url = tftp:// 192.168.10.23contact.xml
local_contact.image.url= tftp:// 192.16810.25 photo.tar

For more information on generating a contact avatar file  photo.tar DZefer to Preparing the
Tar Formatted File on page 326.

During the auto provisioning process, the IP phone connects to the provisioning server
j192.168.10.28)And downloads the local contact file jcontact.xmIDZnd avatar file
jphoto.tarDZ

Method 3:

If the local contact file (ContactData.xml) and custom avatars (photo.tar) are compressed as
a tar formatted file (for example, Contact.tar), you can only configure the following
parameter to upload contacts and avatars:

local_contact.data_photo tar.url = tftp:// 192.168.10.2%Contact.tar

For more information on generating Jphoto.tar Dand j Contact.tarDZefer to Preparing the
Tar Formatted File on page 326.
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During the auto provisioning process, the IP phone connects to the provisioning server
7192.168.102Z and downl oads the file JContact.tar DZ

Note Note that i f you are using method 3 to specify custom avatar for contacts, the 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).

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 DZfrom the backup path f
downloaded contacts in the local directory list. The cont acts in the | oca
downl oaded from the provisioning server dong!
effect. For more information on how to back up the local contacts, refer to Backing up the Local
Contacts on page 332.

Scenario C- Using the Custom Avatar and Custom Icon for Contact

This scenario is onlyapplicable to SIP-T48G'S IP phones.
Scenario Conditions I:

Provisioning server URL1ftp://192.168.10.25.
The custom avatars and iconsjcutom1.jpg DZnd jcutom2.pngDZ hey are all uploaded to
the provisioning server in advance.

Scenario Conditions II:

Provisioning server URLftp://192.168.10.25.
The custom avatars:jcutom1.jpg Dand jcutom2.pngDZ hey are compressed as a tar

formatted file (photo1l.tar).

The custom icons:jcutoml.jpg D@nd jcutom2.pngDZ hey are compressed as a tar

formatted file (photo2.tar).

For more information on generating a tar formatted file, refer to Preparing the Tar Formatted

File on page 326.

Note The custom avatar and icon can be different, but make sure the icon name is the same as avatar
name.

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 starts on 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:
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<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="Ringl.wav" group_id_name="Friend"
default_photo="Config:cutom1.jpg "/>

<contact display_name="Tom" office_number="2020" mobile_number="2021"
other_number="2112" line="2"  ring="Ringl.wav" group_id_name="Friend"

default_photo="Config:cutom2.png"/>

contactxml® x

[ T O T 11 60 0 &0, 90 o . 100, 110 120 130

<?xml version="1.0" encoding="utf-£"3>
H <root_group>
<group display name="All Contacts" ring="" />
<oroup display name="Blacklist" ring="" />
| <group display_name="Friend" ring="Splash.wav"/>
|- <7T5ot_groun
H <root_contact>
<contact display_name="Testl" office number:
<contact display name="Test2" office_number
‘ <contact display name-"Lily" OIfice number—

obile numbe.
mobile numbe
Tobile_number

" group_id name="All Conta
ring="" group id name="Blacklist
Ting="Ringl.wavr

group_id name="Friend" default photo=
<contact display_name="Ton" office_number="2020" mobile number="2021"
group_id name="Friend" default_photo="Config:cutom2.png"/>

2"  ring="Ringl.wav"

ﬁ default _photo="" Only T46. T48. T29 supports!

</root_contact>

5. Save thechange and place this file to the provisioning server.

6. Specify the access URL of the custom local contact templatefile in the configuration file .

There are two methods to specify custom avatarand icon for contacts:
Method 1 :

local_contact.photo.url = tftp:// 192.16810.25 cutoml.jpg
local_contact.photo.url = tftp:// 192.16810.25 cutom2.png
local_contact.data.url = tftp:// 192.16810.25 contact.xml
local_contact.icon_image.url =tftp:// 192.16810.25 cutom1.jpg
local_contact.icon_image.url =tftp:// 192.16810.25 cutom2.png

During the auto provisioning process, the IP phone connects to the provisioning server
J192.16810.250And downloads the avatars cutoml.jpg and cutom2.png), icons
(cutoml.jpg and cutom2.png) andt h e c o n tcantadt.xmDZ | e |

Method 2 :
local_contact.image.url= tftp:// 192.16810.25 photo1l.tar
local_contact.data.url =tftp:// 192.16810.25 contact.xml

local_contact.icon.url= tftp:// 192.168.10.25 photo2.tar
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Note

During the auto provisioning process, the IP phone connects to the provisioning server
J192.16810.250And downloads the avatar file J photol.tar DZcon file J photo2.tar D2nd the

localc o nt a cconta€t.kniDZ ]

If you have configured to back up the lo cal contacts to the server, the IP phone will download the

contact f icloentjacMAG>m|I DZ from the backup path f
downloaded contacts in the local directory list. The cont acts in the | oca
downloaded from the provisionings er ver dongt take effect. But

take effect. For more information on how to back up the local contacts, refer to Backing up the
Local Contacts on page 332.

The following shows the custom avatars downloaded from the provisioning server:

7 1006 Contact Details 15 50 Tue, Sep 20
Send ‘ Blacklist ‘ Delete
Group: Friend v
Name: Lily A
Office Number: 1020
- 12
Mobile Number: 1021
Other Number: 1112 =
t Line 2 v
Account: ine 113
5 A

Contact Details

15:50 Tue, Sep 20

R |
N
Send ‘ Blacklist ‘ Delete
Group: Friend .4
Name: Tom A
Office Number: 2020
1/2
Mobile Number: 2021
Other Number: 2112 -
3 Line 3 X
Account: ine 33
o) A

The following shows the custom icons downloaded from the provisioning server:

Directory

15:49 Tue, Sep 20

¥ All Contacts
Friend W om
(] o

Remote Phone Book

Blacklist

History Directory
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Backing up the Local Contact s
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Yealink IPphones support storing all local contacts to a contact file named <MAC> -contact.xml.
You can back up this file to the server,avoiding data loss. Once the contacts update, the IP
phone will automatically upload this file to the provisioning server or a specific server If a
contact file exists on the server, the file will be overridden. The IP phone will request to
download the < MAC>-contact.xml file according to its MAC address from the server during
auto provisioning.

The contact file is named after 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 contact file is 00156574b150-contact.xml (lowercase).

Procedure

Backing up the local contact file can be configured using the configuration file.

Configure the IP phone to back up
the local contacts.

Parameter s:

static.auto_provision.local_contact.b
<y0000000000xx>.cfg ackup.enable

Central Provisioning

(Configuration File)
static.auto_provision.local_contact.b

ackup.path
static.auto_provision.custom.upload_
method
Details of the Configuration Parameter s:
Permitted
Parameters Default
Values
static.auto_provision.local_contact.backup.enable Oorl 0

Description :

Enables or disables the IP phone to upload the <MAC> -contact.xml file to the server each
time the contacts update and download the <MAC> -contact.xml file from the server during
auto provisioning .

0-Disabled, the IP phonewiln ot upl oad t KKEACe-@ontaclxntDZ ft iol @ hj|
so the IP phone downloadsthecont act s i n the Jcontact. xml/
by the paramet er ] | olocallcontad. dataghboto.tat.adzZad wrr il rDg
provisioning.

1-Enabled, t he | P phone up|<MAGFsontadi.anlDZ a rospacdicath i

configured by dtdticeca upaor_gmeotversijon. | o c adachdimerthe g
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Permitted
Parameters Default
Values

contacts update; and downloadsthec ont act s i n-cbhéag &« MA@P DZ a
MAC address from the specific path during auto provisioning.

Note : It does not affect the downloading of the contact avatar/icon files.
Web User Interface:

None

Phone User Interface:

None

static. auto_provision.local_contact.backup.path String Blank

Description :
Configures a path or URL for the IP phone to upload/download the <MAC >-contact.xml file.

If it is left blank, the IP phone connects to the provisioning server URL and
upl oads/ downl oads theoonomacacxxmiDEe | <MAC>

Example:
static.auto_provision.local_contact.backup.path= http://192.168.1.20/ contact

Once the contacts update, the IP phone will upload the contact file to the specified path
Jhttp://192.168.1.20/ contactDZ

During the auto provisioning process, the IP phone downloads the contact file
J <MA€>»ntact. xml DZ f r o nmhttf:/A92.168.p.20bconfadtB¥d pat h

Note : It works only if the value of the parameter

jstaticaut o_provision.local _contact.backup. engi
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>-contact.xml 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.local_contact.backup.enabl®Z i s setedj.o 1 (Enabl

Web User Interface:
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Permitted
Parameters Default
Values

None
Phone User Interface:

None

Live Dialpad

334

Live dialpad allows IP phones to automatically dial out the entered phone number without

pressing the send key after a designated period of time.

Procedure

Live dialpad can be configured using the following methods.

Configure live dialpad.

Central Provisioning Parameters:
<y0000000000xx* .cfg
(Configuration File) phone_setting.predial_autodial

phone_setting.inter_digit_time

Configure live dialpad.

Navigate to :
Web User Interface

http://<phonelPAddress>/serviet?p
=settings-preference&q=load

Details of Configuration Parameters:

Parameter s Permitted Values Default

phone_setting.predial_autodial Oorl 0

Description :
Enables or disablesthe live dialpad feature.
0-Disabled

1-Enabled, the IP phone will automatically dial out the entered phone number on the dialing
screenwithout pressing a send key.

Web User Interface:
Settings->Preference >Live Dialpad
Phone User Interface:

None

L o Integer from 1 to
phone_setting.inter_digit_time 14 4
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Parameter s Permitted Values Default

Description :

Configure s the delay time (in seconds) for the IP phone to automatically dial out the entered
phone number without pressing a send key.

Note : It works only if the value of the parameterjp hone _setti ng. fssedtdi ¢
(Enabled)and the value of the parameter Jdialp

Web User Interface:
Settings->Preference->Inter Digit Time(1~14s)
Phone User Interface:

None

To configure live dialpad via web user interface:

1. Click on Settings ->Preference.
2. Selectthe desired value from the pull -down list of Live Dialpad .

3.  Enter the desired delay time in the Inter Digit Time(1~14s) field.

Log Out

English(Engiish) -

Yealink | s

Account Network Features Settings Directory

Inter Digit Time(1~14s) 4 0
Time & Date Live Dialpad
Unused BackLight Low - 0 It allows IP phones to
Ry Active Backlight Level 8 - @ Z:tz?;‘ﬁgniﬁlgﬁnzzcz&era
Upgrade Backlight Time(seconds) Always On - @ specified period of time.
Backlight
Auto Provision BEED Enabled - @ Snecn;gs the brightness of the
4. Click Confirm to accept the change.
Speeddial allows users to speed up dialingt he contacts on the phoneds idle

dedicated DSS keys.

Procedure

Speed dial DSSkey can be configured using the following methods.

Assign aspeed dial DSSkey.

Parameter s:

Central Provisioning linekey.X.type/
<y0000000000xx>.cfg programablekey.X.type/

expansion_module.X.key.Y.type

(Configuration File )

linekey X.line/

programablekey.X.line/

335



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

expansion_module.X.key.Y.line

linekey X.value/
programablekey.X.value/
expansion_module.X.key.Y.value

linekey.X.label/
programablekey.X.label/
expansion_module.X.key.Y.label

linekey.X.shortlabel

Assign aspeed dial DSSkey.

Navigate to :
Web User Interface

http://<phonelPAddress> /servlet?p
=dsskey&q=load&model=0

Phone User Interface Assign aspeed dial DSSkey.

Speed Dial DSSKey

For more information on how to configure the DSS Key, refer to Appendix D: Configuring DSS
Keyon page 877.

Details of Configuration Parameters:

Parameter s Permitted Values

linekey. X.type 4
programablekey. X.type @ 13

expansion_module. X key.Y .type Bl

Description :

Configures aDSSkey as aspeed dial DSSkey on the IP phone.
Example:

linekey.1.type = 13

Note : EXT key is only applicable to SIPT54S/T52S/T48G/T48S/T46G/T46S/T29G/T27P/T27(
IP phones.

Web User Interface:
Dsskey->Line Key/Programable Key/Ext Key->Type
Phone User Interface:

Menu->Features->DSS Keys>Line KeyX->Type

linekey. X.ling M
programablekey. X.line @ Refer to the following content

expansion_module.X key.Y line [l
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Parameter s Permitted Values

Description :
Configures the desired line to apply the speed dial DSSkey.
Permitted Values:

1to 16 (for SIRT54S/T48G/T48S/TA6GT46S/T29G
1 to 12 (for SIP-T52S/T42G/T42S)

1 to 6 (for SIP-T41P/T41S/T27P/T27G)

1 to 3 (for SIP-T40P/T40G/T23P/T23Q

1 to 2 (for SIRT21(P) E2)

1-Line 1
2-Line 2
A

16-Line 16

Note : It is not applicable to SIP-T19(P) E2 IP phonesEXT key is only applicable to
SIRT54S/T52S/T48G/T48S/TA6G/TA46S/T29G/T27P/T278 phones.

Example:

linekey.l.line =1

Web User Interface:

Dsskey>Line Key/Programable Key/Ext Key->Line
Phone User Interface:

Menu->Features->DSS Keys>Line Key X>Account ID

linekey. X.valuet!
programablekey. X.value® String within 99 characters

expansion_module.X key.Y.value B!

Description :

Configures the extension you want to dial out .
Example:

linekey.1.value = 1008

Note : EXT key is only applicable to SIPT54S/T52S/T48G/T48S/T46G/T46S/T29G/T27P/T27(
IP phones.

Web User Interface:
Dsskey>Line Key/Programable Key/Ext Key->Value
Phone User Interface:

Menu->Features->DSS Keys>Line Key X>Value

linekey.X.label 1
blekev.X. label @ String within 99 characters
programablekey.X. labe
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Parameter s Permitted Values

expansion_module.X key.Y. label B!

Description :
(Optional.) Configures the label displayed on the LCD screen for eachDSSkey.

Note : EXT key is only applicable to SIPT54S/T52S/T48G/T48S/T46G/T46S/T29G/T27P/T27(
IP phones.

Web User Interface:
Dsskey>Line Key/Programable Key/Ext Key->Label
Phone User Interface:

Menu->Features->DSS Keys>Line Key X >Label

linekey.X.shortlabel
String within 99 characters
(X ranges from 1 to 21)

Description :

(Optional.) Configures the short label displayed on the LCD screen forline key.
Note: Itis only applicable to SIRT52S IP phones.

Web User Interface:

Dsskey>Line Key->Short

Phone User Interface:

Menu->Features->DSS Keys>Line Key X >Short Label

[UX isthe line key ID. For SIRT48G/S X=1-29; for SIP-T54S/T46G/T46S/T29G X=1-27; for
SIRT42G/T42SI/TA1P/T415X=1-15; for SIP-T52S/T27P/T27G X=1-21; for
SIRT40P/T40G/T23P/T23G X=1-3, for SIP-T21(P) E2X=1-2.

[2X isthe programable key ID. For SIRT54S/T48G/T48S/T46G/T465X=1-10, 12-14; for
SIRT52S/T42G/T42S/IT41PI/T41S/T40A40G, X=1-10, 13; for SIRT29G/T27P/T27G X=1-14; for
SIRT23P/T23G/T21(P) EZX=1-9, 13, 14

BIX isthe Ext key ID. FOrSIRT54S/T52S, X=1-3, Y=1-60; for SIP-T48G/T48S/T46G/T46SX=1-6,
Y=1-40; for SIRT29G/T27P/T27GX=1-6, Y=1-40 (Ext key 21 cannot be configured).

To configure a speed dial DSSkey via web user interface:

1. Click on Dsskey->Line Key (or Programable Key ).

2 In the desired DSS keyfield, select Speed Dial from the pull -down list of Type.
3.  Enter the phone number or extension you want to dial out in the Value field.
4

(Optional.) Enter the string that will appear on the LCD screen in the Label field.
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5.  Select the desired line from the pull-down list of Line.

Log Out
English(English) v

Yealink|wes

Account Directory

Line Key1-9 Enable Page Tips | Disabled hd Label Length | Defauft hd NOTE
Key Type Value Label Line Extension
Line Keyl0-18 Line Keys
Line Keyl | Speed Dial v || 1008 Line 1 v | | Line keys allow you to guickly
Line Key19-27 access features such as recal
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 v | | Default v Line 4 v 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 ¥ || Defauft v Line 9 hd
| Confirm | | Cancel |

6. Click Confirm to acceptthe change.
To configure a speed dial DSSkey via phone user interface:

1. PressMenu ->Features->DSS Keys
Select the desired DSS key.
Press @ or @ , or the Switch soft key to select Speed Dial from the Type field.

A WD

Press @ or @ , or the Switch soft key to select the desired line from the Account ID
field.

5. (Optional.) Enter the string that will appear on the LCD screen in the Label field.
6. Enter the phone number or extension you want to dial out in the Value field.

7. Press theSave soft key to accept the change.

Call Waiting

Call waiting allows IP phones to receive a newincoming call when there is already an active call.

The new incoming call is presented to the user visuallyon the LCD scree.

Call waiting tone allows the IP phone to play a short tone, to remind the user audibly of a new
incoming call during conversation. Call waiting tone works only if call waiting is enabled. You
can customize call waiting tone or select specialized tone sets (vary from country to country) for

your IP phone. For more information, refer to Toneson page 724.

The call waiting on code and call waiting off code configured on IP phones are used to

activate/deactivate the server-side call waiting feature. They may vary on different servers.
Procedure

Call waiting and call waiting tone can be configured using the following methods.

Central Provisioning Configure call waiting and call
<y0000000000xx>.cfg .
(Configuration File) waiting tone.
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Parameters:
call_waiting.enable
call_waiting.tone
call_waiting.on_code

call_waiting.off_code

Configure call waiting.
Navigate to :

http://<phonelPAddress>/serviet?p

=features-general&qg=Iload

Web User Interface
Configure call waiting tone.

Navigate to :

http://<phonelPAddress>/servlet?p
=features-audio&qg=Iload

Configure call waiting and call
Phone User Interface

waiting tone.
Details of Configuration Parameters:
Parameter s Permitted Values Default
call_waiting.enable Oorl 1

Description :
Enables ordisables call waiting feature.

0-Disabled, a new incoming call is automatically rejected by the IP phone with a busy signal
(configured by the parameter] f eat ur es. nor mdutingaelff. use _code

1-Enabled, the LCD screenwill present a new incoming call during a call.
In both cases, users can put an active call on hold to make outgoing calls.

Note: It works only if the value of the parameter ] features.ignore_incoming_call.enableDi&
set to O (Disabled).

Web User Interface:
Features>General Information-> Call Waiting
Phone User Interface:

Menu->Features-> Call Waiting->Call Waiting

call_waiting.tone Oorl 1

Description :

Enables or disablesthe IP phone to play the call waiting tone when the IP phone receives an
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Parameter s Permitted Values Default

incoming call during a call.
0-Disabled
1-Enabled

Note : It works only if the value of the parameter jc a |l | _wa i t is segto le(Bnahibed).&
works only if the value of the parameter j features.ignore_incoming_call.enableDig set to 0
(Disabled).

Web User Interface:
Features>Audio ->Call Waiting Tone
Phone User Interface:

Menu->Features-> Call Waiting->Play Tone

call_waiting.on_code String within 32 characters Blank

Description :
Configures the call waiting on code.

The IP phone will send the code to activate call waiting on serverside when you activate it
on the IP phone.

Example:

call_waiting.on_code=*71

Web User Interface:

Features>General Information->Call Waiting On Code
Phone User Interface:

Menu->Features-> Call Waiting->0On Code

call_waiting.off_code String within 32 characters Blank

Description :
Configures the call waiting off code.

The IP phone will send the code to deactivate call waiting on serverside when you
deactivate it on the IP phone.

Example:

call_waiting.off_code= *72

Web User Interface:

Features >General Information->Call Waiting Off Code
Phone User Interface:

Menu->Features->Call Waiting->Off Code
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To configure call waiting via web user interface:

1. Click on Features->General Information

2. Select the desired value from the pull-down list of Call Waiting .

3. (Optional.) Enter the call waiting on code in the Call Waiting On Code field.
4.

(Optional.) Enter the call waiting off code in the Call Waiting Off Code field.

LogOut |

English(English) ¥

Account Network Dsskey Features Settings Directory Security

Yealink |

Forward&DND General Information NOTE

Call Waiting Enabled v e
General Call Waiting
Information Call Waiting On Code *71 e It allows IP phones to receive a

new incoming call when there is

Audio Call Waiting Off Code 72 (7] already an active call.

Auto Redial Disabled @ ;:I?ﬁ‘o’\.\'lzsel?’hblhunes -
Intercom

Auto Redil Interval (1~300s) 10 [ ﬂﬁﬁﬁgﬁfﬁl fh‘jeﬂ%fsf;‘tggemt

5. Click Confirm to accept the change.
To configure call waiting tone via web user interface:

1. Click on Features->Audio .

2. Select the desired value from the pull-down list of Call Waiting Tone.

Log Out

English(English) ¥

Yealink | v

Account Network Features Settings Directory Security

Forward&DND Audio Settings NOTE
Cal Waiting Tone Enabled @
General Tone
Information Key Tone Enabled @ Enables or disables the cal
waiting tone, key tone and
send tone.
Audio Send Tone Enabled @
Redial Tone
Redil Tone (7] It alnie T0 nhange b0 ennting

3. Click Confirm to accept the change.
To configure call waiting and call waiting tone via phone user interface:

1. PressMenu ->Features->Call Waiting .

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

3. Press@ or @ , or the Switch soft key to select the desired value from the Play Tone
field.

4. (Optional.) Enter the call waiting on code in the On Code field.
5.  (Optional.) Enter the call waiting off code in the Off Code field.

6. Press theSave soft key to accept the change.

Auto Redial

Auto redial allows IP phones to automatically redial the last dialed number when the callee is
temporarily unavailable. Both the number of attempts and waiting time between redials are

configurable.
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Procedure

Auto redial can be configured using the following methods.

Configure auto redial feature.

Parameters:
Central Provisioning
<y0000000000xx>.cfg auto_redial.enable
(Configuration File)
auto_redial.interval

auto_redial.times

Configure auto redial feature.

Navigate to :
Web User Interface

http://<phonelPAddress> /servlet?p
=features-general&g=Iload

Phone User Interface Configure auto redial feature.

Details of Configuration Parameters:

Parameter s Permitted Values Default

auto_redial.enable Oor1l 0

Description :

Enables or disables the IP phone to automaticallyredial the last dialed number when the

calleeis temporarily unavailable.

0-Disabled

1-Enabled

Web User Interface:

Features>General Information->Auto Redial
Phone User Interface:

Menu->Features->Others->Auto Redial->Auto Redial

auto_redial.interval Integer from 1 to 300 10

Description :

Configures the interval (in seconds) for the IP phone to wait between redials.

The IP phone redials thelast dialed number at regular intervals till the callee answers the call.
Note : It works only if the value of the parameter] aut o _r e d isaeltto B(Eralded)e D
Web User Interface:

Features>General Information->Auto Redial Interval (1~300s)

Phone User Interface:
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Parameter s Permitted Values Default

Menu->Features->Others->Auto Redial->Redial Interval

auto_redial.times Integer from 1 to 300 10

Description :
Configures the auto redial times when the callee is temporarily unavailable.

The IP phone tries to redial the dialed number as many times as configured till the callee

answers the call.
Note : It works only if the value of the parameter ] aut o _r e d isaet to B(Eralded)e D
Web User Interface:

Features>General Information->Auto Redial Times(1~300)
Phone User Interface:

Menu->Features->Others->Auto Redial->Redial Times

To configure auto redial via web user interface:

1. Click on Features->General Information
Select the desired value from the pull-down list of Auto Redial.

Enter the waiting time in the Auto Redial Interval (1~300s) field.

p LN

Enter the desired times in the Auto Redial Times (1~300) field.

LogOut

English(English) ¥

Yealink e

Account Features Directory

Forward&DND General Information NOTE
Call Waiting Enzbled @
General call waiting
Information Call Waiting On Code (7] It allows IP phones to receive a
new incoming call when there is
Vat already an active call.
Audio Call Waiting Off Code (7]
Auto Redial
o fuiE G Enzbled T o ItuaHg\.vs ID“Dhnnes to
automatically redial a busy
Auto Redial Interval (1~300s) 10 (7] T T i (P PR
UELEE Auto Redial Times (1~300) 10 o e —
= Assigns "#" or "*" as the send
Pick up & Park Key As Send # @ key.

5. Click Confirm to accept the change.
To configure auto redial via phone user interface:

1. PressMenu ->Features->Others->Auto Redial .

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

3.  Enter the waiting time (in seconds) in the Redial Interval field.
4.  Enter the desired times in the Redial Times field.

5. Press theSave soft key to accept the change.
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Auto Answer

Auto answer allows IP phones to automatically answer an incoming call. By default, the IP
phones will not automatically answer the incoming call during a call or while dialing even if auto
answer is enabled and the incoming call will not be automatically answered after you end the
current call or cancel the dialing. You can configure the IP phones to automatically answer the
incoming call after ending all calls or canceling the dialing. Auto answer is configurable on a
per-line basis. Auto-Answer delay defines a period of delay time before the IP phone

automatically answers incoming calls.

Auto Answer Tone

Auto answer tone allows the IP phones to play a tone when an incoming call is automatically
answered. You can customizethe auto answer tone or select specialized tone sets (vary from

country to country) for your IP phone. For more information, refer to Toneson page 724.

Procedure

Auto answer can be configured using the following methods.

Configure auto answer and auto answer

mute for SIP account X

<MAC> .cfi
9 Parameter:

account.X.auto_answer

Specify a period of delay time for auto

answer.
Parameter:

features.auto_answer_delay

Central Configure auto answer tone.

Provisioning b
arameter:

(Configuration

) features.auto_answer_tone.enable
Files)

<y0000000000xx>.c

fg Configure auto answer mute.

Parameter :

features.mute.autoanswer_mute.enable

Configure the IP phone whether to handle
the incoming call arriving when the phone is

in another call or is dialing like a normal call.
Parameter :

features.auto_answer first_call_only
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Configure auto answer and auto answer

mute.
Navigate to :

http://<phonelPAddress>/serviet?p=accoun
t-basic&q=load&acc=0

Web User Interface Specify a period of delay time for auto

answer.
Configure auto answer tone.
Navigate to :

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

-general&g=load

Configure auto answer and auto answer
Phone User Interface

mute.
Details of Configuration Parameters:
Parameter s Permitted Values Default
account. X.auto_answer 1] Oorl 0

Description :

Enables or disables auto answer feature for a specific account.
0-Disabled

1-Enabled, the IP phone can automatically answer an incoming call.

Note : The IP phone camot automatically answer the incoming call during a call or while

dialing even if auto answer is enabled.
Web User Interface:
Account->Basic->Auto Answer
Phone User Interface:

Menu->Features>Auto Answer->Line X->Auto Answer

features.auto_answer.first_call_only Oorl 1

Description :

Enables or disables the IP phone to onlyautomatically answer the incoming call arrived
when the phone is idle.

0-Disabled. If there is an incoming call arrived when the IP phone is in a call or dialing, the IP
phone will automatically answer after you end the current call or cancel the dialing.

1-Enabled. The IP phone can only automatically answer the incoming call arrived when the

phone is idle. If there is an incoming call arrived when the IP phone is in a call or dialing, you
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Parameter s Permitted Values Default

have to manually pick up the incoming call.

Note : It works only if the value of the parameter] account . X. arut o _answ
Jfeatures.ip_call.auto_answer.enablbig set to 1 (Enabled).

Web User Interface:
None
Phone User Interface:

None

features.auto_answer_delay Integer from 1 to 4 1

Description :

Configures the delay time (in seconds) before the IP phone automatically answers an

incoming call.

Note : For the call coming from a SIP account,it works only if the value of the parameter
Jaccount . X. aut o _(Bnaded)er DZi s set to 1

Web User Interface:
Features>General Information->Auto Answer Delay(1~4s)
Phone User Interface:

None

features.auto_answer_tone.enable Oorl 1

Description :

Enables or disables the phone to play a warning tone when an incoming call is automatically

answered.
0-Disabled
1-Enabled

Note : For the call coming from a SIP account, it works only if the value of the parameter
JjaccountaXswetbZis set to 1 (Enabled).

Web User Interface:
Features >General Information->Enable Auto Answer Tone
Phone User Interface:

None

features.mute.autoanswer_mute.enable Oorl 0

Description :

Enables or disables the auto answer mute feature for the IP phone.

347



Administrator @ Guide for SIRT2 SeriegT19(P) E2T4 SeriesT5 SeriesIP Phones

348

Parameter s Permitted Values Default

0-Disabled

1-Enabled, the IP phone will mute the microphone when an incoming call is automatically
answered, and then the other party cannot hear you.

Note : It works only if the values of parametersf account . X. andt o_answe
jfeat ur es . adsktoovi (EmabledelOZ not available to the intercom call.

Web User Interface:
None
Phone User Interface:

None

X isthe account ID. For SIR T54S/T48G/T48S/T46G/T46S/T29GX=1-16; for SIP-T52S/T42G/T42S X=1-12;
for SIP-T41P/T41S/T27P/T27GX=1-6; for SIRT40P/T40G/T23P/T23GX=1-3; for SIRT21(P) E2X=1-2; for
SIRT19(P) E2X=1.

To configure auto answer via web user interface

1. Click on Account ->Basic.

2. Select the desired account from the pull-down list of Account .

w

Selectthe desired value from the pull -down list of Auto Answer .

LogOut

English(English) ¥

Account Network Dsskey i Directory Security

Yealink | v

; ?
Register o i NOTE
Proxy Require 0
Basic Anonymous Call
Local Anonymous Off v 0 It allows the caller to conceal
Cod the identity information
odec Local Anonymous Rejection off @ displayed on the callee’s screen.
Advanced Send Anonymous Code Off Code @ Anonymous Call Rejection
Rejects the anonymous calls
on Code ) automatically.
Off Code (] *ou can click here to get
more guides.
Send Anonymous Rejection Code Off Code v 0
On Code [7]
Off Code [7]
Missed Call Log Enabled @
Auto Answer Enabled @
Ring Type Common @
Confirm Cancel

4.  Click Confirm to acceptthe change.
To configure a period of delay time for auto answer via web user interface:

1. Click on Features->General Information
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2.  Enter the desired time in the Auto Answer Delay(1~4s) field.

Yealink | s

Log Out

Engiish(English) -

Status Account Network Dsskey Settings Directory Security
Call Waiting Enabled -
General Call Waiting
Information Call Waiting On Code It allows IP phones to recewve a
new incoming call when there is
Audio . already an active call.
- Auto Redial
Intercom " It allows IP phones to
automatically redial a busy
Transfer Allow Mute Enabled - number after the first attempt.
Key As Send
Dual Headset Enabled -
Pick up & Park ua headse e Assigns "#" or "*” as the send
Auto Answer Delay(1~4s) 1 key.
Remote Control
Enable Auto Answer Tone Enabled - iTive
1P phone will automatically dial
Phone Lock - out the hotline number when
Headset Prior Enabled lfting the handset, pressing the
ACD DTMF Replace Tran Disabled - i[;;!'akerphone key or the ine
SMS Accept SIP Trust Server Only Disabled - Call Completion
- It allows users to monitor the
) Display Method on Dialing User Name - busy party and establish 3 cal
Action URL . when the busy party becomes
Auto Linekeys Disabled M available to receve 3 call.
Power LED
Notification Popups

3. ClickConfirm to acceptthe change.

To configure auto answer tone via web user interface:

1. Click on Features->General Information

2. Select the desired valuefrom the pull-down list of Enable Auto Answer Tone

Log On

English(English) -

Yealink | e

Status Account Network Settings Directory Security
Forward&DND General Information OTE
Call Waiting Enabled -
General Call Waiting
Information Call Waiting On Code It allows IP phones to receive a
new incoming call when there is
Audio . already an active cal.
: Auto Redial
Intercom : It allows IP phones to
automatically redial a busy
T Allow Mute Enabled - number after the first attempt.
Key As Send
Dual Headset Enabled
Pick up & Park Uzl Readse nabie T Assigns "#” or "*" as the send
Auto Answer Delay(1~4s) 1 key.
Remote Control
Hotline
Enable Auto Answer Tone Enabled - 1P phone wil automatically dial
Phone Lock . out the hotline number when
eake Enabled lifting the handset, pressing the
ACD DTMF Replace Tran Disabled - i‘;iﬂkﬂ’“hﬂ”e Eein e
SMS Accept SIP Trust Server Only Disabled - Call Completion
- It allows users to monitor the
_ Display Method on Dialing User Name - busy party and establish a call
Action URL when the busy party becomes
Auto Linekeys Disabled e avaiable to receive a call.
Power LED
Notification Popups

3. ClickConfirm to acceptthe change.

To configure auto answer via phone user interface:

1. PressMenu ->Features->Auto Answer .

2. Select the desired line.

3. Press @ or @ , or the Switch soft key to select the desired value from the Auto

Answer field.
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4. Press the Save soft key to accept the change.

IP Direct Auto Answer

350

IP direct auto answer allows IP phones to automatically answer an IP call IP direct auto answer
works only if allow IP call is enabled.For more information on allow IP call, refer to Allow IP Call

on page 351.

Procedure

IP direct auto answer can be configured using the following methods.

Configure IP direct auto answer

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

features.ip_call.auto_answer.enable

Configure IP direct auto answer
feature.

Web User Interface Navigate to :

http://<phonelPAddress>/servlet?p
=features-general&g=Iload

Details of Configuration Parameter

Parameter Permitted Values Default

features.ip_call.auto_answer.enable Oorl 0

Description :

Enables or disables the auto answer feature for IP call.
0-Disabled

1-Enabled, the IP phone can automatically answeran IP call.

Note:Itworksonlyi f t he value of the par ametigsettolf g
(Enabled). The IP phone cannot automatically answer the incoming IP callvhen the IP hone
is in a call or dialing even if IP call auto answer is enabled.

Web User Interface:
Features->General Information->IP Direct Auto Answer
Phone User Interface:

None

To configure IP direct auto answer via web user interface:

1. Click on Features->General Information
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2. Selectthe desired value from the pull -down list of IP Direct Auto Answer.

Log Out
H English(English) -
Yealink | vssc
Account Network Dsskey Features Settings Directory Security
Forward&DND General Information NOTE
Call Waiting Enabled El
General Call Waiting
Information Call Warting On Code It allows IP phones to receive a
new incoming call when there is
Vi already an active call.
Audio Cal Waiting Off Code
P Auto Redial
It RUCRed Disablec EI It allows IP phones to
A § - automatically redil a busy
Auto Redial Interval (1~300s) 10 number after the First attempt.
Transfer Auto Redial Times (1~300) 10 Key As Send
_ Assigns "#" or "*” as the send
Pick up & Park . key.
) Hotline
Remote Control IP phone will autormatically dial
- out the hotline number when
Phone Lock PR T B By Enabled Ifing the handset, pressing the
Alow T Cal Enabled - izi.akeruhnne key or the line
ACD
IP Direct Auto Answer Enabled - call Completion
SMS = It allows users to monitor the
Call List Show Number Enabled A busy party and establish a cal
. when the busy party becomes
Action URL Voice Mail Tone Enabled - avaiable to receive a call.
Power LED Skl ineker Disabled [=] *ou can click here to get
more guides.
Notification Popups

3. ClickConfirm to acceptthe change.

Allow IP Call

Allow IP Call feature allows IP phones to receive or place an IP callYou can neither receive nor
place an IP call if allow IP call feature is disabled.

Procedure

Allow IP call can be configured using the following methods.

Configure allow IP call
Central Provisioning
<y0000000000xx>.cfg | Parameter :
(Configuration File)
features.direct_ip_call_enable

Configure allow IP call.

Navigate to :
Web User Interface

http:// <phonelPAddress>/servlet?p=featu
res-general&qg=load

Details of Configuration Parameter

Parameter Permitted Values Default

features.direct_ip_call_enable Oorl 1

Description :

Enables or disablesallow IP call
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Parameter Permitted Values Default

0-Disabled
1-Enabled

Note : If you want to receive an IP call make sure the value oft h e p a r siptrast_etriDZ
set to 0 (Disabled).

Web User Interface:
Features>General Information->Allow IP Call
Phone User Interface:

None

To configure allow IP call feature via web user interface:

1. Click on Features->General Information

2.  Select the desired value from the pull-down list of Allow IP Call .

Log Out
H
Yealinklves e
Account Features Directory
Forward&DND General Information NOTE
Call Watting Enabled E
General Call waiting
Information Call Waiting On Code It allows IP phones to receive 3
new incoming call when there is
- Cal Waiting Off Code already an active call.
Audio
Auto Redizl Disabled T RE
Intercom o Redi sane B It allows IP phones to
. . automatically redial 2 busy
Auto Redizl Interval (1~300s) 10 number after the first attempt.
Transfer Auto Redial Times (1~300) 10 Key As Send
_ Assigns "#” or "*” as the send
Pick up & Park . key.
) Hotline
Remote Control 1P phone will automatically dial
- out the hotline number when
Phone Lock P ES TR L Enabled lifting the handset, pressing the
speakerphone key or the line
Allow TP Call Enabled - key.
ACD
IP Direct Auto Answer Enabled - call Completion
SMS It allows users to monitor the
Call List Show Number Enabled - busy party and establish a cal
when the busy party becomes
Action URL Voice Mail Tone Enabled - available to receive a call.
Power LED Auto Linekeys Disabled You can click here to get
more guides.
Notification Popups

3. ClickConfirm to accept the change.

Accept SIP Trust Server Only

352

Accept SlIPtrust server only enables the IP phones to only accept the SIP messagerom your SIP
server and outbound proxy server. It can prevent the phone receiving ghost calls from random
numbers like 100, 1000,and so on. To stop this from happening, you also need to disable allow

IP call feature.For more information on allow IP cal, refer to Allow IP Callon page 351.
Procedure

Accept SIP trust serveronly can be configured using the following methods.

Central Provisioning <y0000000000xx>.cfg | Configure accept SIP trust serveronly.
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(Configuration File) Parameter :

sip.trust_ctrl

Configure accept SIP trust server only.

Navigate to :
Web User Interface

http:// <phonelPAddress>/servlet?p=fe
atures-general&q=load

Details of Configuration Parameter

Parameter Permitted Values Default

sip.trust_ctrl Ooril 0

Description :

Enables or disables the IP phone to only accept the SIPmessage from the SiPserverand
outbound proxy server.

0-Disabled

1-Enabled

Web User Interface:

Features>General Information->Accept SIP Trust Server Only
Phone User Interface:

None

To configure accept SIPtrust server only feature via web user interface:

1. Click on Features->General Information

2. Select the desired value from the pull-down list of Accept SIP Trust Server Only .

Log Out
H English{English) -
Yealink | s : : : : : ==
Account Network Dsskey Features Settings Directory Security
Forward&DND General Information NOTE
Call Waiting Enabled Iz‘
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 call.
Audio
Auto Redial Disabled Ll Gzi s
[Tt uro fedi sane B It alows IP phones to
y automatically redial a busy
Auto Redial Interval (1~300s) 10 number after the first attempt.
U Auto Redial Times (1~300) 10 Key As Send
N Assigns "#" or "*" as the send
Pick up & Park . key.
- Hotline
Remote Control P phone wil automatically dial
. out the hotline number when
Phone Lock SRR EE TINEE ST @l Enabled lifting the handset, pressing the
Alow P Cal Enabled - iz:akarphone key or the line
ACD .
1P Direct Auto Answer Enabled - call Completion
SMS It allows users to monitor the
Call List Show Mumber Enabled A busy party and establish 3 call
_ when the busy party becomes
Action URL Voice Mail Tone Enabled - available to receive a call.
Power LED Auto Linekeys Disabled You can click here to get
more guides.
Notification Popups
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3. ClickConfirm to accept the change.

Call Completion

354

Call completion allows users to monitor the busy party and establish a call when the busy party

becomes available to receivea call. Two factors commonly prevent a call from connecting

successfully:

Callee does not answer

Callee actively rejects the incoming callbefore answering

IP phones support call completion using the SUBSCRIBENOTIFY method, which isspecified in

draft-poetzl-sipping-call-completion -00, to subscribe to the busy party and receive notifications

of their status changes

The callersubscribes for update notifications of the dialog event from the busy party. Example

of a SUBSCRIBmessage

SUBSCRIBE sip:00@10.10.20.34:5060 SIP/2.0

Via: SIP/2.0/UDP 10.10.20.32:5060;branch=z29hG4bK2880274891
From: "10111" <sip:10111@10.2.1.48:5060>;tag=8643512

To: <sip:1000@10.2.1.48:5060>;tag=4025601441

CaltID: 4_2103527761@10.10.20.32

CSeq: 2 SUBSCRIBE

Contact: <sip:10111@10.10.20.32:5060>

Accept: application/dialog -info+xml

Max-Forwards: 70

User-Agent: Yealink SIPT46G 28.82.020

Expires: 60

Event: dialog

Content-Length: 0

Example of a NOTFY message The subscription (SUBSCRIBfRessage o f
Compl et i onDZ i the basy pafty):r med by

t

he

di

al

NOTIFY sip:10111@10.10.20.32:5060 SIP/2.0

Via: SIP/2.0/UDP 10.10.20.31:5060;branch=z9hG4bK1830418099
From: <sip:1000@10.2.1.48:5060>;tag=1032948194

To: "10111" <sip:10111@10.2.1.48:560>;tag=722495580

CallID: 0_160090766@10.10.20.32

CSeq: 2 NOTIFY

Contact: <sip:1000@10.10.20.31:5060>

Content-Type: application/dialog -info+xml

Max-Forwards: 70

User-Agent: Yealink SIPT46G 28.82.0.20

Subscription- State: active;expires=60

Event: dialog

0g

event



Configuring Basic Features

Content-Length: 584

<?xml version="1.0"?>

<dialog -info xmIns="urn:ietf:params:xml:ns:dialog-info" version="1" state="full"
entity="sip:1000@10.2.1.48:5060">

<dialog id="65626" call -id="0_3138198645@10.10.20.31" locatag="2331766736" remote-tag="1786911541"

direction="initiator">

<state>confirmed</state>

<local>
<identity>sip:1000@10.2.1.48:5060</identity>
<target uri="sip:1000@10.2.1.48:5060"/>
</local>

<remote>
<identity>sip:1@10.2.1.48:5060</identity>
<target uri="sip:1@10.2.1.48:5060"/>
</remote>

</dialog>

<dialog id="65622">
<state>terminated</state>

</dialog>

</dialog -info>

Example of aNOTIFY message(The busy party has finished the call and is available gain. A new

notification update from the busy party is received by the caller) :

NOTIFY sip:10111@10.10.20.32:5060 SIP/2.0

Via: SIP/2.0/UDP 10.10.20.31:5060;branch=z29hG4bK3431394016
From: <sip:1000@10.2.1.48:5060>;tag=1558968605

To: "10111" <sip:10111@10.2.1.48:5060>;tag=140677866
CalkID: 0_2584152566@10.10.20.32

CSeq: 5 NOTIFY

Contact: <sip:1000@10.10.20.31:5060>

Content-Type: application/dialog -info+xml

Max-Forwards: 70

User-Agent: Yealink SIRT46G 28.82.020
Subscription-State: active;expies=48

Event: dialog

Content-Length: 217

<?xml version="1.0"?>

<dialog -info xmIns="urn:ietf:params:xml:ns:dialog-info" version="4" state="partial"
entity="sip:1000@10.2.1.48:5060">

<dialog id="65644">

<state>terminated</state>

</dialog>
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</dialog -info>

Procedure

Call completion can be configured using the following methods.

Central Provisioning
<y0000000000xx>.cfg
(Configuration File)

Configure call completion.

Parameter:

features.call_completion_enable

Web User Interface

Configure call completion.
Navigate to :

http://<phonelPAddress>/serviet?p

=features-general&g=Iload

Phone User Interface

Configure call completion.

Details of the Configuration Parameter:

Parameter

Permitted Values Default

features.call_completion_enable

Oorl 0

Description :

0-Disabled

Web User Interface:

Phone User Interface:

when the callee becomes available to receive a call.

Features> General Information->Call Completion

Enables or disables call completion feature. If a user places a call and the callee is
temporarily unavailable to answer the call, call completion feature allows notifying the user

1-Enabled, the caller is notified when the callee becomes available to receivea call.

Menu->Features->Others->Call Completion->Call Completion

To configure call completion via web user interface:

1. Click on Features->General Information
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2. Selectthe desired value from the pull -down list of Call Completion .

Log Out

English(English) ¥

Account Network Dsskey Features Settings Directory Security

Yealink | vas

Forward&DND General Information NOTE
Call Waiting Enzbled @
General call Waiting
Information Call Waiting On Code o It allows IP phones to receive a
new incoming call when there is
Vat already an active call.
Audio Call Waiting Off Code (7]
- v Auto Redial
tercom Auto Redil Disabled (7] It alows IP phones to
§ automatically redial a busy
Auto Redial Interval (1~300s) 10 (7] T £ (1 PR E TR
Transfer Auto Redial Times (1~300) 10 @ Key As Send
Assigns "#" or "*” as the send
Pick up & Park Key As Send # @ kev.g
Remote Control Reserve # in User Name Enabled @ Hotline
IP phone will automatically dial
Hotline Number Q@ out the hotline number when
Phone Lock lifting the handset, pressing the
Hotline Delay(0~10s) 4 0 ipeakerphune key or the line
ey.
ACD
Busy Tone Delay (Seconds) 1] v 0 Call Completion
SMS It allows users to monitor the
Return Code When Refuse 486 (Busy Here) v 0 busy party and establsh a cal
Action URL Return Code When DND 480 (Temporariy Unava ¥ 0 :(Qﬁanbihiabésgeﬁzt:gﬁ_comes
Call Completion Enabled v |
Bluetooth | . 0 You can click here to get
Feature Key Synchronization Disabled v 0 more guides.

3. ClickConfirm to acceptthe change.
To configure call completion via phone user interface:

1. PressMenu ->Features->Others->Call Completion .

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

3. Press theSave soft key to accept the change.

Anonymous Call

Anonymous call allows the caller to conceal the identity information displayedont he «csal | ee 0§
screen The callegg phone LCD screenprompts an incoming call from anonymity. Anonymous
call is configurable on a per-line basis.

Example of anonymous SIP heademwhen the anonymous call feature is performed on local:

Via: SIP/2.0/UDP 10.3.20.14:5060;branch=z29hG4bK3074920774

From: "Anonymous" < sip:anonymous@anonymous.invalid>; tag=131654239
To: <sip:1006@10.2.1.485060>

Call1D: 0_288363101@10.3.20.14

CSeq: 1 INVITE

Contact: <sip:1009@10.3.20.145060>

Content-Type: application/sdp

Allow: INVITE, INFO, PRACK, ACK, BYE, CANCEL, OPTIONS, NOTIRETRIRGSUBSCRIBE, REFER, PUBLIS
UPDATE, MESSAGE

Max-Forwards: 70

User-Agent: Yealink SIRT46G 28.82.020

Allow-Events: talk,hold,conference,refer,checksync
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P-Preferred-1dentity: <sip:1009@10.2.1.48>
Privacy: id
Content-Length: 302

The anonymous call on code and anonymous call off code configured on IP phones are used to

activate/ deactivate the server-side anonymous call feature. They may vary on different servers.

Yealink IP phones running firmware version82 or later support a new Anonymous Call

mechanism. The following only describe how to configure the new Anonymous Call mechanism.

For more information on old Anonymous Call mechanism, refer to Yealink SIPTZ_Series T19(P)

E2 T4 Series T5 Series CP860 IP_Phones Administrator Guide V81

Procedure

Anonymous call can be configured using the following methods.

Central Provisioning
<MAC> .cfg
(Configuration File)

Configure anonymous call.

Parameters:

account.X.anonymous_call
account.Xanonymous_call.server_base_only
account.X.anonymous_call_oncode

account.X.anonymous_call_dfcode

Web User Interface

Configure anonymous call.
Navigate to :

http://<phonelPAddress>/serviet?p=accou
nt-basic&qg=load&acc=0

Phone User Interface

Configure anonymous call.

Details of Configuration Parameters:

Parameter s

Permitted Values Default

account. X.anonymous_call !

Oor1l 0

Description :

Triggers the anonymous call feature to on or off for a specific account.

0-Off

1-On, the IP phone will block its identity from showing up to the callee when placing a call.

The callegs phone LCD screen present§ AnonymousDiistead of the caller identity.

Web User Interface:

Account->Basic->Anonymous (the value of the parameter

Jaccount.X.anonymous_call.server_base_onB#&@ust not be left blank)

Phone User Interface:
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Parameter s Permitted Values Default

Menu->Features->Anonymous->Line X>Anonymous (the value of the parameter
Jaccount.Xanonymous_call.server_base_onB@&@ust not be left blank)

account. X.anonymous_call.server_base_only ! Oor1l Blank

Description :
Enables or disables the IP phone toperform the anonymous call feature on server-side only.
0-Disabled, the IP phone will perform the anonymous call feature on server-side and local. If

the anonymous call feature is enabled on the IP phone, the IP phone will carry the

Anonymous attribute in the From header of the INVITE message.

1-Enabled, the IP phone will perform the anonymous call feature on server-side only. The IP
phone will not carry the Anonymous attribute in the From header of the INVITE message

even if the anonymous call feature is enabled on the IP phone.

Note:You need to configure parameters Jaccou
Jaccount . X. anony mous _ c adkactivatefthe seovetsideanbrymoasc t
call feature.

Web User Interface:
None
Phone User Interface:

None

account. X.anonymous_call_oncode M String within 32 characters Blank

Description :
Configures the anonymous call on code for a specific account.

The IPphone will send the code to activate anonymous call feature on server-side when you

activate it on the IP phone.

Example:
account.l.anonymous_call_oncode= *72
Web User Interface:

None (the value of the parameter Jaccount.Xanonymous_call.server_base_onB&ust not be
left blank)

Phone User Interface:

None (the value of the parameter Jaccount.Xanonymous_call.server_base_onB&ust not be
left blank)

account. X.anonymous_call_o ff code™ String within 32 characters Blank

Description :
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Parameter s Permitted Values Default

Configures the anonymous call off code for a specific account.

The IP phone will send the code to deactivate anonymous call feature on serverside when

you deactivate it on the IP phone.
Example:
account.l.anonymous_call_dfcode = *73
Web User Interface:

None (the value of the parameter Jaccount.Xanonymous_call.server_base_onB&ust not be
left blank)

Phone User Interface:

None (the value of the parameter Jaccount.Xanonymous_call.server_base_onB&ust not be
left blank)

11X is the account ID. For SIR- T54S/T48G/T48S/T46G/T46S/T29GX=1-16; for SIP-T52S/T42G/T42S X=1-12;
for SIP-T41P/T41S/T27P/T27GX=1-6; for SIRT40P/T40G/T23P/T23GX=1-3; for SIRT21(P) E2X=1-2; for
SIRT19(P) E2X=1.

To configure anonymous call via web user interface  (only for ne w Anonymous Call
mechanism ):

1.  Click on Account ->Basic.

2. Select the desired account from the pull-down list of Account .

3. Selectthe desired value from the pull -down list of Anonymous .

Log Out
English(English) -

Yealink | e

Account Network Dsskey Features Settings Directory Security
i ?
- 7 NOTE
Proxy Require Q@
Basic Anonymous Call
| Anonymous Enabled - el It 2llows the caller to conceal
the identity information
Codec -
Anonymous Rejection Disabled [7] displayed on the callee’s screen.
Advanced Missed Call Log Enabled AN 7 ] Anonymous Call Rejection
Auto Answer Disabled - @ zji‘;ﬁég‘;;mwmous =5
Ring Type Common AN 7 ]
You can click here to get
T

4. Click Confirm to acceptthe change.

To configure the anonymous call via phone user interface (only for new anonymous call
mechanism ):

1. PressMenu ->Features->Anonymous .

2. Select the desired line and then pressthe Enter soft key.

3. Press @ or @ , or theSwitch soft key to select the desired value from the

Anonymous field.

4. Press theSave soft key to accept the change.
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Anonymous Call Rejection

Anonymous call rejection allows IP phones to automatically reject incoming calls from callers
whose identity has been deliberately concealed. The anonymous callerg phone LCD screen

presents]Anonymity DisallowedDAnonymous call rejection is configurable on a per-line basis.

Example of anonymous call rejection SIP header:

SIP/2.0433 Anonymity Disallowed

Via: SIP/2.0/UDP 10.10.20.32:5060;branch=z29hG4bK2816884590

From: "Anonymous" <sip:anonymous@anonymous.invalid>;tag=2625078618

To: <sip:1058@10.2.1.48:5060>;tag=2781829106

Call1D: 4_510565349@10.10.20.32

CSeq: 1 INVITE

Allow: INVITE, INFO, PRACK, ACK, BYE, CANCEL, OPTIONS, NOTIFY, REGISTER, SUBSCRIBE, REFER,
UPDATE, MESSAGE

User-Agent: Yealink SIRT46G 28.82.020

Allow-Events: talk, hold, conference, refer, checksync

Content-Length: 0

The anonymous call rejection on code and anonymous call rejection off code configured on IP
phones are used to activate/deactivate the server-side anonymous call rejection feature. They
may vary on different servers.

Yealink IP phones running firmware version82 or later support a new Anonymous Call Rejection
mechanism. The following only describe how to configure the new Anonymous Call Rejection
mechanism. For more information on old Anonymous Call Rejection, refer to

Yealink SIPT2_Series T19(P)

E2 T4 Series T5 Series CP860 IP_Phones_Administrator_ Guide V81

Procedure

Anonymous call rejection can be configured using the following methods.

Configure anonymous call rejection.

Central
Parameters:
Provisioning
<MAC> .cfg account.X.reject_anonymous_call
(Configuration
File) account.X.anonymous_reject_oncode

account.X.anonymous_reject_dfcode

Configure anonymous call rejection.

Navigate to :
Web User Interface

http://<phonelPAddress>/servlet?p=account
-basic&qg=load&acc=0

Phone User Interface Configure anonymous call rejection.
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Details of Configuration Parameters:

Parameter s Permitted Values Default

account. X.reject_anonymous_call [l Oor1l 0

Description :

Triggers the anonymous call rejection feature to on or off for a specific account.

0-Off

1-On, the IP phone will automatically reject incoming calls from users enabled anonymous
call feature. Theanonymous userd phone LCD screen presentg Anonymity DisallowedDZ
Web User Interface:

Account->Basic->Anony mous Rejection (the value of the parameter

jaccount.Xanonymous_call.server_base_onB#@ust not be left blank)
Phone User Interface:

Menu->Features->Anonymous->Line X>Anonymous Rejection (the value of the parameter

jaccount.Xanonymous_call.server_base_onB#ust not b e left blank)

) String within 32
account. X.anonymous_reject_oncode ™ Blank
characters

Description :
Configures the anonymous call rejection on code for a specific account.

The IP phone will send the code to activate anonymous callrejection feature on server-side

when you activate it on the IP phone.
Example:
account.l.anonymous_reject_oncode= *74
Web User Interface:

None (the value of the parameter Jaccount.Xanonymous_call.server_base_onB&ust not be
left blank)

Phone User Interface:

None (the value of the parameter Jaccount.Xanonymous_call.server_base_onB&ust not be
left blank)

. String within 32
account. X.anonymous_reject_o ff code™ Blank
characters

Description :
Configures the anonymous call rejection off code for a specific account.

The IP phone will send the code to deactivate anonymous callrejection feature on

server-side when you deactivate it on the IP phone.

Example:
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Parameter s Permitted Values Default

account.l.anonymous_reject_dfcode = *75
Web User Interface:

None (the value of the parameter Jaccount.Xanonymous_call.server_base_onB&ust not be
left blank)

Phone User Interface:

None (the value of the parameter Jaccount.Xanonymous_call.server_base_onB&ust not be
left blank)

(X isthe account ID. For SIRT54S/T48G/TA8S/TA6G/TA6S/T29GX=1-16; for SIP-T52ST42G/T42S X=1-12;
for SIP-T41P/T41S/T27P/T27GX=1-6; for SIRTAOP/TA0G/T23P/T23GX=1-3; for SIPT21(P) E2X=1-2; for
SIRT19(P) E2X=1.

To configure anonymous call rejection via web user  interface (only for new Anonymous
Call Rejection mechanism):

1. Click on Account ->Basic.

2. Select the desired account from the pull-down list of Account .

3. Selectthe desired value from the pull -down list of Anonymous Rejection .

3
Log Out

Yealink | s

Account Network Dsskey Features Settings Directory Security

: ;
Register l NOTE
Proxy Require Q
Basic Anonymous Call
Ananymous Enabled A 7} It alows the caller to conceal
- the identity information
Codec | Anonymaous Rejection Enabled A ] | displayed on the callee’s screen.
Advanced Missed Call Log Enabled - 9 Anonymous Call Rejection
Auto Answer Disabled - @ :i‘;ﬁ;:’l;”““m““s alls
Ring Type Common - 9
You can click here to get
s

4.  Click Confirm to acceptthe change.

To configure anonymous call rejection via phone user interface (only for new Anonymous

Call Rejection mechanism ):

1. PressMenu ->Features->Anonymous .

2. Select the desired line and then pressthe Enter soft key.

3. Press@ or @ to select Enabled from the Anony mous Rejection field.
4

Press theSave soft key to accept the change.

Do Not Disturb (DND)

DND allows IP phones to ignore incoming calls. Incoming calls received while DND isactivated
are logged in the Missed Calls list. DND feature can be configured on a phone or a per-line basis
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depending on the DND mode .

There are two DND modes.

Phone (default): DND feature is effective for the phone system. You can apply DND to all

line registrations on the phone.

Custom : DND feature can be configured for each or all accounts. You can specify
individual or all line registrations on a phone that has multiply registered lines.

The DND feature is enabled by default, andyou have the option of disabling it. Users have no
permission to configure DND on the p hone if DND feature is disabled. When DND is enabled,it
can be activated locally through the phone or through a server. A user can activate or deactivate
DND using the DND DSSkey or DND soft key on the phone. The serverside DND feature
deactivates the local DND and Call Forward settings. If the server-side DND feature is activated
on any of the IP phoneg line registrations, the other line registrations are not affected. For more
information on Call Forward, refer to Call Forward on page 400.

The DND on code and DND off code configured on IP phones are used to activate/ deactivate
the server-side DND feature. They may vary on different servers.

Return Message When DND

This feature definesthe return code and the reason of the SIP response messagefor the rejected
incoming call when DND is activated on the IP phone. The calleiis phone LCD screen displag

the received return code.

DND Emergency

This feature allowsusers to receive the incoming calls from some authorized numbers even if

the DND feature is activated. This feature is disabled by default.

DND Large Icon

This feature allows the IP phones to display alarge DND icon on the idle screen. It helps users to

clearly view that DND is activated.

Large DND icon

History Directory

DND Feature Synchronization

DND Feature Synchronization feature provides the capability to synchronize the status of the

DND features between the IP phone and the server.
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If the DND is activated in phone mode, the DND status changed on local will be synchronized to

all registered accounts on server; but if the DND status of specific account is changed on server,

the DND status on local will be changed.

Procedure

DND can be configured using the following methods.

<MAC> .cfg

Configure DND in the custom mode.

Parameters:
account.X.dnd.enable
account.X.dnd.on_code

account.X.dnd.off_code

Configure DND Feature
Synchronization on a per-line basis.

Parameter:

account.X features.dnd.feature_ley_sy
nc.local_processing.enable

Central Provisioning

(Configuration File s)

Enable or disable the DND feature.
Parameter:

features.dnd.allow

Configure the DND mode.
Parameter:

features.dnd_mode

<y0000000000xx>.cfg

Configure DND in the phone mode.
Parameters:

features.dnd.enable
features.dnd.on_code

features.dnd.off_code

Specify the authorized numbers when
DND is activated.

Parameters:
features.dnd.emergency_enable

features.dnd.emergency_authorized_n

umber

365



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

Specify the return code and the
reason of the SIP response message
when DND is activated.

Parameter:

features.dnd_refuse_code

Configure large DND icon feature.
Parameter:

features.dnd.large_icon.enable

Assign a DNDDSSkey.
Parameters:

linekey X.type/
programablekey.X.type/
expansion_module.X.key.Y .type

linekey.X.label/
programablekey.X.label/
expansion_module.X.key.Y.label

linekey.X.shortlabel

Configure DND Feature
Synchronization.

Parameter s:
features.feature_key_sync.enable
features.dnd.feature_key_sync.enable

features.dnd.feature_ley_sync.local_pr

ocessing.enable

Configure DND.
Navigate to :

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

eatures-forward&g=load

Specify the authorized numbers when

Web User Interface DND is activated.

Specify the return code and the
reason of the SIP response message
when DND is activated.

Navigate to :

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

eatures-general&g=Iload
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Assign a DNDDSSkey.
Navigate to :

http://<phonelPAddress>/serviet?p=
dsskey&qg=load&model=0

Configure DND.
Phone User Interface
Assign a DNDDSSkey.

Details of Configuration Parameters:

Parameter s Permitted Values Default

features.dnd.allow Oorl 1

Description :
Enables or disables the DND feature.

0-Disabled, DND cannot be activated and users are not allowed to configure DND on the
phone.

1-Enabled

Web User Interface:
None

Phone User Interface:

None

features.feature_key_sync.enable Oor1l 0

Description :

Enables or disables the IP phone tosend a SUBSCRIBEessagewith event as-feature-event.
0-Disabled

1-Enabled

Web User Interface:

None

Phone User Interface:

None

features.dnd.feature_key sync.enable Oor1l 1

Description :
Enables or disables the DND feature synchronization.

0-Disabled

1-Enabled, a user changes the status of DND feature on the server, and then the server
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notifies the phone of synchronizing the status. Conversely, if the user changes theDND
feature status on the phone, the IP phone notifies the server of synchronizing the status.

Note: Itworks onlyifthevalue of t he fqataresdeatard key syhcenableDZ i s
1 (Enabled)

Web User Interface:
None
Phone User Interface:

None

features.dnd.feature_key_sync.local_processing.enable Ooril 0

Description :

Enables or disables thelocal DND when DND is activated.
0-Disabled

1-Enabled

Note: It works only if the value of the parameters jfeatures.feature_key_sync.enablb@nd
jfeatures.dnd.feature_key_sync.enablb@re set to 1 (Enabled).The value configured by the
p a r a madcaunt.X.features.dnd.feature_key_sync.local_processing.enalllZ t a k e s
precedence over that configured by this parameter.

Web User Interface:
None
Phone User Interface:

None

features.dnd_mode Oor1l 0

Description :

Configures the DND mode for the IP phone.

0-Phone, DND feature is effective for the phone system.
1-Custom, you can configure DND feature for each or all accounts.

Note : It is not applicable to SIP-T19(P) E2 IP phones. It works only if the value othe
parameter Jfeatures.abled.. all owDZi s set to

Web User Interface:
Features >Forward&DND ->DND->Mode
Phone User Interface:

None

features.dnd.enable Oor1l 0

Description :
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Triggers DND feature to on or off.
0-Off
1-On, the IP phone will reject incoming calls on all accounts.

Note: 1t works only if the value of the paraf
and value of the parameter Jfeatur edgl9Png2IP
phones).

Web User Interface:
Features>Forward&DND ->DND->DND Status
Phone User Interface:

Menu->Features->DND->DND Status

String within 32
features.dnd.on_code Blank
characters

Description :
Configures the DND on code to activate the server-side DND feature.

The IP phone will sendthe DND on code to the server when you activate DND feature on the
IP phone.

Example:
features.dnd.on_code =*71

Note: |t works only if the value of the para
and value of the parameter Jfeatur edglo@PnaRIP

phones).

Web User Interface:
Features>Forward&DND ->DND->0On Code
Phone User Interface:

Menu->Features->DND->0n Code

String within 32
features.dnd.off_code Blank
characters

Description :
Configures the DND off code to d eactivate the server-side DND feature.

The IP phone will send the DND off code to the server when you deactivate DND feature on
the IP phone.

Example:

features.dnd.off _code =*72

Note: 1t wor ks only if the value of the para
and value of the paramet er J featur es. dnd_mode DZ iT&9(P3 E2tIP
phones).

Web User Interface:
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Features>Forward&DND ->DND->Off Code
Phone User Interface:

Menu->Features->DND->Off Code

account.X.dnd.enable 1 Oor1l 0

Description :

Triggers DND feature to on or off for a specific account.
0-Off

1-On, the IP phone will reject incoming calls on account X.

Note: 1t works only if the value of the para
and value of the pdarnaondeetDZri sj fseeatt utroe sl. d(nCu s
SIRT19(P) E2 IP phones.

Web User Interface:
Features >Forward&DND ->DND->AccountX->DND Status
Phone User Interface:

Menu->Features->DND->AccountX->DND Status

account. X.features.dnd.feature_key_sync.local_processing.enable Oorl Blank

Description :

Enables or disables thelocal DND for a specific account when DND is activated.
0-Disabled

1-Enabled

Note: It works only if the value of the parameters jfeatures.feature_key_sync.enablb@nd
jfeatures.dnd.feature_key_sync.enablp@re set to 1 (Enabled).lt is not applicable to
SIRT19(P) E2 IP phones.

Web User Interface:
None

Phone User Interface:

None
String within 32
account.X.dnd.on_code [ Blank
characters
Description :

Configures the DND on code to activate the server-side DND feature for a specific account.

The IP phone will send the DND on code to the server when you activate DND featurefor a

specific account on the IP phone.
Example:

account.1l.dnd.on_code =*73
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Note: 1t works only if the value of the paraf
and value of the parameter Jfeatures.dnd_
SIRT19(P) E2 IP phones.

Web User Interface:
Features->Forward&DND ->AccountX->0On Code
Phone User Interface:

Menu->Features->DND->AccountX->0n Code

String within 32
account.X.dnd.off_code ™ Blank
characters

Description :

Configures the DND off code to deactivate the server-side DND feature for a specific

account.

The IP phone will send the DND off code to the server when you deactivate DND feature for
a specific accounton the IP phone.

Example:
account.l.dnd.off_code = *74

Note: 1t works only if the value of t hdEngbked)a
and value of the parameter Jfeatures.dnd_
SIRT19(P) E2 IP phones.

Web User Interface:
Features >Forward&DND ->AccountX->Off Code
Phone User Interface:

Menu->Features->DND->AccountX->Off Code

features.dnd.emergency_enable Oor1l 0

Description :

Enables or disables the IP phone to receive incoming calls from authorized numbers when

DND feature is enabled.
0-Disabled
1-Enabled

Note : The authorized numbers are configured by the parameter
jfeatures. dnd. emer g e nlkworkaonly ihtte value & the paanmebee r
J

features.dnd. all owbDZzis set to 1 (Enabl ed
Web User Interface:
Features>Forward&DND ->DND->DND Emergency
Phone User Interface:

None
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] String within 511
features.dnd.emergency_authorized_number Blank
characters

Description :

Configures the authorized numbers the IP phone can receive incoming calls from even if

DND feature is activated.

Multiple numbers are separated by commas.

Example:

features.dnd.emergency_authorized_number =123,124

Note: 1t works only if the values of the par g

jfeatures.dnd. emergency_enabl eDZ are set t
Web User Interface:

Features >Forward&DND ->DND->DND Authorized Numbers

Phone User Interface:

None

features.dnd_refuse_code 404, 480, 486 or 603 480

Description :

Configures a return code and reason of SIP response messages when rejecting an incoming
call by DND. A specific reason is display

404-Not Found
480-Temporarily Unavailable

486-BusyHere, t he call ergs phone LCD screen wil
callee enables DND.

603-Decline

Note : For Yealink IP phones, itworks only if the value of thepar amet er ] f enalt
is setto 1 (Enabled).

Web User Interface:
Features>General Information->Return Code When DND
Phone User Interface:

None

features.dnd.large_icon.enable Oor1l 0

Description :
Enables or disables the IP phone to display a large DND icon on the idle screen.
0-Disabled

1-Enabled

Note : For Yealink IP phones, itworks only if the value of thep ar amet er J f eat
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is set to 1 (Enabled).
Web User Interface:
None

Dphone User Interface:

I*Ione

(X isthe account ID. For SIR T54S/T48G/T48S/T46G/TA6S/T29GX=1-16; for SIP-T52S/T42GT42S, X=1-12;
for SIP-T41P/T41S/T27P/T27GX=1-6; for SIRT40P/TA0G/T23P/T23GX=1-3; for SIPT21(P) E2X=1-2; for
SIRT19(P) E2X=1.

DND DSSKey

DND DSSkey can be configured only if the DND feature is enabled. For more information on
how to configure the DSS Key, refer to Appendix D: Configuring DSS Keyon page 877.

Details of Configuration Parameters:

Parameter s Permitted Values

lin ekey.X.type [
programablekey.X.type 2 5

expansion_module.X key.Y .type Bl

Description :
Configures a DSS key as a DNIDSSkey on the IP phone.

Note : EXT key is only applicable to SIPT54S/T52S/T48G/T48S/T46G/T46S/T29G/T27P/T27(
IP phones.

Web User Interface:
Dsskey>Line Key/Programable Key->Type
Phone User Interface:

Menu->Features->DSS Keys>Line Key X>Type

linekey.X.label
programablekey.X. label String within 99 characters

expansion_module.X.key.Y. label B!

Description :
(Optional.) Configures the label displayed on the LCD screen for eachDSSkey.

Note : EXT key is only applicable to SIPT54S/T52S/T48G/T48S/T46G/T46S/T29G/T27P/T27(
IP phones.

Web User Interface:
Dsskey>Line Key/Programable Key->Label

Phone User Interface:
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Parameter s Permitted Values

Menu->Features->DSS Keys>Line Key X >Label

linekey.X.shortlabel
String within 99 characters

(X ranges from 1 to 21)

Description :

(Optional.) Configures the short label displayed on the LCD screen forline key.
Note: Itis only applicable to SIRT52S IP phones.

Web User Interface:

Dsskey>Line Key->Short

Phone User Interface:

Menu->Features->DSS Keys>Line Key %> Short Label

X isthe line key ID. ForSIRT48G/S X=1-29; for SIP-T54S/T46G/T46S/T29G X=1-27; for
SIRT42G/T42S/T41P/T41SX=1-15; for SIP-T52S/T27P/T27G X=1-21; for
SIRT40P/T40G/T23P/T23G X=1-3, for SIRT21(P) E2X=1-2.

[2IX isthe programable key ID. For SIR T54S/T48G/T48S/T46G/T46SX=1-10, 12-14; for
SIRT52S/T42G/T42S/T41P/T41S/TA0A40G, X=1-10, 13; for SIRT29G/T27P/T27G X=1-14; for
SIRT23P/T23G/T21(P) E2X=1-9, 13, 14

BIX isthe Ext key ID. FOrSIRT54S/T52S, X=1-3, Y=1-60; for SIP-T48G/T48S/T46G/T46SX=1-6,
Y=1-40; for SIRT29G/T27P/T27GX=1-6, Y=1-40 (Ext key 21 cannot be configured).

To configure a DND DSSkey via web user interface:

1. Click on Dsskey->Line Key (or Programable Key ).
2. Inthe desired DSS keyfield, select DND from the pull -down list of Type.

3. (Optional.) Enter the string that will appear on the LCD screen in the Label field.

LogOut |

English(English) ¥

Yealink | v

Account Directory

Line Key1-9 Enable Page Tips Disabled v Label Length | Default v —

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
Line Key2 |DHD v NfA v | and voice mail.

Line Key19-27

Programable Key Line Key3 | Line ¥ | | Default M Line 3 M
You can click here to get

Extt Kex Line Key4 | Line ¥ | | Defauk A Line 4 A more guides.

4. Click Confirm to accept the change.
To configure DND feature vi a web user interface:

1. Click on Features->Forward& DND.
2. Inthe DND block, mark the desired radio box in the Mode field.
a) If you mark the Phone radio box:

1) Mark the desired radio box in the DND Status field.
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2) (Optional.) Enter the DND on code in the On Code field.

3) (Optional.) Enter the DND off code in the Off Code field.

Yealink | v

Account Network 5 Settings Directory Security

Forward&DND Foowacd
Forward Emergency Dsabled - 9
General Call Forward
Information Forward Authorzed Numbers (7] I alows users t0 redrect an
incomng cal to a third party.
o Mode ® phone ) Custom @
- Call Forward Mode
Account . @ Phone: Gl forward feature &
Intercom effective for the P phone.
Abye Eotared on & of @ Custom: Cal forward feature
Transfer Target %) z:;;oﬂfoded for each or al
wick up & Park 06 Onda ° Do ot Disturb (OND)
Off Code (7] R alows P phones to ignoce
Remote Control ncomng calls.
Busy Forward On % of @
DND Mode
Phone Lock Target [7] Phone: DND feature s affectve
for the P phone.
ACD On Code (2] Custom: DND feature can be
configured for each or al
SMS Off Code (7} accounts.
To Answer Forward on & 0f @ -
Action URL @ You can dlick here to get
After Rng Tme(0~120s) 12 - @ more guides.
Bluetooth Torget @
Power LED On Code Q
Off Cod
Notification Popups * L)
oo @
DND Emergency Desabled - 0
OND Authorzed Numbers Q
Mode © phone O Custom @
Account (7]
OND Status ®on  Of @
On Code 7 (7}
off Code 72 (7]
Confem Cancel

b) If you mark the Custom radio box:
1) Select the desired account from the pull-down list of Account .
2) Mark the desired radio box in the DND Status field.

3) (Optional.) Enter the DND on code in the On Code field.
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4) (Optional.) Enter the DND off code in the Off Code field.

Togout

H Enghsh(Enghsh) -
Yealink | v
Directory Security
Forward&DND Forward NOTE
Forward Emergency Dsabled - ©
General Call Forward
Information Forward Authorzed Rumbers Q R alows .::,, to ,eo,:« n
ncoming cal to a third party.
Mode S phone O Custen @
Audio cal
Accoumd (7} Phone: Cal forward feature &
Intercom effective for the IP phone.
L on ®of @ Custom: Cal forward feature
Transfer Target (7] z:; ::n!wed for each or
On Code
Call Pickup L7 Do Not Disturb (DND)
Off Code (7] X alows P phones to ignore
Remote Control ncomng calls.
Busy Forward on ®of @
DND Mode
Phone Lock Target (7] Phone: DND feature & effectve
for the 1P phone.
AD On Code (2} Custom: DND feature Gan be
configured for each o¢ al
sMS R o o accounts.
o Answer Forward On & of @ a
Action URL You can dick here to get
After Rng Tene(0~120s) 12 - @ more guides.
Bluetooth Target )
Power LED On Code Q@
Off Cod
Notification Popups * o
oo @
DHD Emergency Deabled - @
DND Authorized Numbers (7]
Mode Phone @ Custom @
Account 101 A 7 |
DND Status ®onCoff @
On Code 73 (7]
Off Code 74 (7]
Confem Cancel

3. ClickConfirm to accept the change.
To specify the authorized numbers when DND is  activated via web user interface:

1. Click on Features->General Information
2. Select the desiredvalue from the pull -down list of DND Emergency .

3. Enter the desired value in the DND Authorized Numbers field.
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Multiple numbers are separated by commas.

Log Out
:
Yealink | v
Account Network Settings Directory Security
—m v
Forward Emergency Disabled - @
General Call Forward
Information Forward Authorized Numbers 7] It allows users to redirect an
incoming call to a third party.
) Mode @ phone © Custom @
fry Call Forward Mode
(TTETE 101 (7] Phone: Call forward feature is
Intercom effective for the IP phone.
il ©on @ of @ Custom: Call forward feature
Transfer Target 0 can be configured for each or al
accounts.
i 0n Code
Pick up & Park @ Do Not Disturb (DND)
Off Code 0 It allows IP phones to ignore
Remote Control incoming calls.
Busy Forward © on @ of @
DND Mode
Fiorralkees Target [7) Phone: DND feature is effective
for the 1P phone.
ACD On Code 9 Custom: DND feature can be
configured for each or all
SMS Off Code 9 accounts.
No Answer Forward © on @ off
Action URL © You can click here to get
After Ring Time(0~120s) 12 - e more guides.
Bluetooth Target @
Power LED 0On Code [7)
Off Code
Notification Popups L)
DND §)
DND Emergency Enabled - e
DND Authorized Numbers 123,124 0

4. Click Confirm to accept the change.
To specify the return code and the reason when DND is  activated via web user interface:

1. Click on Features->General Information

2. Select the desired value from the pull-down list of Return Code When DND.

Log Out
English(English) ¥

Yealink | vas

Account Network Dsskey Features Settings Directory Security
Forward&DND General Information NOTE
Call Waiting Enzbled @
General call Waiting
Information Call Watting On Code (7] It allows IP phones to receive a
new incoming call when there is
Vi already an active call.
Audio Call Waiting Off Code (7]
P i Auto Redial
tercom Auto Redial Disabled @ It alows IP phones to
A automatically redial 3 busy
Auto Redial Interval (1~300s) 10 (7] Yo £ (1 7E ot TR
UELEE Auto Redial Times (1~300) 10 [ Key As Send
_ Assigns "#" or "*" as the send
Pick up & Park Key As Send # @ =
Reserve # in User Name Enabled @ Hotline
Remote Control IP phone will automatically dial
Hotline Number Q@ out the hotline number when
Phone Lock lifting the handset, pressing the
Hotline Delay(0~10s) 4 e ipeakarphone key or the line
ey.
er Busy Tone Delay (Seconds) 0 v e Call Completion
SMS It allows users to monitor the
Return Code When Refuse 486 (Busy Here) v e busy party and establsh a cal
Action URL | Return Code When DND 480 (Temporariy Unava ¥ e | ;V‘gﬁanbihiubﬁesgepwaert; ;&ﬂ‘.‘.cumes

3. ClickConfirm to accept the change.
To configure a DND DSSkey via phone user interface:
1. PressMenu->Features->DSSKeys.

2.  Select the desired DSS key.
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Press@ or @ , or the Switch soft key to select Key Event from the Type field.

3

4, Press@ or @ , or the Switch soft key to select DND from the Key Type field.
5 (Optional.) Enter the string that will appear on the LCD screen in the Label field.

6

Press theSave soft key to accept the change.
To configure DND in the phone mode via phone user interface:
1. Pressthe DND soft key or the DND DSSkey when the IP phone is idle.
To configure DND in the custom mode for a specific account via phone user interface:

1. Pressthe DND soft key or the DND DSSkey when the IP phone is idle.

The LCD screen displays a list of accounts registered on the IP phone.
2. Press@ or @ to select the desired account and then press the Enter soft key.
3. Pressthe Switch soft key to activate DND.

4. (Optional.) Enter the DND on code or off code respectively in the On Code or Off Code
field.

5. Press theSave soft key to accept the change.

You can mnfigure DND in the custom mode for all accounts by pressing the All On soft key.

Busy Tone Delay

Busy tone is audible to indicate that the call is released bythe other party. You can define the

amount of time to play the busy tone.

Procedure

Busy tone delay can be configured using the following methods.

Configure busy tone delay.
Central Provisioning
<y0000000000xx>.cfg Parameter:
(Configuration File)
features.busy_tone_delay

Configure busy tone delay.

Navigate to :
Web User Interface

http://< phonelPAddress>/servlet?p

=features-general&g=Iload
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Details of the Configuration Parameter:

Parameter Permitted Values Default

features.busy_tone_delay 0,3o0r5 0

Description :

Configures the duration time (in seconds) to play the busy tone when the call is released by
the other party.

0-0s, the IP phone will not play a busy tone.

3-3s, a busy tone is audible for 3 seconds on the IP phone.
5-5s

Web User Interface:

Features>General Information->Busy Tone Delay (Seconds)
Phone User Interface:

None

To configure busy tone delay via web user interface:

1" Click on Features->General Information

Z°  Select the desired value from the pull-down list of Busy Tone Delay (Seconds).

Log Out

English(English) v

Yealink | v

Account Network Dsskey Features Settings Directory Security

Ge | Inf ti
Forward&DND rera fnformation [LTiE
Call Waiting Enabled @
General Call Waiting
Information Cal Waiting On Code o 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 Redisl Dissbled 2 Auto Redial
Intercom o Redi ssble o It allows IP phones to
. . automaticaly redial 2 busy
Auto Redial Interval (1~300s) 10 0 number after the first attempt.
Transfer Auto Redial Times (1~300) 10 @ Key As Send
~ ~ Assigns "#” or "*” as the send
Pick up & Park Key As Send & @ =
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] ipaakeruhnne key or the line
ey.
ACD
| Busy Tone Delay (Seconds) [1} v o Call Completion

3 Click Confirm to acceptthe change.

379



Administrator @ Guide for SIRT2 SeriegT19(P) E2T4 SeriesT5 SeriesIP Phones

Return Code When Refuse

Return code when refuse defines the return code and reason of the SIP response messageor
the refused call. The calleis phone LCD screendisplays the reason according to the received
return code. Available return codes and reasons are

404 (Not Found)

480 (Temporarily Unavailable)
486 (BusyHere)

603 (Decline)

The following shows an example of the returned reason for the refused call:

S Call failed

New Call Cancel

Procedure

Return code for refused call can be configured using the following methods.

Specify the return code and the

reason of the SIP response message
Central Provisioning .
<y0000000000x% .cfg when refusing a call.

Configuration File
( g ) Parameter:

features.normal_refuse_code

Specify the return code and the
reason of the SIP response message

when refusing a call.

Web User Interface )
Navigate to :

http://<phonelPAddress>/serviet?p

=features-general&qg=load
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Details of the Configuration Parameter:

Parameter Permitted Values Default

features.normal_refuse_code 404, 480, 486 or 603 486

Description :

Configures a return code and reason of SIP response messages when the IP phone rejects a
incoming call. A specific reason is displayed on the calleis phone LCD screen.

404-Not Found
480-Temporarily Unavailable

486-BusyHere, the calleri phone LCD screen will display the messagg Busy HereD&hen the
callee rejects the incoming call.

603-Decline

Web User Interface:

Features>General Information->Return Code When Refuse
Phone User Interface:

None

To specify the return code and the reason when refusing a call via web user interface:

1. Click on Features->General Information

2. Select the desired value from the pull-down list of Return Code When Refuse.

Log Out

Yealink|
T466G

Account Network Dsskey Features Settings Directory Security

Forward&DND General Information NOTE
Call Waiting Enabled @
General Call waiting
Information Call Waiting On Code 0 It allows IP phones to receive a
new incoming call when there is
Vat already an active call.
Audio Call Waiting Off Code [7]
Auto Redial
T i (i) Diszbled A It allows IP phones to
y automatically redial a busy
Auto Redial Interval (1~200s) 10 [7] T 8 S (e R E TR
U Auto Redial Times (1~300) 10 @ Key As Send
N Assigns "#" or "*" as the send
Pick up & Park Key As Send # @ key.
Remote Control Reserve # in User Name Enabled v 0 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 (] ipaakeruhnne key or the lne
ay.
ACD
Busy Tone Delay (Seconds) [1} v 0 Call Completion
It allows users to monitor the
SMS Return Code When Refuse 486 (Busy Here) v 0 | busy party and establish a call
when the bi by
Action URL Return Code When DND 480 (Temporarily Unava v 0 ;t-;t:ble iu ;Sgeﬁlrt:;"_mmas

3. Click Confirm to acceptthe change.

Early Media

Early mediarefers to media (for example, audio and video) played to the caller before a SIP call
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is actually established Current implementation support s early media through the 183 message
When the caller receivesa 183 message with SDP beforethe call is established, a media channel
is established. This channel is used to provide theearly media stream for the caller.

You can configure the IP phone to play the local ringback tone when receiving the 183 message
but do not receive the RTP ¢ream for the early media.

Procedure

Early media can beconfigured using the configuration file .

Configures the time to wait for the
IP phone to play the local ringback

tone when the early media cannot
Central Provisioning
<y0000000000x% .Cfg be played.

Configuration File
( 9 ) Parameter:

phone_setting.early_media.rtp_sniffe
r.timeout

Details of the Configuration Parameter:

Parameter Permitted Values Default

) ) ) ) -1, 0 or integer
phone_setting.early_media.rtp_sniffer.timeout 1
from 1 to 100

Description :

Configures the time to wait for the IP phone to play the local ringback tone when the early
media cannot be played.

-1-Do not play the local ringback tone

0-Play the localringback tone immediately

1-100-Wait for specified time to play the local ringback tone
Web User Interface:

None

Phone User Interface:

None

180 Ring Workaround

382

180 ring workaround defines whether to deal with the 180 message received after the 183
message. Whenthe caller receives a 183 message, isuppresses any local ringback tone and
begins to play the media received. 180 ring workaround allows IP phones to resume and play
the local ringback tone upon a subsequent 180 message received.
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Procedure

180 ring workaround can be configured using the following method s.

Configure 180 ring workaround.
Central Provisioning
<y0000000000x>»% .cfg Parameter:
(Configuration File )
phone_setting.is_deal180

Configure 180 ring workaround.

Navigate to :
Web User Interface

http://<phonelPAddress>/serviet?p

=features-general&g=load

Details of the Configuration Parameter:

Parameter Permitted Values Default

phone_setting.is_deal180 Oorl 1

Description :

Enables or disables the IP phone to deal with the 180 SIP messageeceived after the 183 SIP

message
0-Disabled

1-Enabled, the IP phone will resume and play the local ringback tone upon a subsequent
180 message received.

Web User Interface:
Features>General Information->180 Ring Workaround
Phone User Interface:

None

To configure 180 ring workaround via web user interface:

1. Click on Features->General Information .
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Use Outbound Proxy in Dialog

Note

384

2.

Select the desired value from the pull-down list of 180 Ring Workaround .

Log Out
.
Yealink | s : . : : - x
Account Network Dsskey Features 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 a
new incoming call when there is
Vat already an active cal.
Audio Call Waiting Off Code
Auto Redial
Intercom Auto Redial Disabled E| It 2lows IP phones to
y . automaticzlly redial a busy
Auto Redial Interval (1~300s) 10 number after the first attempt.
Transfer Auto Redial Times (1~300) 10 Key As Send
_ Assigns "#” or =" as the send
Pick up & Park key.
Hotline
Remote Control 1P phone wil automatically dial
180 Ring Workaround Enabled out the hotline number when
Phone Lock ng e — L] | ifting the handsaf, pressing the
Logon Wizard Enabled E ;peakerphune key or the line
ey.
ACD 4
PswPrefix 12 Call Completion
SMS It allows users to monitor the
PswLength 3 busy party and establish 2 call
when the busy party becomes
Action URL Pswhial Enabled El available to receive a call.
Power LED Auto Linekeys Disabled [=] You can click here to get
more guides.
Notification Popups

3.

Click Confirm to accept the change.

An outbound proxy server can receive all initiating request messages and route them to the

designated destination. If the IP phone is configured to use an outbound proxy server within a

dialog, all SIP request messages fronthe IP phone will be sent to the outbound proxy server

forcibly.

To use this feature, make sure the outbound server has been correctly configured on the IP
phone. For more information on how to configure outbound server, refer to Account Registration

on page 192.

Procedure

Use outbound proxy in dialog can be configured using the following methods.

Central Provisioning

(Configuration File )

<y0000000000xx» .cfg

Specify whether to use outbound
proxy in a dialog.
Parameter:

sip.use_out_bound_in_dialog

Web User Interface

Specify whether to use outbound
proxy in a dialog.
Navigate to :

http://<phonelPAddress>/serviet?p
=features-general&g=load
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Details of the Configuration Parameter:

Parameter

Permitted Values Default

sip.use_out_bound_in_dialog

Oor1l 1

Description :

Enables or disables the IP phone to send all SIP requests to the outbound proxy server

forcibly in a dialog .

0-Disabled, only the new SIP request messages from the IP phonewill be sent to the

outbound proxy server in a dialog.

1-Enabled, all the SIP request messages from the IP phonewill be forced to send to the

outbound proxy server in a dialog.

Note : It works only if the value of the parameter Jaccount.X.outbound_proxy_enableDig set
to 1 (Enabled)and the outbound server address has been correctly configured on the phone.

Web User Interface:

Features>General Information->Use Outbound Proxy In Dialog

Phone User Interface:

None

To configure use outbound proxy in dialog

1. Click on Features->General Information

via web user interface:

2. Select the desired value from the pull-down list of Use Outbound Proxy In Dialog .

Yealink | e

Account

General Information

Features

Forward&DND

Call Waiting Enabled
General
Information Call Waiting On Code

i

ity Cal Waiting Off Code

Auto Redial Disabled
Intercom

Auto Redial Interval (1~300s) 10
UECEE Auto Redial Times (1~300) 10
Pick up & Park
Remote Control

Use Outbound Proxy In Dialo: Enazbled |
Phone Lock i/ " - =]

180 Ring Workaround Enabled El
ACD -

Logon Wizard Enabled E}
SMS PswiPrefix 12
Action URL PswLength 3
power LED Auto Linekeys Disabled B
Notification Popups

Log Out

English(English) -

Directory

NOTE

Call waiting

It allows IP phones to receive a
new incoming call when there is
already an active call.

Auto Redial

It allows IP phones to
automatically redial a busy
number after the first attempt.

Key As Send
Assigns "#" or "*" as the send
key.

Hotline

IP phone will automatically dial
out the hotline number when
lifting the handset, pressing the
spezkerphone key or the line
key.

Call Completion

Tt allows users to monitor the
busy party and establish a cal
when the busy party becomes
available to receive a cal.

You can click here to get
more guides.

3. Click Confirm to acceptthe change.
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SIP Session Timer

SIP session timers T1, T2 and Tdre SIP transaction layer timers defined inRFC 3261 These

session timers are configurable on IP phones.

Timer T1

Timer T1 isan estimate of the Round Trip Time (RTT)of transactions between a SIPclient and

SIPserver.

Timer T2

Timer T2 represents the maximum retransmitting time of any SIP request message The
re-transmitting and doubling of T1 will continue until the retransmitting time reaches the T2

value.

Example:

The user registers a SIP accounfor the IP phone and then set the value of Timer T1, Timer T2
respectively (Timer T1: 0.5, Timer T2: 4)The SlPregistration request messagewill be
re-transmitted between the IP phone and SIP server There-transmitting and doubling of Timer
T1 (0.5)will continue until the retransmitting time reaches the Timer T2 (4). Thetotal registration
request retry time will be less than 64 times of T1 (64 * 0.5 = 32). The re-transmitting interval in
sequenceis: 0.5s, 1s, 2s4s, 4s, 4s, 4s, 4s, 4s ands.

Timer T4

Timer T4represents that the network will take to clear messages between the SIRlient and

server.

Procedure

SIP session timercan be configured using the following methods.

Configure SIP session timer.

Parameter s:
Central Provisioning
<y0000000000xx>.cfg sip.timer_tl
(Configuration File )
sip.timer_t2

sip.timer_t4

Configure SIP session timer.

Navigate to :
Web User Interface

http://<phonelPAddress>/servlet?p
=settings-sip&g=Iload
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Details of Configuration Parameters:

Parameter s Permitted Values Default

sip.timer_t1 Float from 0.5 to10 0.5

Description :
Configures the SIPsession timer T1 (in seconds)

T1 isan estimate of the Round Trip Time (RTT)of transactions between a SIP client and SIP

server.

Web User Interface:

Settings->SIR>SIP Session TimeiT1 (0.5~10s)
Phone User Interface:

None

sip.timer_t 2 Float from 2to 40 4

Description :

Configures the SIPsession timer T2 (in seconds)

Timer T2 represents the maximum retransmitting time of any SIPrequest message.
Web User Interface:

Settings->SIR>SIP Session Timer T22~40s)

Phone User Interface:

None

sip.timer_t 4 Float from 2.5 to 60 5

Description :

Configures the SIPsession timer of T4 (in seconds)

T4 represents the maximum duration a message will remain in the network.
Web User Interface:

Settings->SIR>SIP Session Timer T42.5~60s)

Phone User Interface:

None

To configure session timer via web user interface:

1. Click on Settings ->SIP.
2. Enter the desired value in the SIP Session Timer T1 (0.5~10s) field.

3.  Enter the desired value in the SIP Session Timer T2 (2~40s) field.
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4.  Enter the desired value in the SIP Session Timer T4 (2.5~60s) field.

Log Out |
English(English) v

Yealink | v :

Account Settings Directory
Preference oany NOTE
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 tmn_sa:tion fayer
play SIP Session Timer T4 (2.5~60s) 5 Q timers defined in RFC 3261.
Upgrade Local SIP Port 5060 Timer T1 is an estimate of the
pg oca o 0 Round Trip Time (RTT) of
transactions between a SIP
Auto Provision TSP AT 5061 7] client and SIP server.
. Timer T2 represents the
Configuration | Confirm | | Cancel | maximum retransmitting time of
any SIP request 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
UETES maore guides.
Softkey Layout
TROG69
Voice Monitoring
SIP

5. ClickConfirm to acceptthe change.

Session Timer
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Sessiontimer allows a periodic refresh of SIP sessions throughan UPDATEequest, to determine
whether a SIP session is still activeSession timer is specified inRFC 40281P phones support two
refresher modes: UAC and UASWhether the endpoint functions as a UAC or a UAS depends on
the UA that initiates the SIP request If the initiator is configured as UAC, the other client or the
SIP server will function as a UAS. If the initiator is configured as UAS, the other client othe SIP
server will function as a UAC.The sessionexpiration is negotiated via the SessionExpires header
in the INVITE messageThe negotiated refresher is always the UAC and it will send anUPDATE
request at the negotiated session expiration. The valueJrefresher=u a ¢n&lidded in the UPDATE

message means that the UACperforms the refresh.

Example of UPDATE messag@UAC mode}):

UPDATE sip:1058@10.10.20.34:5060 SIP/2.0

Via: SIP/2.0/UDP 10.10.20.32:5060;branch=z29nG4bK2104991394
From: "10111" <sip:10111@10.2.1.48:5060>;tag=2170397024
To: <sip:1058@10.2.1.48:5060>;tag=200382096

CaltID: 4_1556494084@10.10.20.32

CSeq: 2 UPDATE

Contact: <sip:10111@10.10.20.32:5060>

Max-Forwards: 70

User-Agent: Yealink SIRT46G 28.82.020

SessionExpires: 90;refresler=uac

Supported: timer

Content-Length: 0
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Procedure

Session timercan be configured using the following methods.

Configure session timer.

Parameter s:
Central Provisioning
<MAC>.cfg account.X.session_timer.enable
(Configuration File )
account.X.session_timer.expires

account.X.session_timer.refresher

Configure session timer.

Navigate to :
Web User Interface

http://<phonelPAddress>/serviet?p=a
ccount-adv&qg=load&acc=0

Details of Configuration Parameters:

Parameter s Permitted Values Default

account. X.session_timer.enable 1 Oorl 0

Description :

Enables or disables the session timer for a specific account.

0-Disabled

1-Enabled, IP phone will send periodic UPDATErequests to refresh the session during a call
Web User Interface:

Account->Advanced->Session Timer

Phone User Interface:

None
) . . Integer from 30
account. X.session_timer.expires ! 1800
to 7200
Description :

Configures the interval (in seconds) for refreshing the SIP session during a calfor a specific

account. For example, an UPDATEwill be sent after 50% of its value has elapsed.

If it is set to 1800 (1800s), the IP phone will refresh the session during a call before900

seconds.
Example:
account.l.session_timer.expires= 1800

Note : It works only if the value of the parameter jaccount.X.session_timer.enabl®ig set to 1
(Enabled).
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Parameter s Permitted Values Default

Web User Interface:
Account->Advanced-> SessionExpire{30~7200s)
Phone User Interface:

None

account. X.session_timer.refresher [ Oor1l 0

Description :

Configures the function of the endpoint who initiates the SIP requestfor a specific account.
0-UAC

1-UAS

Note : It works only if the value of the parameter jaccount.X.session_timer.enabl®ig set to 1
(Enabled).

Web User Interface:
Account->Advanced->SessionRefresher
Phone User Interface:

None

(11X jsthe account ID. For SIR T54S/T48G/T48S/TA6G/T46S/T29GX=1-16; for SIP-T52S/T42G/T42S X=1-12;
for SIP-T41P/T41S/T27P/T27GX=1-6; for SIRT40P/T40G/T23P/T23GX=1-3; for SIP-T21(P) E2X=1-2; for
SIRT19(P) E2X=1.

To configure session timer via web  user interface:

1. Click on Account ->Advanced .

2 Select the desired account from the pull-down list of Account .

3.  Selectthe desired value from the pull -down list of Session Timer.
4

Enter the desired time interval in the Session Expires(30~7200s) field.
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5. Select the desired refresher from the pull-down list of Session Refresher.

Log Out
Y - k | English(English) v
ealink | s
Account Network Dsskey Features Settings Directory Security
Register Accountl ? NOTE
Keep Alive Type | Default @
Basic DTMF
Keep Alve Interval(Seconds) 0 It is the signal sent from the IP
phone to the network, which is
Codec RPort [Disabled Y@ generated when pressing the 1P
phone’s keypad during a cal.
Advanced Subscribe Period(Seconds) 0
‘pEFoE2r v Session Timer
DTMF Type |RFC28337'\ 0 It alows 3 periodic refresh of
T SIP sessions through 2 re-
DTMF Info Type [DTMFRey — *] @ INVITE request, to determine
whether a SIP session is stil
DTMF Payload Type(96~127) 101 [7) active.
Retransmission | Disabled @
Busy Lamp Field/BLF List
Subscribe Register | Disabled v 0 Monitors a specific extension/a
list of extensions for status
Subscribe for MWI | Disabled @ changes on IP phones.
MWI Subscription Period(Seconds) 3600 0 shared Call Appearance
Subscribe MWI To Voice Mail | Disabled v \ 0 Smrr:r:igﬁ]g;
" il I:l It allows users to share a SIP
T 0 line on several IP phones. Any
—_— IP phone can be used to
Voice Mail Display [Enabled ] 7] originate or receive calls on the
— shared line.
caller 1D Source | FROM @
Session Timer | Enabled @ Network Conference
It allows multiple participants
Session Expires(30~7200s) 1800 0 (m"me than three) to join in a
call.
Session Refresher |uac @

6. ClickConfirm to acceptthe change.

Ignor ing Incoming Call s

The phone behavior for the incoming call arrived when the IP phone is in a call is depended on
the parameter jfeatures.ignore_incoming_call.enabl®Z

features.ignore_incoming_call.enable=0 features.ignore_incoming_call.enable=1

#) Talking

Incoming call :
information L Incoming call: 1088

Transfer Answer Reject End Call Transfer Hold Conference

The Hold and Conference
soft keys are changed to
Answer and Reject soft keys.

When you set the value of the parameter Jfeatures.ignore_incoming_call.enabl®® 1, and if the
IP phone receives an incoming call inthe idle state, the user can only pressthe corresponding
line key, the Answer soft key or the OK key to answer the call. And the IP phone will enter the
dialing screen if the user picking up the handset, pressing the Speakerphone keyor pressing the
HEADSET key.
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Procedure

Ignore Incoming Call can be configured using the configuration file .

Configure the Ignore Incoming Call.

Central Provisioning <y0000000000xx>.cfg Parameter:
(Configuration File s) <MAC>.cfg features.ignore_incoming_call.enabl
e

Details of Configuration Parameter:

Parameter Permitted Values Default

features.ignore_incoming_call.enable Oorl 0

Description :
Enables or disables the Ignore Incoming Call feature.
0-Disabled

1-Enabled, the users cannot answer the incoming call during the call. The IP phone will not
prompt the incoming call information until the current call is end. And if there is an incoming
call arrives when the IP phone is idle, theuser can only pressthe corresponding line key, the
Answer soft key or the OK key to answer the call.

Web User Interface:
None
Phone User Interface:

None

Call Hold

392

Call hold provides a service of placing an active call on hold. The purpose of call hold is to pause
activity on the existing call so that you can use the phone for another task (for example, to place

or receive another call).

When a call is placed on hold, the IP phones sendan INVITE request withHOLD SDPto request
remote parties to stop sending media and to inform t hem that they are being held. IP phones

support two call hold methods, one is RFC 3264 which sets the JaD@nedia attribute ) in the SDP

to sendonly, recvonly or inactive (for example, a=sendonly). The other is RFC 2543 which sets

the JcDgonnection addresses for the media streamg in the SDP to zero (for example, ¢=0.0.0.0)

When you place the call on hold, the IP phone isin the call hold state, and the other phone is in

the call held state.

Call Hold Tone/ Call Held Tone feature allows IP phone to play a call hold/call held tone at
specified intervals when there is a call on hold/held. The call hold/call held tone is played
through th e speakerphone.



http://tools.ietf.org/html/rfc3264
http://tools.ietf.org/html/rfc2543

Configuring Basic Features

Procedure

Call hold can be configured using the following methods.

Configure the Call Hold Tone.
Parameters:
features.play_hold_tone.enable
features.play_hold_tone.delay

features.play_hold_tone.interval

Configure the Call Held Tone.
Parameters:
<y0000000000xx>.cfg features.play_teld_tone.enable

features.play_feld_tone.dela
Central Provisioning play_reld_ y

i . . features.play_teld_tone.interval
(Configuration File s)

Specify whether RFC 2543
(c=0.0.0.0)outgoing hold signaling
is used.

Parameter:

sip.rfc2543_hold

Specify whether to use inactive hold
signaling.

<MAC>.cfg
Parameter:

account.X.hold_use_inactive

Configure the call hold tone and call
hold tone delay.

Specify whether RFC 2543
(c=0.0.0.0) outgoing hold signaling

Web User Interface .
is used.

Navigate to :

http://<phonelPAddress>/serviet?p
=features-general&g=Iload

Details of Configuration Parameters:

Parameter s Permitted Values Default

features.play_hold_tone.enable Oor1l 1

Description :

Enables or disables the IP phone to playthe call hold tone when you place a call on hold.
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Parameter s Permitted Values Default

0-Disabled

1-Enabled

Web User Interface:

Features>General Information->Play Hold Tone
Phone User Interface:

None

features.play_hold_tone.delay Integer from 3 to 3600 30

Description :
Configures the time (in seconds) to wait for the IP phone to play the initial call hold tone.

If it is set to 30 (30s),the IP phone will wait 30 seconds to play the initial call hold tone after
you place a call on hold.

Note: It works only if the value of the parameter jfeatures.play_hold_tone.enabl®i8 set to 1
(Enabled).

Web User Interface:
Features>General Information->Play Hold Tone Delay
Phone User Interface:

None

features.play_hold_tone.interval Integer from 3 to 3600 30

Description :
Configures the time (in seconds) between subsequent call hold tones.

If it is set to 3 (3s) and the value of t
(30s), the IP phonewill begin to play a hold tone after you place a call on hold for 30
seconds, and repeat the call hold tone every 3 seconds.

Note: It works only if the value of the parameter Jfeatures.play_hold_tone.enabld®ig set to 1
(Enabled).

Web User Interface:
Features>General Information->Hold Tone Interval(second)
Phone User Interface:

None

b

features.play_h eld_tone.enable Oor1l 0

Description :

Enables or disables the IP phone to playthe call held tone when a call is held by the other
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Parameter s Permitted Values Default

party.

0-Disabled

1-Enabled

Web User Interface:

Features>General Information->Play Held Tone
Phone User Interface:

None

features.play_h eld_tone.delay Integer from 3 to 3600 30

Description :
Configures the time (in seconds) to wait for the IP phone to play the initial call held tone.

If it is set to 30 (30s),the IP phone will wait 30 seconds to play the initial call held tone after
you are held by the other party.

Note: It works only if the Music on Hold feature is disabled and the value of the parameter
jfeatures.play_leld_tone.enableDig set to 1 (Enabled).

Web User Interface:
Features>General Information ->Play Held Tone Delay
Phone User Interface:

None

features.play_h eld_tone.interval Integer from 3 to 3600 60

Description :
Configures the time (in seconds) between subsequent call teld tones.

If it is set to 3 (3s) and the value of the parameter ] features.play_teld_tone.delayDi& set to 30
(30s), the IP phone will begin to play a held tone after a call is held by the other party for 30
seconds, and repeatthe call held tone every 3 seconds.

Note: It works only if the Music on Hold feature is disabled and the value of the parameter
Jfeatures.play_teld_tone.enableDi8 set to 1 (Enabled).

Web User Interface:
Features>General Information->Held Tone Interval(second)
Phone User Interface:

None

sip.rfc2543_hold Oor1l 0

Description :
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Parameter s Permitted Values Default

Enables or disables the IP phone to use RFC 2543 (c=0.0.0.0utgoing hold signali ng.

0-Disabled, SDP media direction attributes (such as a=sendonly) per RFC 3264 is used wher
placing a call on hold.

1-Enabled, SDP media connection addressc=0.0.0.0 per RFC 2543 is used when placing a
call on hold.

Web User Interface:
Features >General Information->RFC 2543 Hold
Phone User Interface:

None

account.X.hold_use_inactive [ Oorl 0

Description :
Enables or disables the IP phone to use inactive outgoing hold signali ng.
0-Disabled, SDP media direction attribute ja=sendonlyDi& used when placing a call on hold.

1-Enabled, SDP media direction attribute Ja=i n a c ts usedewbgn placing a call on hold.
RTP packets will not be sent or received.

Note:l't works only if the value of the parari
Web User Interface:

None

Phone User Interface:

None

[IX isthe account ID. For SIRT54S/T48G/T48S/T46G/T46S/T29GX=1-16; for SIP-T52ST42G/T42S X=1-12;
for SIRT41P/T41S/T27P/T27GX=1-6; for SIRTAOP/T40G/T23P/T23GX=1-3; for SIRT21(P) E2X=1-2; for
SIRT19(P) E2X=1.

To configure call hold tone and call hold tone delay via web user interface:

1. Click on Features->General Information

2. Select the desired value from the pull-down list of Play Hold Tone.
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3. Enter the desired time in the Play Hold Tone Delay field.

Log Out
H
Yealink | +ss
Account Network Dsskey Features Directory Security
Forward&DND General Information NOTE
Cal Waiting Enabled E
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 cal.
Audio
Auto Redal Disabled E el
Intercom o Reda ssble B It allows IP phones to
automaticaly redial a busy
Auto Redial Interval (1~300s) 10 ST AR o r m e
UErEE Auto Redial Times (1~300) 10 e —
= A "#" or "*" as th d
p":k up & Park k:’s[\gns or as the seni
) Hotline
Remote Control 1P phone will automatically dial
Play Hold T Enabled - out the hotline number when
Phone Lock ¥ oid Tone naple lfting the handset, pressing the
speakerphone key or the line
Play Hold Tone Delay 30 Key.
ACD
Allow Mute Enabled - call Completion
SMS - It allows users to monitor the
DuakHeadset Disabled - busy party and establish a call
when the busy party becomes
Action URL Auto-Answer Delay(1~4s) 1 avaiable to receive a call.
Power LED Auto Linekeys Disabled You can click here to get
more guides.
Notification Popups

4. Click Confirm to accept the change.
To configure call hold method via web user interface:

1. Click on Features->General Information

2. Select the desired value from the pull-down list of RFC 2543 Hold.

Log Out

Yealink [+

Account Network Dsskey Features Directory Security

Forward&DND General Information NOTE
Call Waiting Enabled Iz‘
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
Auto Redizl Disabled E ekl
o Redi ssble B It allows IP phones to
fereom Auto Redal Interval (1~300) 10 otomaticAijedall Jbus)
number after the first attempt.
as=tcy Auto Redial Times (1~300) 10 Key As Send
N Assigns "#" or "*" as the send
Call Pickup key.
- Hotline
Remote Control 1P phone will automatically dil
Time-Out for Dial-Now Rule 1 out the hotline number when
Phone Lock lfting the handset, pressing the
RFC 2543 Hold Enabled . szemhune key or the line
ACD
Use Qutbound Proxy In Dialog Enabled - ‘Call Completion
SMS It allows users to monitor the
DualHeadset Disabled - busy party and establish a call
. when the busy party becomes
Action URL Auto-Answer Delay(1~4s) 1 avaiable to receive a call.
Power LED Auto Linekeys Disabled You can click here to get
more guides.
Notification Popups Confirm Cancel

3. ClickConfirm to accept the change.

Music on Hold (MoH)

Music on Hold (MoH) is the business practice of playing recorded music to fill the silence that
would be heard by the party who has been placed on hold. To use this feature,specify a SIP URI
pointing to a MoH server account When a call is placed on hold, the IP phone will send an
INVITEmessageto the specified M oH server account according to the SIP URI. The MH server
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account automatically responds to the INVITE message and immediately plays audio fromsome
source located anywhere (LAN, Internet)to the held party . For more information, refer to draft

RFCdraft-worley-service-example.

Note Music on Hold is not available on all servers.It is no need to specify the SIP URI if the MoH
feature is enabled by default on the server and the server can play audio to the held party. For
more information, c ontact your server administrator.

Procedure

Music on hold can be configured using the following methods.

Configure music on hold on a

per-line basis.
Parameter:

account.X.music_server_uri

Central Provisioning
<MAC> .cfg .
(Configuration File ) Configure the way on how the IP

phone processes music on hold
when placing an active call on hold.

Parameter:

account.X.music_on_hold_type

Configure music on hold on a

per-line basis.
Web User Interface Navigate to :

http://<phonelPAddress> /servlet?p

=account-adv&q=load&acc=0

Details of Configuration Parameters:

Parameter s Permitted Values Default

_ _ SIP URIwithin 256
account. X.music_server_urill Blank
characters

Description :

Configures the SIPURI that provides the audio to play for the held party for a specific

account. The URI points to a Music On Hold (MoH) server.

Examples for valid values<10.1.3.165>, 10.1.3.165, sip:moh@sip.com, <sip:moh@sip.com>,

<yealink.com> or yealink.com.
Example:
account.l.music_server_uri =sip:moh@sip.com

Note : The DNS queryin this parameter only supports A query.
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Parameter s Permitted Values Default

Web User Interface:
Account->Advanced->Music Server URI
Phone User Interface:

None

account.X.music_on_hold_type [ Oor1l 0

Description :

Configures the way to process Music On Hold when placing an active call on hold for a

specific account.

0-Calling the Music On Hold server before holding the call
1-Calling the Music On Hold server after holding the call
Web User Interface:

None

Phone User Interface:

None

[1X isthe account ID. For SIRT54S/T48G/T48S/T46G/T46S/T29GX=1-16; for
SIRT52S/T42G/T42S X=1-12; for SIP-TA1P/T41S/T27P/T27GX=1-6; for
SIRT40P/T40G/T23P/T23G X=1-3; for SIRT21(P) E2X=1-2; for SIRT19(P) E2X=1.

To configure MoH 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.  Enter the SIP UR[for example, sip:moh@sip.com)in the Music Server URI field.

4. Click Confirm to accept the change.

Call Forward

Call forward allows users to redirect an incoming call to a third party . IP phonesredirect an
incoming INVITE messageby responding with a 302 Moved Temporarily message, which
contains a Contact header with a new URIthat should be tried. Threetypes of call forward:

Always Forward -- Forward the incoming call immediately.

Busy Forward -- Forward the incoming call when the IP phone or the specified account is
busy.

No Answer Forward -- Forward the incoming call after a period of ring time .
Call forward can be configured on a phone or a per-line basis depending on the call forward
mode.
There are two call forward modes:
Phone (default): Call forward feature is effective for the phone system. You can apply call
forward to all line registration s on the phone.

Custom: Call forward feature can be configured for each or all accounts. You can specify

individual or all line registrations on a phone that has multiply registered lines.

The call forward feature is enabled by default, and you have the option of disabling it. Users
have no permission to configure call forward on the phone if call forward feature is disabled.
The serverside Call Forward settings deactivate the local Call Forward settings. If the server-side

Call Forward feature is activated on any of the IP phoned registrations, the other registrations
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