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About This Guide

About This Guide

Thank you for choosing the SIP VP-T49G IP phone, an ultra-elegant gigabit IP phone which is
exquisitely designed to provide business telephony features, such as Call Hold, Call Transfer,
Busy Lamp Field, Call Recording, Multicast Paging and Conference over an IP network. It also
features an enhanced user experience and newly developed industrial design, with a large touch

screen for easy and efficient use.

This guide provides everything you need to quickly use your new phone. First, verify with your
system administrator that the IP network is ready for phone configuration. Also be sure to read
the Packaging Contents in this guide, and see the Veal/ink Products Regulatory Notices guide for
all regulatory and safety guidance before you set up and use the SIP VP-T49G IP phone.

In This Guide

Topics provided in this guide include:

e Chapterl Overview

e  Chapter 2 Getting Started

e  Chapter3 Customizing Your Phone
e  Chapter4 Basic Phone Features

e  Chapter5 Advanced Phone Features

Typographic Conventions

This guide contains a few typographic conventions.

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

information:
Convention Description

Highlights the web/phone user interface items such as menus, menu

Bold selections, soft keys, or directory names when they are involved in a

o
procedure or user action (e.g., Tap Menu->Status).
Also used to emphasize text (e.g., Important!).
Used for cross references to other sections within this documentation
Blue Text

(e.g., refer to Overview).

) Used for hyperlinks to Yealink resources outside of this documentation
Blue Text in . . . .
ol such as the Yealink documentations (e.g., For more information, refer to
talics
Yealink Meeting Server User Guide).
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You also need to know the following writing conventions to distinguish conditional information:

Convention Description

Indicates that you need to select an item from a menu. For example,
-> Menu->Features indicates that you need to select Features from the

menu screen.

Terms

As you read this guide, you'll notice that the same terms are used repeatedly. Make sure you

familiarize yourself with these terms.

Video conference platform: This term refers to Yealink VC Cloud Management Service, Yealink

Meeting Server, StarLeaf, Zoom, BlueJeans, Pexip, Mind and Custom platform.

Cloud endpoints: This term refers to the endpoints that support Cloud feature, including
VC800/VC500/VC400/VC120/VC110 video conferencing endpoint, SIP VP-T49G IP phone, VC
Desktop and VC Mobile.

Cloud directory: This term refers to Yealink Cloud directory and enterprise directory.

Cloud contact: This term refers to Yealink Cloud contact and YMS contact.

Summary of Changes

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

Changes for Release 25, Guide Version 25.1

The following section is new:

e  Yealink Cloud Video Conference on page 292

Major updates have occurred to the following sections:

e  Video Conference Platformon page 288
° H.323 Settings on page 333

e  SIPIP Call Settings on page 336

Changes for Release 24, Guide Version 24.1

The following section is new:

e  StarlLeaf Cloud Platform on page 324

Major updates have occurred to the following sections:

e  Setup Wizard on page 287
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e  Yealink Cloud Directory on page 290
e Joining the Third-Party Platform Meeting on page 329

e  YMS Conference Management on page 320

Changes for Release 23, Guide Version 23.20

The following section is new:

e  Permanent Virtual Meeting Room on page 318

Major updates have occurred to the following sections:

e  Icon Instructions on page 20
e  Web User Interface on page 28

e  YMS Conference Management on page 320

Changes for Release 23, Guide Version 23.5

The following sections are new:
e  YMS Conference Management on page 320

Major updates have occurred to the following sections:

e  Icon Instructions on page 20
e  Web User Interface on page 28
e  Logging into Yealink VC Cloud Management Service Platform on page 288

e  Yealink Cloud Directory on page 290

Changes for Release 22, Guide Version 22.5

The contents in the following section are removed to Frequently Asked Questions on Yealink
IP Phones:

e  Troubleshooting

The following sections are new:

e  Power Saving on page 71

° Key Tone on page 88

e  Video Conferencing on page 286

e  Setup Wizard on page 287

e  Video Conference Platform on page 288

° H.323 Settings on page 333

Vii
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e  (Call Stats on page 340
e  Videoconferencing Key on page 341
e  Appendix B - Menu Structure on page 345

Major updates have occurred to the following sections:

e  Icon Instructions on page 20

e  Web User Interface on page 28

e  Using the Phone Keypad and Dial Pad on page 50
° Screen Saver on page 68

° Placing Calls on page 162

° External Monitor on page 180

Changes for Release 80, Guide Version 80.108

The following sections are new:

° Registration on page 40
e Idle Clock on page 76
e  SIPIP Call on page 336

Major updates have occurred to the following sections:

e  Icon Instructions on page 20

e  Web User Interface on page 28

e  Idle Screen Display on page 40

e  Using the Phone Keypad and Dial Pad on page 50
e  Volume on page 84

e  Ring Tones on page 86

e  Account Registration on page 147

° Do Not Disturb (DND) on page 193

e  Call Forward on page 198

Changes for Release 80, Guide Version 80.75

The following section is new:

e  Shared Call Appearance (SCA) on page 260

Major updates have occurred to the following sections:

e  Icon Instructions on page 20

) Documentations on page 32
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Packaging Contents on page 33

Phone Installation on page 35

Entering Data and Editing Fields on page 47
Local Directory on page 89

Blacklist on page 107

Remote Phone Book on page 109

Bluetooth Headset on page 123
Bluetooth-Enabled Mobile Phone on page 129
Call Forward on page 198

Call Transfer on page 208

Video/Voice Mail on page 281
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Overview

Overview

This chapter provides the overview of the SIP VP-T49G IP phone. Topics include:

° Hardware Component Instructions
e  Icon Instructions

. LED Instructions

° User Interfaces

. Documentations

If you require additional information or assistance with your new phone, contact your system

administrator.

Hardware Component Instructions

The main hardware components of the SIP VP-T49G IP phone are the touch screen and the

keypad.

% © [ |

Yealink —— @
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Hardware component instructions of the SIP VP-T49G IP phone are:

Item

Description

(D | Power Indicator LED

Indicates call status, message status and phone's system
status.
* Receives an incoming call—Fast-flashing

* Receives a voice mail or text message—Slow-flashing

@) | Touch Screen

The screen is touch-sensitive. Tap to select and highlight
screen items.

Shows information about calls, messages, soft keys, time,
date and other relevant data:

« Default account

« Call information—caller ID, call duration

+ Icons (for example, & )

* Missed call list or second incoming caller information
 Prompt text (for example, “Save succeeded!”)

» Time and date

(B | MESSAGE Key

« Indicates and accesses voice mails. The key LED illuminates
solid green when one or more voice mails are waiting at the
message center.

« Captures screenshots during a video call.

(4) | HEADSET Key

Toggles and indicates the headset mode. The key LED

illuminates solid green when headset mode is activated.

® | MUTE Key

Toggles and indicates mute feature. The key LED illuminates

solid red when the call is muted.

() | VIDEO Key

« Allows you to preview local-site video when the phone is
idle.

« Controls the transmission of video images during calls and
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Item

Description

conferences.

Q

TRANSFER Key

Transfers a call to another party.

©

Volume Key

Adjusts the volume of the handset, headset, speakerphone or

ringer.

Speakerphone Key

Toggles and indicates the hands-free (speakerphone) mode.
The key LED illuminates solid green when the hands-free

(speakerphone) mode is activated.

el ©

REDIAL Key Redials a previously dialed number.
@) | HOLD Key Places a call on hold or resumes a held call.
Provides the digits, letters and special characters in
@ | Keypad " L
context-sensitive applications.
13 | Speaker Provides hands-free (speakerphone) audio output.
« Picking up the handset from the handset cradle, the
. hookswitch bounces and the phone connects to the line.
Hookswitch

« Laying the handset down on the handset cradle, the phone

disconnects from the line.

Shutter Switch

Covers and uncovers the camera.

Camera Indicator
LED

Indicates video call status and camera status.
* Receives a video call-Flashing green
« The camera is inserted and detected successfully on the

phone—Solid green

Camera Lens

Provides local-site video. The better distance between
camera and images you want to capture should be in the

range of 0.35 meters (1 foot) to 2 meters (6 feet).

Allows you to connect an external monitor (optional) to your

phone and the video image captured from camera (both near

HDMI Port site and far site) will also be shown on the external monitor
during a video call.
Allows you to connect a USB flash drive (optional) to your
USB2.0 Port phone so you can display pictures on your phone, capture

screenshot, and record and play back calls.

19



User Guide for SIP VP-T49G IP Phone

Icon Instructions

Feature Status Icons

Icons appearing on the status bar are described in the following table:

Icons Description

Wired network is unavailable

Hands-free (speakerphone) mode

Handset mode

Headset mode

QD Video/Voice Mail

o Text Message

(A Auto Answer

e Do Not Disturb (DND)

) Call Forward

B Ringer volume is O
Phone Lock

Camera is not detected

J Missed Calls

P Bluetooth mode is on

Bluetooth headset is both paired and connected

Bluetooth-Enabled mobile phone is both paired and

connected

-;3;.\_-- Wi-Fi mode is on

20
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Icons Description
. Wi-Fi is connected successfully and the signal strength
P~ )
° ° ° is weak to strong
= Wi-Fi fails to connect

The USB flash drive is detected

External monitor is connected

Ongoing Conference

Line Key Icons

Icons appearing on the line keys are described in the following table:

Icons Description
aVl¥a] Voice Mail
G Direct Pickup
i Group Pickup
q,;‘ Call Park (Park successfully; Call park idle state)

Call Park (Park failed)

Call Park (Call park ringing state)

Intercom

DTMF

Prefix

Local Group
XML Group

XML Browser

LDAP

Conference

Videoconference

21
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Icons Description

‘~ Forward

o Transfer

. Hold/Public Hold
— Private Hold

= DND

ReCall

SMS

Record/URL Record

Record/URL Record (Recording starts successfully)

Multicast Paging
Group Listening
Paging List

—=— Hot Desking

. Zero Touch

URL

JUin Phone Lock

Directory

e Speed Dial
U 3rd-party VMR

Call Stats

Icon indicator (associated with line)

Icons Description
‘-’EV Register successfully (SIP account, private line)

e Register successfully (Video conference platform

& account)
" m_ Register successfully (H.323 account)

22
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Icons Description
== Register failed (SIP/Video conference platform
: account)
__ .. Register failed (H.323 account)
(=) Registering (SIP/Video conference platform account)
(Flashing)
el Registering (H.323 account)
(Flashing)

Register successfully (SIP account, shared line)

Do Not Disturb (SIP account)

Do Not Disturb (Video conference platform account)

Call forward (SIP account)

Call forward (Video conference platform account)

Icon indicator (associated w

ith mobile account)

Icons

Description

&

Mobile Account (Bluetooth-Enabled mobile phone is

both paired and connected)

o

Mobile Account (Bluetooth-Enabled mobile phone

fails to connect)

@

(Flashing)

Mobile Account (Bluetooth-Enabled mobile phone is

connecting)

Icon indicator (associated with BLF/BLF List)

Icons Description
b BLF/BLF list idle state
" BLF/BLF list ringing state
(Flashing)
J" BLF/BLF list callout state
(Flashing)
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Icons Description
l BLF/BLF list talking state
’0 BLF hold state
’% BLF list call park state
- BLF/BLF list failed state

Icon indicator (associated with a shared line)

The local SCA phone indicates the phone is involved in an SCA call, while the monitoring SCA

phone indicates the phone is not involved in the SCA call.

Icon Description

S & The shared line is idle.

2.

(for monitoring SCA phone)

e
p 7

(Flashing)

-
p 5

(Flashing)

The shared line is seized.

The shared line receives an incoming call.

The shared line is dialing.

—
‘i The shared line is in conversation.

T The shared line conversation is placed on public
o hold.

0

o

(for local SCA phone) The shared line conversation is placed on private

f‘*l hold.

(for monitoring SCA phone)

The shared line conversation is barged in by the

other shared line party.
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Icon

Description

conversation on hold.

For a multi-party call, all the shared line parties

participating in this call place the shared line

Other Icons

Icon indicator (associated with an active call)

Icon

Description

Call Hold (video)

Call Hold (audio-only)

Call Mute

Call is encrypted (video)

Call is encrypted (audio-only)

"0

Applying for speak

Icon indicator (associated with call recording)

Icons

Description

Recording box is full

A call cannot be recorded

Recording starts successfully

Recording cannot be started

Recording cannot be stopped

Icon indicator (associated with call history)

Icons

Description

Received Calls (SIP/H.323 account)

Placed Calls (SIP/H.323 account)
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Icons

Description

14

Missed Calls (SIP/H.323 account)

Forwarded Calls (SIP/H.323 account)

Received Calls (Video conference platform account)

Placed Calls (Video conference platform account)

&

Missed Calls (Video conference platform account)

Forwarded Calls (Video conference platform account)

Icon indicator (associated with contact)

Icons

Description

The default local caller photo and local contact icon

The default mobile caller photo and mobile contact

icon

The default Yealink Cloud caller photo and contact
icon
The default YMS caller photo and contacts icon

Third party device icon

VMR

Permanent VMR

Room system

x

Department

LED Instructions
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Power Indicator LED

LED Status

Solid red
Fast-flashing red

Slow-flashing red

Off

Description
The phone is initializing.

The phone is ringing.

The phone receives a text message/voice mail/video mail.

The phone is powered off.
The phone is idle.
The phone is busy.




Overview

LED Status Description
The call is placed on hold or is held.
The call is muted.
Note The above introduces the default power indicator LED status. The status of the power indicator

LED is configurable via web user interface. For more information, contact your system

administrator.

Camera Indicator LED

LED Status

Solid green

Flashing green

Solid red

Slow-flashing red

Off

User Interfaces

Description

The phone is powered on and the camera is properly
connected to the phone.

The camera is idle.

The phone receives an audio-only call.

The phone receives a video call.

There is an active video call.

The video call is muted.

The video call is held.

The shutter switch is open, but the local-site video is
stopped transmitting during a video call.

The video call is placed on hold.

The phone is powered off.

The camera is not properly connected to the phone.

The shutter switch is closed.

Two ways to customize configurations of your SIP VP-T49G IP phone:

e  The user interface on the IP phone.

e  The user interface in a web browser on your PC.

The hardware components keypad and touch screen constitute the phone user interface, which

allows the user to execute all call operation tasks and basic configuration changes directly on

the phone. In addition, you can use the web user interface to access all configuration settings. In

many cases, it is possible to use either the phone user interface and/or the web user interface

interchangeably. However, in some cases, it is only possible to use one or the other interface to

operate the phone and change settings.

Phone User Interface

You can customize your phone by tapping - to access the phone user interface. The
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Advanced option is only accessible to the administrator, and the default administrator
password is “admin” (case-sensitive). For more information on customizing your phone with the

available options from the phone user interface, refer to Customizing Your Phone on page 65.

Note For a better understanding of the menu structure, please refer to Appendix B - Menu Structure
on page 345.

Web User Interface

In addition to the phone user interface, you can also customize your phone via web user
interface. In order to access the web user interface, you need to know the IP address of your
new phone. To obtain the IP address, tap & ->Status on the phone when the phone is idle.
Enter the IP address (e.g., http://192.168.0.10 or 192.168.0.10 for IPv4;
http://[2005:1:1:1:215:65ff.fe64:6e0a] or [2005:1:1:1:215:65ff:fe64:6e0a] for IPv6) in the address
bar of a web browser on your PC. The default administrator user name and password are both

"admin” (case-sensitive).

Note The access to the Advanced settings of the Account or Network via web user interface may be
blocked by the web browser (e.g., Chrome, Firebox) if you have installed “"Adblock Plus plugin”.

The main options you can use to customize the IP phone via phone user interface and/or via

web user interface are listed in the following table:

Options Phone User Interface Web User Interface

Status
--1Pv4
--MAC

--Firmware «/ «/

--Network

--Phone

--Accounts

Basic Phone Settings

--Wallpaper

<

--Screen Saver

X
<

--Power Saving

--Site Name
--Backlight

--Language
--Idle Clock
--Time & Date

--Administrator Password

A IR RN S - I B
X

--Key as Send
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Options Phone User Interface Web User Interface

--Phone Lock N

--Audio Settings

--Ring Tones J

--Key Tone N,

--Contact Management

--Local Directory J

<

--Blacklist

X

--Remote Phone Book

--Mobile Contacts

< |«
S

--Call History Management

X
<

--Search Source List in Dialing

--Bluetooth Headset

--Bluetooth-Enabled Mobile Phone

--DSS Keys

L& |

--Account Registration

--Dial Plan

X

--Emergency Number x

--Live Dialpad x

--Hotline N,

Basic Call Features

<

--Direct IP Call

X

--Recent Call In Dialing

--Auto Answer

--Auto Redial

--Call Completion

--ReCall

--Do Not Disturb (DND)

--Call Forward

--Call Transfer

--Call Waiting

--Conference

--Call Park

--Call Pickup

--Anonymous Call

A B IR N R B O S I G B O I B IR

--Anonymous Call Rejection

Advanced Phone Features

--Busy Lamp Field (BLF) N

--BLF List

X

--Call Recording

--Hot Desking

R I

--Intercom
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Options

Phone User Interface

Web User Interface

--Multicast Paging

--Music on Hold

--Shared Call Appearance (SCA)

--Messages

SIP Account

--User Options

--Activation

--Label

--Display Name

--Register Name

--User Name

--Password

L R R N Y RS .

--Server Options

--SIP Serverl/2

A

--Register Port

X

--Outbound Status

--Outbound Proxy1/2

| &~

--Proxy Fallback Interval

X

--NAT Status

Video conference platform

--Yealink Cloud

--PIN code

--Please input 9-digit pincode

--Server

--Account

--User Name

--Password

--Server

A

--Yealink Meeting Server

--Account

--Password

--Server

--Outbound Proxy Server

| & &

--StarLeaf

--QCP

<

--Custom

--Label

--User Name

--Register Name

--Password

--Server

S IR B B RS
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Options Phone User Interface Web User Interface
--Zoom
--Label J
--Server J
--Pexip
--Alias J
--User Name J
--Password J
--Server J
--Mind
--Label v
--Server
--BlueJeans
--Label v
--Server N

H.323 Account

--User Options
--H.323 Protocol J
--H.323 Account J
--H.323 Auto Answer x
--H.323 Name
--H.323 Extension

<

--Server Options

--Gatekeeper Mode

--Gatekeeper Serverl/2

--Gatekeeper Port1/2

--Gatekeeper Verify

--Gatekeeper Username

A RN RN Y RN S

--Gatekeeper Password

--Other Options
--H.460 Active
--H.323 Tunneling
--H.235 Encryption

--Protocol Monitor Port
--DTMF Type

--Local Early Media
--H.239

A R RN Y S N RN

Note The table above lists most of the feature options. Please refer to the relevant sections for more
information.
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Documentations

The following table shows documentations available for the SIP VP-T49G IP phone.

Name Contents Where found Language

Basic call features In the package English

Quick Start Guide and phone
customizations On the website English/Chinese
Phone/Web user
interface settings

User Guide Basic call features On the website English/Chinese
and advanced
phone features

Note You can also download the latest documentations online:

http://support.yealink.com/documentFront/forwardToDocumentDetailPage?documentId=94.
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Getting Started

Getting Started

This chapter provides the following basic installation instructions and information for obtaining

the best performance with the SIP VP-T49G IP phone. Topics include:

Packaging Contents

Phone Installation

Network Connection

Phone Initialization

Registration

Touch Screen Display
Navigating Menus and Fields
Gestures

Control Center/Notification Center
Entering Data and Editing Fields
Phone Status

Basic Network Settings

Wireless Network Settings

If you require additional information or assistance with your new phone, contact your system

administrator.

Packaging Contents

The following components are included in your SIP VP-T49G IP phone package:

¢ SIP VP-T49G IP Phone

- ] v

o |
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o Phone Stand

|
|

« Handset & Handset Cord

« Camera

o Ethernet Cable (2m CATS5E FTP cable)

—— 7

¢ Quick Start Guide
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¢ Power Adapter

Check the list before installation. If you find anything missing, contact your system
administrator.

Optional Accessories

The following items are optional accessories for your SIP VP-T49G IP phone. You need to
purchase them separately if required.

o Headset YHS32/YHS33

Quick Installation
Guide

USB3.0 Cable HDMI Cable

3M Dual Lock x2

Note We recommend that you use the accessories provided or approved by Yealink. The use of

unapproved third-party accessories may result in reduced performance.

Phone Installation

If your phone is already installed, proceed to Phone Initialization on page 39.
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This section introduces how to install the phone:

1)
2)
3)
4)
5)
6)

1)

2)

3)

Insert the camera

Attach the stand and adjust the angle of touch screen
Connect the handset and optional headset

Connect the AC power

Connect the optional USB flash drive

Connect the optional external monitor

Insert the camera

Adjust Shutter Switch

Adjust Camnera Angle

&
LI ITIIIIE ST T 77777777
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4) Connect the AC power

Connect the DC plug on the power adapter to the DC12V port on the phone and connect

the other end of the power adapter into an electrical power outlet.

= 1] = @ -
Imtornct n: HOMI E@} %‘—J
|
Note Important! Do not remove power to the phone while it is updating firmware and configurations.

The IP phone should be used with Yealink original power adapter (12V/2A) only. The use of the
third-party power adapter may cause the damage to the phone.

5) Connect the optional USB flash drive

When you attach a USB flash drive to your phone, the icon _ will display on the status bar
of the touch screen. The flashing icon shows that the phone is detecting the USB flash drive.
If the USB flash drive is successfully connected to the phone, the icon - will stop flashing,

and the touch screen will prompt "USB device connected successfully!”.

Note The USB flash drive should be purchased separately if required.

6) Connect the optional external monitor

- Remove one piece of the fastener’s liner, take the gap of the camera as the touchline
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and stick it down; connect one end of the USB3.0 cable to the camera.

- Remove the other piece of the fastener’s liner and attach to the external monitor;
attach the camera to the external monitor by pressing two sides of Dual Lock together.
Make sure the camera is vertical and not askew otherwise the local-site video image
will be crooked. You are advised to attach the camera to the external monitor whose
back is straight.

- Connect the other end of USB3.0 cable to the IP phone.

- Connect one end of the HDMI cable to the HDMI port on the phone, and connect the

other end to the HDMI port on the external monitor.

e g - Py o
% "\!’ = 1:: e
I:.fz/(-' \. Er.ff__ i gT_: '| I

L ’ \‘\ :_z ],:/) |
'/,[E’J\" :/ f qu E‘?ﬁ
& STy al

After you connect an external monitor to your phone, the icon will display on the

status bar of the touch screen, and the touch screen will prompt “Ext. Display connected”.

Note You can adjust the camera angle by rotating it up and down, and you have to press on the back
of camera to rotate it when you insert the camera to the IP phone.

If you want to insert the camera back to the IP phone and do not torn the 3M Dual Lock, please
insert forcibly until the camera indicator LED illuminates solid green. And the embossing on the
camera does not need to insert into the groove on the IP phone.

The Extended Display Accessories ED10 which is not included with your IP phone is required for
connecting the external monitor. Contact your reseller to purchase it separately. For more
information, refer to Yealink Extended Display Accessories Quick Installation Guide for SIP
VP-T49G.

Network Connection

You have two options for network connection. You can select one of them according to the

current office environment.

e  Connecting to the wired network

e  Connecting to the wireless network

Connecting to the Wired Network

You can connect your phone to a wired network.
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Note

Before connecting your phone to the wired network, it is important to note that the Wi-Fi

feature should be disabled. For more information, refer to Connecting to the Wireless Network

on page 39.
PC PC Connection
E’ (Optional)
\ | | /| =
:II ) |"(
[ — )
| | =
/ i
- [i— @ e
jﬂ_l:l 0 Intarnet  PC HOM i {H::] C}

The phone can also share the network with another network device such as a PC (personal
computer). This is an optional connection. We recommend that you use the Ethernet cable
provided by Yealink. The PC port may be disabled, contact your system administrator for more
information.

Connecting to the Wireless Network

Yealink SIP VP-T49G IP phone supports Wi-Fi feature. You can connect your phone to a wireless
network. The wireless network is more convenient and cost-effective than wired network. The PC
port is unavailable when using wireless network. For more information on how to connect to a

wireless network, refer to Wireless Network Settings on page 55.

Phone Initialization

Note

After your phone is powered on, the system boots up and performs the following steps:
Automatic Phone Initialization

The phone finishes the initialization by loading the saved configuration. The touch screen

displays "Welcome Initializing...Please wait” during the initialization.
DHCP (Dynamic Host Configuration Protocol)

The phone attempts to contact a DHCP server in your network to obtain valid IPv4 network

settings (e.g., IP address, subnet mask, default gateway address and DNS address) by default.

If your network does not use DHCP, proceed to Basic Network Settings on page 52.
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Registration

Generally, your phone will be deployed with multiple other phones. In this case, your system
administrator will configure the phone parameters beforehand, so that after you start up your
phone, the phone will be registered and ready for use. The SIP VP-T49G IP phone supports up to
16 SIP/video conferencing platform accounts (one for Yealink Cloud/YMS account), and one
H.323 account (GK account). If your phone is not registered, you may have to register it. For
more information on how to register your phone, refer to Account Management on page 147,

Video Conference Platform on page 288 or Registering a H.323 Account on page 333.

Touch Screen Display

Idle Screen Display

If the phone has successfully started up, the idle screen is displayed. The following figure is an

example of what is displayed on the touch screen.

2
3 1
Kl
10:38
Thu, Aug 18
4 4
:: DSS Key 5
\
6
No. Name Description

1 Status Bar Displays the phone's default account and icons.

Icons are displayed in the middle of the status bar.
2 Icons For more information, refer to Icon Instructions on

page 20.

The label of the default account is displayed on the
3 Default Account left of the status bar.

If multiple accounts are already registered, tap and
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No.

Name

Description

select the desired default account. For more

information, refer to Default Account on page 149.

Line Keys (1-11)

The idle screen displays line keys 1-11. The line keys
1-6 on the left and the line keys 7-11 on the right
can be used to activate up to 11 lines.

Various features can be assigned to line keys.

Each line key can display the label and indicate the

status of the assigned feature.

DSS Key

Provides a quick access the line key screen. Then,

you can tap the desired line key to configure it.

Wallpaper

Shows the specified wallpaper, which can be
customized. For more information, refer to

Wallpaper on page 65.

Shortcut Keys

Q,e : tap this shortcut key to enter the History
screen and view call history.

M : tap this shortcut key to enter the Directory
screen and view contacts.
u : tap this shortcut key to toggle the DND mode
or enter the custom DND configuration screen.

- : tap this shortcut key to enter the main menu.

Idle Clock

The idle clock is displayed in the center of the idle
screen by default. For more information, refer to Idle

Clock on page 76.
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Configuration Screen Display

2 Directory 10:43 Thy, Aug 18
L
2t 8 2 &
L Lnly @
Local Directory -
T
Blacklist L Tgst @
5 >8
4 €« 0

No. Name Description
1 Title Area Displays the title of the current menu screen.
Displays the label of the default account.
If multiple accounts are already registered, tap
2 Default Account and select the desired default account. For more

information, refer to Default Account on page
149.

3 Operation Option Area

Displays various operation options for different

menu screens.

Displays menu items.

4 Menu Tree Area Tap the desired menu item to enter the
corresponding configuration screen.
5 Go back to the previous menu.
Label automatically to identify their
6 Soft Keys o
context-sensitive features.
7 Return to the idle screen.
) ) Displays configuration items of the highlighted
8 Configuration Area ] )
menu item in the menu tree area.
) The phone’s time and date are displayed on the
9 Time and Date

right of the status bar.
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Video Call Screen Display

19:50 Thu Dec 24

Name

Description

Time and Date

The phone’s time and date are displayed on the

right of the status bar.

Line Keys (1-11)

The video call screen displays line keys 1-11. The
line keys 1-6 on the left and the line keys 7-11 on
the right can be used to activate up to 11 lines.
Various features can be assigned to line keys.
Each line key can display the label and indicate

the status of the assigned feature.

DSS Key

Provides a quick access the line key screen. Then,

you can tap the desired line key to configure it.

Displays the video on the full screen. The
local-site and far-site videos only display, but the
other areas are hidden. For more information on
this screen display, refer to Video Call Full-Screen
Display (Both Far- and Local-Site Videos Exist) on
page 44.

Soft Keys

Label automatically to identify their

context-sensitive features.

Far-Site Information

Shows the information (name or number) of the

far site by default.

Call Duration Timer

Shows the duration time of current call.

Active Call Window

Shows the video of far site and near site.
By default, a small window (near site) is located

on the top-right of the touch screen, and a larger

43



User Guide for SIP VP-T49G IP Phone

No. Name Description

window (far site) is centered in the middle of the

touch screen.

Shows that you are talking using the handset,

9 Talking Mode speakerphone or headset. You can alternate

among the three modes during calls.

Video Call Full-Screen Display (Both Far- and Local-Site Videos
Exist)

From the video call screen, do one of the following to view full-screen video:

- Tap the big size image.

@

- The phone will enter the full screen automatically within 5 seconds during a call.

Talking

No. Name Description

Shows video in different layout. For more
1 Video Display Area information, refer to Changing the Video Layout
during Calls on page 174.

2 Call Duration Timer Shows the duration time of current call.
. ) Shows the information (name or number) of the
3 Far-Site Information .
far site by default.
4 Blank Area Exits the full-screen display.
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No. Name

Description

5 o

Exits the full-screen display.

Navigating Menus and Fields

To navigate menus and fields, you can:

e  Tap corresponding keys on the touch screen.

e  Tap menu items, fields, and arrows on the touch screen.

e  Press keys on the phone keypad.

Note The menu system will automatically exit to the idle screen after 60 seconds of inactivity.

To operate your phone, follow these tips:

If you want to Action
Enter the main menu. Tap ss I
Return to the idle screen. Tap
Go back to the previous menu. Tap
Select an item. Tap the item.

Scroll through items page by page.

Drag up and down to scroll.
(You can wait for the scrolling to come to a stop, or

touch the screen to stop it immediately.)

Scroll through values for a field.

Drag up and down to scroll through values.

Select a value for a field.

Tap the value or scroll to the value in the pop-up

dialog box.

Gestures

To operate your phone using gestures, follow these tips:

Gesture

Action

Tap .
finger.

\m Touch an item on the screen with your finger, and then lift your
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Gesture Action
- m\\m Tap and move. When you want to scroll quickly, swipe your finger
wipe \
P across the screen, either up, down, left or right.
—_—
Drag .h\m Touch and hold, then move. To stop scrolling, stop the dragging
motion.
Pinch J Touch the screen with two or more fingers, and then move the
o
Open fingers away from each other (stretch).
¢

Pinch ’M Touch the screen with two or more fingers, and then move the
Close fingers towards each other (pinch).

Control Center/Notification Center
Control center or notification center allows you to access common features or view important
notifications quickly.

Swipe down from the top of the screen to enter the control center and the notification

center:

No. Name Description

Displays icon to indicate a certain feature status,
1 Status Bar )
such as call forward, is enabled.
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No. Name Description

e  To turn on/off common features quickly, tap
2 Control Center corresponding icons.

e  To adjust the screen brightness.

. To view the list of miss calls, voice mail,

forwarded calls quickly.

3 Notification Center -

° To delete all records, tap = .

. To delete a specific record, tap @ .

Tap it or swipe up from the bottom of the screen
. = o or e up

to hide this screen.

Entering Data and Editing Fields

SIP VP-T49G IP phone provides onscreen keyboard, phone keypad and dial pad to enter data.
Keypad and dial pad provides standard key layout, which enables users to use existing or
familiar key positions. You can enter data and edit fields using the onscreen keyboard, phone

keypad or dial pad.

Using the Onscreen Keyboard

Before using the onscreen keyboard to enter data, you need to know the function of the keys on

the onscreen keyboard.

By default, the SIP VP-T49G IP phone supports English and Russia onscreen keyboard. The

following takes English keyboard as an example:

23 2
3
4 4

5 6 7 8 9 10
No. Item Description
1 26 English Letters Enter letters.
2 Delete Key Delete the entered characters.
+ Confirm the settings.
3 Enter Key
* Go to the next field.
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No. Item Description
4 - Switch to the uppercase input mode.
5 &123 Switch to the numeric&symbolic input mode.
Change the language of the keyboard.
You can configure custom keyboard
6 language files to provide other languages.
Contact your system administrator for more
information.
7 Space Key Enter spaces.
8 Left and Right Arrow Keys | Position the cursor.
9 Four Special Characters Enter special characters.
10 Hide the onscreen keyboard.

When you tap f§¥Ef, the onscreen keyboard is shown as below:

1

6 1
No. Item Description
1 Special Characters Enter special characters.
2 Numbers Enter numbers.
3 Delete Key Delete the entered characters.
« Confirm the settings.
4 Enter Key .
* Go to the next field.
5 Hide the onscreen keyboard.
6 m Switch to the alphabetical input mode.

To use onscreen keyboard:

1

Tap the field you want to edit, the onscreen keyboard displays on the touch screen.



app:ds:space
app:ds:key
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2.  Enter the information. Do the following:

If you want to

Action

1) If a keyboard with characters does not
display, tap [JEEEl or drag IEEM to select
abc ; ABC .
lEon\:rr:aize(rac)acssa(:])cf:;ra:::rS, 2) Tap n or drag to' select | ABC / | abc
combination of uppercase and to toggle between entering characters in
lowercase characters. uppercase/lowercase input mode.
3) (Optional.) Tap to switch between
English and Russia keyboard.
4)  Tap the character(s) you want to enter.
1) If a keyboard with numbers does not display,
Enter numbers. tap or drag FRPEY to select &123 .
2)  Tap the number(s) you want to enter.
1) If a keyboard with special characters does not
display, tap or drag AbE] to
Enter special characters. select &123 .
2)  Tap the special character(s) you want to
enter.
Position the cursor. e Tap or to position the cursor.
e  Tap to position.
e  If there is only one field or the field you are
editing is the last one of the configuration, tap
Confirm the settings/Go to the to confirm the setting.
next field. e If the field you are editing is not the last one
of the configuration, tap to go to the
next field.
1)  Position the cursor to the right side of the
Delete characters one by one. text you want to delete.
2 Tapf@).
1) Drag your finger to highlight the characters
Delete more characters at a time. you want to delete.
2 Tapf@).
1) Drag your finger to highlight the characters
Replace characters. you want to delete.
2)  Tap the character(s) you want.

For letters, special characters and number keys, you can drag the icon to select other

available characters.

49



User Guide for SIP VP-T49G IP Phone

The original onscreen keyboard key only provide one character, you can configure a custom

keyboard Ime file to make the key provide more characters. Contact your administrator for

more information.

The character cannot be entered until you release your finger from the key.
3. Tap to hide the onscreen keyboard.
4. (Optional.) Tap the Save soft key to accept the change.

Using the Phone Keypad and Dial Pad

Instead of using the onscreen keyboard, you can also use the keypad on your phone or dial pad
on the dialing screen to enter data. The phone keypad and dial pad only provide digit keys, #
key and * key.

The following displays the dial pad on dialing screen:

4 GHI 5 KL 6 MNO

Keyboard

X.e 0 F o =% DSS Key

You can tap to use the onscreen keyboard.
Keyboard

Phone Status

You can view phone status via phone user interface or web user interface.

Available information of phone status includes:

° General information (IP address, MAC address and firmware version)
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Note

Network status (IPv4 status, IPv6 status, IP address mode and MAC address)

- IPv4 uses a 32-bit address.

demands for unique IP addresses, using a 128-bit address.

IPv6 is an updated version of the current Internet Protocol to meet the increased

Phone status (product name, hardware version, firmware version, product ID, MAC address

and device certificate status)

Account (SIP, video conference platform or H.323) status

You can view the device certificate status via phone user interface only.

You can view the H.323 status via web user interface only.

To view the phone status via phone user interface:

1.

2.

Tap m ->Status.

B No Service Status 10 01 Thu, Nov 23

General 1. IPv4: 10.81.24.88
@ Network 2. MAC: 00-15-65-91-89-0B
. Phone 3. Firmware: 51.24.0.1

@ Accounts

e

Tap the desired item to view the specific information.

To view the phone status via web user interface:

1.
2.

Open a web browser on your computer.

Enter the IP address in the browser's address bar, and then press the Enter key.

(e.g. "http://192.168.0.10" for IPv4 or “http://[2005:1:1:1:215:65ff:fe64:6e0a]” for IPv6).
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3.  Enter the user name (admin) and password (admin) in the login page.

LD g :i_ I']_ Gigabit Video Phone WP-T4905

Uzername |admin

Fassword ===

Confirm Cancel

4. Click Confirm to login.

The phone status is displayed on the first page of the web user interface.

=]

Loy Out

Yealink | 116

Il Network || DSSKey Fealures Settings | Directory Security

Version
Status @ Loz

Frmware Version 51,24.0.1
Version
Hardweare Varson 51.0.0.0.0.0.0 It showrs the version of
firmware.
Hetwork @
Hetwork
Intamet Port Ped I shows the informetion of
WAN port.
s §
AWAN Port Type DHCP I ou can dlick here to gat
WA P Address 10.81.24.88 TocsHues,
Subnet Mask 255,255.255.0
Gateway 10.81.24.254
Armary NS 10.100.1.10
Secondary DNS 102.168.1.32

Hetwork Commen Q)
MAC Address 001565218908
Public P Addrass
Link Status Connectad
Dzvice Type Bricge
Account Status @)

Accounkl Dissbled
Account2 Deatled
Note If IP mode of the phone is configured as IPv4 & IPv6, you can enter either of them in the

browser’s address bar to view the phone status. IPv6 is not available on all servers. Contact your
system administrator for more information.

Basic Network Settings

If your phone cannot contact a DHCP server for any reason, you need to configure network

settings manually. The IP phone can support either or both IPv4 and IPv6 addresses.
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To configure the IP mode via phone user interface:

1.
2.
3.

4.

Tap ﬂj ->Advanced (default password: admin) ->Network->WAN Port.
Tap the IP Mode field.

Tap the desired value (IPv4, IPv6 or IPv4 & IPv6) in the pop-up dialog box.

1P Mode

@ 1pv4

1Pv6

IPv4 & IPv6

Tap the Save soft key to accept the change or to cancel.

You can configure a static IPv4 address for the IP phone. Before configuring it, make sure

that the IP mode is configured as IPv4 or IPv4 & IPv6.

To configure a static IPv4 address via phone user interface:

P W N #

5.

Tap tﬂ ->Advanced (default password: admin) ->Network->WAN Port->IPv4.

Tap the Type field.
Tap Static IP in the pop-up dialog box.

Enter the desired value in the IP, Subnet Mask, Gateway, Primary DNS and Secondary

DNS field respectively.

IPv4 WAN Port 17 15 Tue Jul 21
@ Account 1. Type: Static IP j
@5 Phone Lock 3. Subnet Mask: 255.255.255.0
& Set Password 4. Gateway: 192.168.1.254
@ Set AES Key 5. Primary DNS: 202.101.103.55
< Auto Provision 6. Secondary DNS: | 202.101.103.56
# FWD International

Tap the Save soft key to accept the change or to cancel.
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You can configure a static IPv6 address for the IP phone. Before configuring it, make sure
that the IP mode is configured as IPv6 or IPv4 & IPv6.

To configure a static IPv6 address via phone user interface:

1. Tap m ->Advanced (default password: admin) ->Network->WAN Port->IPv6.
2. Tap the Type field.
3. Tap Static IP in the pop-up dialog box.
4. Enter the desired value in the IP, IPv6 IP Prefix, Gateway, Primary DNS and Secondary
DNS field respectively.
= 1000 IPv6 WAN Port 17 18 Tue Jul 21
@ Account 1. Type: Static IP y
2.1P: 2005:1:1:1::12
@5 Phone Lock 3. IPv6 IP Prefix: 64
& Set Password 4. Gateway: 2005:1:1:1::1
@ Set AES Key 5. Primary DNS: 2005:1:1:1::88
< Auto Provision 6. Secondary DNS: | 2005:1:1:1::89
£ FWD International
5. Tap the Save soft key to accept the change or to cancel.

If you are using an xDSL modem for IPv4 network connection, you can connect your phone to
the Internet via PPPoE mode. Set the WAN port as a PPPoE port. The PPPoE port will perform a
PPP negotiation to obtain the IP address. Contact your system administrator for the PPPoE user

name and password.
To configure PPPoE via phone user interface:

1. Tap m ->Advanced (default password: admin) ->Network->WAN Port->IPv4.
2. Tap the Type field.

3. Tap PPPoE in the pop-up dialog box.
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4. Enter the PPPoE user name and password in the corresponding fields.

=" 1000 IPv4 WAN Port 17 19 Tue Jul 21
@ Account 1. Type: PPPOE

2. PPPoE User: userl

@5 Phone Lock 3. PPPoE Password: secscsscscse

& Set Password

@ Set AES Key

< Auto Provision

# FWD International

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

Note The wrong network settings may result in inaccessibility of your phone and may also have an
impact on your network performance. For more information on these parameters, contact your
system administrator.

Wireless Network Settings

Yealink SIP VP-T49G IP phone supports Wi-Fi feature. You can connect your phone to a 2.4G/5G
wireless network, and configure the country wireless channel for the IP phone. For more

information, contact your system administrator.

Note Enabling Bluetooth may degrade your wireless network connection. For improved wireless
network performance, you should disable Bluetooth when it is not in use. For more information,
refer to Activating the Bluetooth Mode on page 124.

Connecting to the Wireless Network

Three ways to connect SIP VP-T49G IP phone to the wireless network:

e  Manually connect to an available wireless network
° Wi-Fi Protected Setup (WPS)
e  Manually add a wireless network

When the phone is connected to a wireless network, the Wi-Fiicon %" will display on the
status bar of the touch screen. The Wi-Fi icon indicates the signal strength. The more green arcs
you see, the stronger the signal strength is. For more information, refer to Icon Instructions on

page 20.
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Manually Connect to an Available Wireless Network
You can manually connect your phone to a wireless network.
To manually connect to an available wireless network via phone user interface:

1. Tapm ->Basic->Wi-Fi.
2. Tap the On radio box in the Wi-Fi field.

The phone will automatically search for available wireless networks in your area.

11 34 Thu, Aug 18

3 Display Wireless Status: >
<) Sound Wi-Fi: ®on Off
& Change PIN The storage network: >
© Bluetooth 26 available networks:
2 Wi-Fi ‘2~ MERCURY_FB4AB8 @

* secure
€ Camera Setting 2 and-Business ®

L
¥ Video Settin

2 (1)

2= Android-Dev07

3. (Optional.) To re-search the available network, tap the Scan soft key.
4. Tap the desired wireless network (SSID) to connect to it.

You can also tap @after the desired SSID, and then tap Connect.
5. If the network is secure, enter its password in the PIN field.

Contact your network administrator for the Wi-Fi password.

6. Tap OK to connect to the wireless network.
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Once the connection has completed successfully, the prompt “Connect Success.” appears
after the desired SSID.

B geipios 11 34 Thu, Aug 18
3 Display Wireless Status: >
< Sound Wi-Fi: ®0n Off
& Change PIN The storage network: >
© Bluetooth 26 available networks{Connected with MERCURY_FB4ABS)
secure
@ Camera Setting 2 and-Business ®
S
¥ Video Setting

= _Android-Dev07 (D)

The connected wireless network will be saved in the storage network list. You can tap The

storage network to view all the storage wireless networks.

You can also swipe down from the top of the screen to enter the control center, and toggle
Wi-Fi on. The phone will automatically search for wireless network in your area and try to
connect the wireless network with highest priority which is saved in the storage network list.
If there are no available wireless networks or the phone cannot connect the wireless
network saved in the storage network list, the touch screen will prompt “No available Wi-Fi,
go to Wi-Fi setting now". Tap OK. Repeat steps 4 to 6 to connect to the desired wireless

network.

You can also manually connect your phone to an available wireless network via web user

interface at the path Network->Wi-Fi.

Wi-Fi Protected Setup (WPS)

Wi-Fi Protected Setup (WPS) provides simplified mechanisms to configure secure wireless
networks. WPS can automatically configure a wireless network with a network name (SSID) and

strong WPA data encryption and authentication.

Two methods supported by Yealink IP phones in the Wi-Fi protected setup:

e  Push Button Configuration (PBC): The user simply has to push the WPS key on both the IP

phone and gateway/router to connect.

° Personal Identification Number (PIN): The user has to enter a WPS PIN generated

randomly by the IP phone on the gateway/router to connect.

Push Button Configuration (PBC)
To connect to the wireless network using PBC method:

1. Tap m ->Basic->Wi-Fi.
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2.

Personal Identification Number (PIN)
To connect to the wireless network using PIN method:

1.
2.
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Tap the On radio box in the Wi-Fi field.

The phone will automatically search for available wireless networks in your area.

2 No Service

11 34 Thu, Aug 18

1 Display Wireless Status:

«) Sound Wi-Fi:

& Change PIN The storage network:
© Bluetooth 26 available networks

'

@ Camera Setting 2 and-Business
SRt
5 Video Setting

2= Android-Dev07

Tap the WPS soft key.

2 Wi-Fi 2~ MERCURY_FB4AB8
* secure

®O0n

Off

v

@

b | ©

The touch screen prompts "WPS has opened, please connect in 120s".

Long press the WPS key on your gateway/router.

Once WPS setup has completed successfully, the touch screen will prompt “Connect

Success.”.

Tap m ->Basic->Wi-Fi.

Tap the On radio box in the Wi-Fi field.

The phone will automatically search for available wireless networks in your area.

11 34 Thu, Aug 18

2 No Service
1 Display Wireless Status:
<) Sound Wi-Fi:
& Change PIN The storage network:
© Bluetooth 26 available networks
= Wi-Fi ‘2~ MERCURY_FB4AB8
* secure
@ Camera Setting 7 and-Business
open
- .
BENIEE bR 2 Android-Dev07

Tap the WPS-PIN soft key.

®0n

Off

v

@

D | ©
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The touch screen pops up a prompt containing a randomly generated PIN.

Please input below PIN code on your WIFI
router and press OK to start connecting:
78832268

Cancel OK

4. Note the PIN code, and then tap OK.
The touch screen prompts “WPS has opened, please connect in 120s".

5.  Enter the gateway/router address in the address bar of a web browser on your PC

connected to the gateway/router.
Enter the user name and password in the login page.
Locate the WPS Wizard configuration menu.

Enter the PIN code in the field that allows you to setup wireless devices by using a PIN.

o O N o

Click the corresponding button in the gateway/router’s web interface to search WPS

clients.

Once WPS setup has completed successfully, the touch screen will prompt “Connect

Success.”.

Note Contact your gateway/router provider for more information.

Manually Add a Wireless Network

If your gateway/router has SSID broadcast disabled, it might not appear in the scanning results.

In that case, you must manually add a wireless network.
To add a wireless network:

1. Tap m ->Basic->Wi-Fi.
2. Tap the On radio box in the Wi-Fi field.
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3. Tap the Add soft key.

B No Service Add Network 17 05 Wed Sep 30

1. Security Mode: None

2. Profile Name:

3. SSID:

4. Cipher Type: None

5. WPA Shared Key:

4. Tap the Security Mode field.

5. Tap the desired value in the pop-up dialog box.

- If you select None or WEP:
1) Enter the desired profile name in the Profile Name field.
2) Enter the desired value in the SSID field.
3) Enter the desired password in the WPA Shared Key field.

- If you select WPA-PSK or WPA2-PSK:
1) Enter the desired profile name in the Profile Name field.
2) Enter the desired value in the SSID field.
3) Tap the Cipher Type field.
4) Tap the desired Cipher type (TKIP, AES or TKIP AES) in the pop-up dialog box.
5) Enter the desired password in the WPA Shared Key field.

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

Viewing the Wireless Network Information

To view the wireless network information:

1. Tap m ->Basic->Wi-Fi.

60



Getting Started

2. Tap @ after the desired SSID to view the detailed wireless network information (e.g.,
Profile Name, SSID or Signal Strength).

" No Service Network Details 11:40 Thy, Aug 18
7 (+}
Disconnect Add
1. Profile Name: MERCURY_FB4AB8
2. SSID: MERCURY_FB4AB8
3. AP Mac Address: bc:d1:77:fb:4a:b8
4. Signal Strength "';\\ strong
5. Security Mode: WPA2_PSK

If the IP phone is being connected to a wireless network successfully, you can also tap

Wireless Status to view the connected wireless network information.

" No Service Wireless Status

@ Language 1. Wireless Status: Connected

] Time & Date 2. Profile Name: MERCURY_FB4AB8

1 Display 3. SSID: MERCURY_FB4AB8

<) Sound 4. Signal Strength ”.‘? Strong

& Change PIN 5. Channel: 10

© Bluetooth 6. AP Mac Address: bc:d1:77:fb:4a:b8
. Security Mode: WPA2_PSK

Managing the Saved Wireless Network

Once the IP phone has ever connected to wireless network successfully, the wireless network
profile will be saved in The storage network list. The next time you enable Wi-Fi feature, the IP
phone will be automatically connected to the wireless network which has the highest priority
(the top one). Up to 5 wireless network profiles can be saved in The storage network list. If you want
to add a new one when the IP phone has already saved 5 wireless network profiles, please delete the

older saved profile before adding.
To manage the saved wireless network:

1. Tap m ->Basic->Wi-Fi.
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2.

4.

Tap The storage network to view the saved wireless networks.

S No Service Storage Network

Language MERCURY_FB4AB8 Connect Success. ®)
secure

Time & Date

Display

Sound

Change PIN

Bluetooth

Do the following:

To edit the wireless network profile:
1) Tap Edit.
2) Edit the desired wireless network information.

3) Tap the Save soft key.

To change the priority of the wireless network:

1) Tap Move Up or Move Down to improve or lower the priority of the wireless

network that the IP phone automatically connects to.
To delete the saved wireless network profile:

1) Tap Delete.

If you delete your wireless network profile from your phone, you need to manually

connect to it next time.
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Disconnecting the Wireless Network Connection

You can disconnect the wireless network connection from your phone. After you disconnect the
wireless network connection, it will still be displayed in The storage network list. So you can

easily connect your phone to it again.
To disconnect the wireless network:

1. Tap m ->Basic->Wi-Fi.

2. Do one of the following:
- Tap the connected SSID (the top one) in the available networks list.

- Tap @ after the connected SSID (the top one).

Tap Disconnect.

2 No Service Network Detalls 11:40 Thu, Aug 18
7 (+)
Disconnect Add
1. Profile Name: MERCURY_FB4ABS8
2. SSID: MERCURY_FB4AB8
3. AP Mac Address: bc:d1:77:fb:4a:b8
4. Signal Strength ":?\ Strong
5. Security Mode: WPA2_PSK

- Tap The storage network.

Tap the connected SSID.

Storage Network 11:40 Thu, Aug 18

@ Language gﬁCURY_FB“ABS Connect Success. ®)

[ Time & Date
3 Display
<) Sound

& Change PIN

© Bluetooth
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The touch screen will prompt: Disconnect success.

You can also swipe down from the top of the screen to enter the control center, and toggle
Wi-Fi off.

Disabling Wi-Fi Feature

To disable Wi-Fi feature, do one of the following:

- TapH ->Basic->Wi-Fi.

Tap the Off radio box in the Wi-Fi field.

] Time & Date Wireless Status: >
3 Display Wi-Fi: On @off

<) Sound

& Change PIN

© Bluetooth

@ Camera Setting

=] ®

- Swipe down from the top of the screen to enter the control center, and toggle Wi-Fi off.

The Wi-Fi icon disappears from the touch screen.

Wi-Fi feature is configurable via web user interface at the path Network->Wi-Fi.
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Customizing Your Phone

You can customize your SIP VP-T49G IP phone by personally configuring certain settings, for
example, wallpaper, time & date and ring tones. You can add contacts to the phone's local
directory manually or from call history. You can also personalize different ring tones for different

callers.

This chapter provides basic operating instructions for customizing your phone. Topics include:

General Settings

e  Audio Settings

° Contact Management

e  (Call History Management

e  Search Source List in Dialing

e  System Customizations

If you require additional information or assistance with your new phone, contact your system

administrator.

General Settings

Wallpaper

You can customize the wallpaper of the SIP VP-T49G IP phone, and can change the wallpaper
image via phone user interface or web user interface. You can also upload custom pictures as

wallpaper images via web user interface or using a USB flash drive.

The SIP VP-T49G IP phone supports the file format of wallpaper image in the following table:

Format Resolution File Size

) ) . 8MB of space should be reserved for
*jpg/*.png/*bmp/*jpeg | <4.2 megapixels
the phone

Changing the Wallpaper via Phone User Interface
To change the wallpaper via phone user interface:

1. Tap m ->Basic->Display->Wallpaper.
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To select the desired wallpaper, you can:
- Tap or

- Tap the Wallpaper field, and then select the desired wallpaper.

Wallpaper 13:48 Thu, Aug 18

Language 1. Wallpaper:

Time & Date

€ Sound

]
3]

Change PIN

Bluetooth

)

Wi-Fi

Tap the Save soft key to accept the change or to cancel.

Wallpaper is configurable via web user interface at the path Settings->Preference.

Uploading the Custom Wallpaper via Web User Interface

66

To upload the custom picture via web user interface:

Click on Settings->Preference.

In the Upload Wallpaper field, click Upload File to locate and upload the desired picture

from your local system.

togout

Yealink | sc : = e S : : e
| Status || Account || Network || DSSKey | I] Features | Settings | Directory Security |
Langiage | EnglshiEngleh} " [ 7] NOTE
T e .
Lie Disbad | Dissbled v @ AT EATIGE
Time & Dale , h f - f
Inter Digit Time{ 1~ 145 |4 (7] ;d;i'fft’:;gl"‘ce =g fop
Call pisplay Backlght Inzctive Leval | Lows v 7]
L | | [ You can click here to get
Upgrade Backloht Active Level |8 v @ e galice.
Backight Time(secands) | Always On - [ 7]
Auto Provision 3
\WatchDog | Diszbled v Q
Configuration Rifig Tybe | rng1 v § @
Dial Plan Uplozc Ringtone Upiozc Fle
Voice wialpager | Default.ong v Q
Upload Walbaper Uplozd File | |
Hing
Scraansvar Wat Tme | 5min v
Tones Screensaver Tyne .
Softkey Layout Screensaver v
TROGD | €onfim Larcel

The web user interface prompts “Upload success!”. The custom picture appears in

Wallpaper list. You can only delete the custom wallpaper by clicking Del in the Wallpaper
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field.

Setting Wallpaper by Using USB Flash Drive

You can set a picture stored in your USB flash drive as the wallpaper. Before setting the picture
in your USB flash drive as the wallpaper, ensure that the picture is in the USB flash drive, and the
USB flash drive is connected to your phone. For more information on how to connect the USB

flash drive, refer to Connect the optional USB flash drive on page 37.
To set a picture in the USB flash drive as the wallpaper:

1. Tap m ->USB->Browse Photo.
2. Tap the desired picture to preview.

3. Tap Set Wallpaper on the bottom of the screen.

The touch screen prompts “Set current picture as wallpaper?”.

Set current picture as wallpaper?

Cancel 0K

4. Tap OK to accept the change or Cancel to cancel.
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Wallpaper displayed on the phone user interface will change to the selected one and the
custom wallpaper appears in Wallpaper list at the path m ->Basic->Display->
Wallpaper.

Note The SIP VP-T49G IP phone screen size is 8 inches (Resolution: 1280x800). If the size of the custom
wallpaper doesn't meet the IP phone screen size, the wallpaper will be stretched or/and zoomed
out according to the IP phone screen size.

Screen Saver

The screen saver will automatically start each time your phone is idle for a certain amount of

time. The screen saver is used to blank the screen or fill it with moving images or patterns.
The screen saver will be stopped when:

e  Press any key.

e  Tap the touch screen.

e  Pick up or hang up the handset.

e  Thereis an incoming call.

e A new prompt (e.g., missed call, new voice mail or forwarded call).

If your phone is idle again for a specified period of time, the screen saver will start again. The
time & date and certain feature status icons (e.g., auto answer, DND) will also display on the

screen saver. For more information, refer to Icon Instructions on page 20.

14 08

Thu, Aug 04
A

You can configure the screen saver of SIP VP-T49G IP phone, and upload custom pictures to set
up a screen saver of your picture via web user interface. You can only configure the screen saver

wait time via phone user interface.
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The SIP VP-T49G IP phone supports the file format of custom pictures in the following table:

Format Resolution File Size

) ) . 8MB of space should be reserved for
*jpg/*.png/*.bmp/* jpeg <4.2 megapixels
the phone

Uploading the Custom Picture via Web User Interface
To upload a custom picture via web user interface:

1. Click on Settings->Preference.
2. Select Upload Picture from the pull-down list of Screensaver Type.

3. Inthe Upload Screensaver field, click Upload File to locate and upload the custom picture

from your local system.

This field appears only if Screensaver Type is set to Upload Picture.

B
Log Out

Yealink | 1sse

Directory i| Security |

Language Engleh{Englsh} v [7] NOTE .

Preference
ipac I I v
. o Live Dialpad | Di _s_al_J _ed_ e = oo SR
Ime = o a1 ide 4 The preference settngs for

Inter Digk Time(1-145) B Q srtdim

call pisplay Backight [ractve Leva | Lowe v @
P [@ ¥ou can click hers to get

Unirade Backlight Actie Lavel g v (7] s S

Backiight Tmea(secands) AlwEys On v [ 7]
Auto Provision

WatchDog Enabled v (7]
Configuration Ring Type Angl way v (7]
mal Plan Uokad Ringtone Uoioad Fla

N T i . v
Ve Walpape: Defauft. png e

Uphad wWalpaper Unhad Fle
Ring

Scraensaver Wai Time 30min ik
Tones Soraensaver Type Unoad Picture .
Soltkey Layoul Scraensaver E‘,_'st'em.__i:_g g i

Upkad Screansavar Ugioad Fla
TROGD

| = |

Voloe Monitoring L S S

The web user interface prompts “Upload success!”. The custom picture appears in
Screensaver list. The first picture in the list is System.jpg. You can only delete the custom

picture by clicking Del in the Screensaver field.
Note You can only upload one custom image at a time via web user interface.
Configuring the Screen Saver

To configure the screen saver wait time via phone user interface:

1. Tap m ->Basic->Display->Screensaver.
2. Tap the Wait Time(s) field.
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3. Tap the desired value in the pop-up dialog box.

Wait Time(s)

4. Tap the Save soft key to accept the change or to cancel.
To configure the screen saver via web user interface:

1. Click on Settings->Preference.
2.  Select the desired wait time from the pull-down list of Screensaver Wait Time.

You can set to 15s, 30s, 1min, 2min, 5min, 10min or 30min. The default value is 10min.
After no activity, the phone will wait the specified period of time before displaying the

screen saver.

3.  Select the desired screen saver type from the pull-down list of Screensaver Type.

- If you select System.

The IP phone will automatically set System.jpg as the screen saver.

Log Dut

Yealink | i . : . . ;
Accoumt Network DSSKey Features | Directory Securily

Language Englsh(Engish} - @ NOTE
Preference
Lwe Dispad [isahled -
¥ o Praference Settings
Time & Dale Tniter Digit Tirel 1~145) 4 aQ The preference settinps for
admingtator.
Call pisplay Backight Inzctive Laval Lowe - [ 7]
S Backlght Active Level g - 7] ?;:':u can click here to get
= - guides.
Backight Time(saconds) Alwmys On - 7]
ALITO Provision e
VetchDog Erabled - [7]
Configuration Ring Type RngLwav - @
il Plan Upload Ringtone Upkoad Fie
¥ T it >
o valpape Defauit.ong (7]
Upload Walbapar | Uplsad Fie
Rin
" Screansaver Wait Tme 10min - o
Fones Screensaver Type System - @
Softkey Layout Scraansval Systemog - @
mose o

- If you select Upload Picture.

The IP phone will automatically set the custom pictures you upload as the screen saver,
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and display these pictures alternately.

4. Click Confirm to accept the change.

Power Saving
The power saving feature is used to turn off the backlight and screen to conserve energy. The IP
phone enters power-saving mode after it has been idle for a certain period of time.
The IP phone will exit power-saving mode if a phone event occurs:

° Press any key.

e  Tap the touch screen.

° Pick up or hang up the handset.

e  Thereis an incoming call.

. A new prompt (e.g., missed call, new voice mail or forwarded call).

If the screen saver is enabled on your phone, power-saving mode will still occur.

You can configure the following power-saving settings:

° Office Hour

° Idle TimeOut (minutes)

Note Power saving is configurable via web user interface only.

Configuring the Office Hour via Web User Interface
Office Hour specifies the starting time and ending time in the office each day.
To configure the office hour via web user interface:

1. Click on Settings->Power Saving.

2. Select a desired day of the week.
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Configuring the Idle TimeOut via Web User Interface

72

3.  Enter the starting time and ending time respectively in the desired day field.

Yealink | s

Preference
Time & Date
Call Display
Upgrade

Auto Provision
Configuration
Dial Plan

Voice

Ring

Tones

Sottkey Layoul
Ro59

Voice Monitoring
Sip

Camera

Viden

Power Saving

Office Hour &)

Monday
Tuesday
Wednesday
Thursday
Friday

Saturday

Sunday

a7

~ 18
- 19
-~

-0

DPO0O0QPQ®O®

Idle TimeOut [minutes)

Office Hour 16k Tmedut

Off Hour Idle TimeOut

Liser Input Bxtenson Idie TimeDut
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4. Click Confirm to accept the change.

Idle TimeOut specifies the period of time before the IP phone enters power-saving mode. The

following three types of idle timeout you can configure:

e  Office Hour Idle TimeOut: Configures the idle timeout for office hours.

e  Off Hour Idle TimeOut: Configures the idle timeout for non-office hours.

e  User Input Extension Idle TimeOut: Configures the idle timeout that applies after you

use the IP phone (for example, press a key on the phone, pick up/hang up the handset or

tap the touch screen).

By default, the Office Hour Idle TimeOut is much longer than the Off Hour Idle TimeOut. If you

use the IP phone, the idle timeout that applies (User Input Extension Idle TimeOut or Office

Hour/Off Hour Idle TimeOut) is the timeout with the highest value. If the phone has an incoming

call or message, the User Input Extension Idle TimeOut is ignored.

To configure the idle timeout via web user interface:

1. Click on Settings->Power Saving.

2. Enter the desired value in the Office Hour Idle TimeOut field.

The default value is 120, you can set to 1-240.

3. Enter the desired value in the Off Hour Idle TimeOut field.

The default value is 10, you can set to 1-10.
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4. Enter the desired value in the User Input Extension Idle TimeOut field.

The default value is 10, you can set to 1-20.

Lag Out .

Yealink | v _ : ; » )
|  Status || Account | Network DSSKey | | Features Directory Security |

Preference — -

Mond 07 |- 19

i @ settings-oowersaving-note
HHE & Rt Tuesday 7 -2 @
call misplay Wednesday 7 -1 @ [l vou can dick here t gat
mare guides.

Upgrade Thursday 07 |- 19 @

Friday 7 -1 @
Auto Provision

Saturday a7 - 07 (7]
Configuration sunday v - @
il Plan Idle TimeOut (minutes)
i Office Hour [l Tmedit 120 (7]

Off Hour Idie Time0Dut 10 [7]
Ring

User Input Excension Idle Tmedut 10 [7]
rones N

Canfirm Cancel |

Softkey Layout
069
Voice Monitoring
sIp
Camera
Viden
Power Saving

5. Click Confirm to accept the change.

Site Name

When making a direct IP call to the other party, the site name will be displayed on the far-site
LCD screen. For more information on direct IP call, refer to SIP IP Call on page 336. Site name

can consist of letters, numbers or special characters.
To configure the site name via phone user interface:

1. Tap w ->Basic->Site Name.

2. Enter the desired name in the Site Name field.
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The default site name is Yealink SIP VP-T49G.

1000 Site Name 13 59 Thu, Aug 18

& Change PIN 1. Site Name: ‘ Yealink SIP VP-T49G
© Bluetooth

2 Wi-Fi

@ Camera Setting

®; Video Setting

Site Name

¥ HDMI

3. Tap the Save soft key.

Site name is configurable via web user interface at the path Features->General Information.

Backlight
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Backlight has three options:

Backlight Active Level: The intensity of the touch screen when the phone is active. You can

change the intensity of the touch screen by dragging the backlight active level slider.

Backlight Inactive Level: The intensity of the touch screen when the phone is inactive. You can

select a low intensity or turn off the backlight.

Backlight Time: The delay time to change the intensity of the touch screen when the phone is
inactive. You can select a desired time to change the intensity or turn on the backlight

permanently.
e Always On: Backlight is on permanently.

° 15s, 30s, 60s, 120s, 300s, 600s or 1800s: Backlight is changed when the phone is inactive

after the designated time (in seconds).
To configure the backlight via phone user interface:

Tap m ->Basic->Display->Backlight.
Drag the Backlight Active Level slider.

1

2

3. Tap the Backlight Inactive Level field.

4. Tap the desired value in the pop-up dialog box.
5

Tap the Backlight Time field.
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6. Tap the desired time in the pop-up dialog box.

1000 Backlight 14 03 Thy, Aug 18

@ Language 1. Backlight Active Level: o —
) Time & Date 2. Backlight Inactive Level:  Low )

3. Backlight Time: Always On 2
<) Sound
& Change PIN
@ Bluetooth
= Wi-Fi

7. Tap the Save soft key to accept the change or to cancel.

Backlight is configurable via web user interface at the path Settings->Preference.

Language

The default language of the phone user interface is English. If the language of your web browser
is not supported by the phone, the web user interface will use English by default. You can

change the language for the phone user interface and the web user interface respectively.
To change the language for the phone user interface:
1. Tap m ->Basic->Language.

2. Drag up and down to scroll through the list of available languages.

3. Tap the desired language.

Language 14:03 Thu, Aug 18

English(English)
M Time & Date Chinese_S(Chinese Simplified)
3 Display Chinese_T(Chinese Traditional)
< Sound Francais(French)
& Change PIN Deutsch(German)
£ Bluetooth Italiano(Italian)
2 Wi-Fi Polski(Polish)

4. Tap the Save soft key to accept the change.
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Text displayed on the phone user interface will change to the selected language.
To change the language for the web user interface:

1. Click on Settings->Preference.

2. Select the desired language from the pull-down list of Language.

Log Out
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3.  Click Confirm to accept the change.

Text displayed on the web user interface will change to the selected language.

Idle Clock
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The idle clock is displayed in the center of the idle screen by default. You can hide the idle clock,

and then the time and date will display on the right of the status bar.
To hide the idle clock via phone user interface:

1. Tap m ->Basic->Display->Idle Clock.
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2. Tap the Off radio box in the Idle Clock Display field.

F* 1000 Idle Clock 14 05 Thu, Aug 18

@ Language 1. Idle Clock Display: On ®off
3 Time & Date

< Sound

8 Change PIN

© Bluetooth

= Wi-Fi

3. Tap the Save soft key.

The idle screen displays as below:

= 1000 1405 Thu, Aug 18

R
=3 DSS Key

Note  The idle clock is configurable via phone user interface only.

Time & Date

The time and date are displayed in the center of screen or on the right of the status bar. You can
configure the phone to obtain the time and date from the SNTP server automatically, or
configure the time and date manually. If the phone cannot obtain the time and date from the
Simple Network Time Protocol (SNTP) server, contact your system administrator for more

information.
To configure the SNTP setting via phone user interface:

1. Tap EH ->Basic->Time & Date->General.
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Tap the Type field.
Tap SNTP Settings in the pop-up dialog box.

Tap the Time Zone field.

i & W N

Tap the time zone that applies to your area in the pop-up dialog box.
The default time zone is "+8".

6. Enter the domain name or IP address of SNTP server in the NTP Serverl and NTP Server2

field respectively.
7. Tap the Daylight Saving field.
8. Tap the desired value in the pop-up dialog box.
9. Tap the Location field.
This field appears only if Daylight Saving field is selected to Automatic.

10. Tap the desired time zone name in the pop-up dialog box.

The default time zone name is “China(Beijing)".

(LT 14:06 Thu, Aug 18

@ Language 1. Type: SNTP Settings .
Time & Date 2, Time Zone: +8 )

30 Display 3. NTP Serveri: cn.pool.ntp.org

4 Sound 4. NTP Server2: cn.pool.ntp.org

& Change PIN 5. Daylight Saving: Automatic )

8 Bluetooth 6. Location: China(Bejing) |

2 Wi-Fi

11. Tap the Save soft key to accept the change or to cancel.

Note Please refer to Appendix A - Time Zones for the list of available time zones on the IP phone.

To configure the time and date manually via phone user interface:

1. Tap m ->Basic->Time & Date->General.
2. Tap the Type field.

3. Tap Manual Settings in the pop-up dialog box.
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4. Enter the specific date and time in the corresponding fields.

o 1000 General 14 07 Thu, Aug 18

@ Language 1. Type: | Manual Settings

4

3 Time & Date 2. Date: 2016 - 08 - 18

3 Display 3. Time: 14 : 07 : 18
4 Sound
@ Change PIN

© Bluetooth

2 WiFi

5. Tap the Save soft key to accept the change.
The time and date displayed on the touch screen will change accordingly.

There are 7 available date formats. For example, for the date format "WWW DD MMM", "WWW"
denotes the abbreviation of the weekday, “DD" denotes the two-digit day, and "MMM" denotes

the first three letters of the month.

The date formats available:

Date Format Example (2016-08-18)
WWW MMM DD Wed, Aug 18
DD-MMM-YY 18-Aug-16
YYYY-MM-DD 2016-08-18
DD/MM/YYYY 18/08/2016
MM/DD/YY 08/18/16
DD MMM YYYY 18 Aug, 2016
WWW DD MMM Wed, 18 Aug

To configure the date and time format via phone user interface:

Tap m ->Basic->Time & Date->Time & Date Format.
Tap the Date Format field.

Tap the desired date format in the pop-up dialog box.

P w N #

Tap the Time Format field.
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5. Tap the desired time format (12 Hour or 24 Hour) in the pop-up dialog box.

= 1000 Format 14 08 Thu, Aug 18

@ Language 1. Date Format: WWW MMM DD

Time & Date 2. Time Format: 24 Hour

[ Display

<) Sound

Change PIN

e P

Bluetooth

%)

Wi-Fi

6. Tap the Save soft key to accept the change or to cancel.

Time and date are configurable via web user interface at the path Settings->Time & Date.

Administrator Password
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The Advanced option is only accessible to the administrator. The default administrator password
is "admin”. For security reasons, you should change the default administrator password as soon
as possible.

To change the administrator password via phone user interface:

1. Tap m ->Advanced (default password: admin) ->Set Password.
2.  Enter the current password in the Current PWD field.
3.  Enter the new password in the New PWD field.
4. Re-enter the new password in the Confirm PWD field.
Set Password 15:05 Fri, Nov 25
@ VC Account 1. Current PWD: secse
2 Network 2. New PWD: sssee
5 Phone Lock 3. Confirm PWD: vsee
@,  Set AES Key
& Auto Provision
% FWD International
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5. Tap the Save soft key to accept the change or to cancel.

Administrator password is configurable via web user interface at the path Security->Password.

Key as Send

You can set the "#" key or "*" key to perform as a send key while dialing.
To configure key as send via phone user interface:

1. Tap m ->Features->General.
2. Tap the Key as Send field.

3. Tap #or *in the pop-up dialog box, or tap Disabled to disable this feature.

= 1000 General 17:45 Tue Jul 21

A Auto Answer
1. Key as Send: #

@ DSS Keys 2
2. History Record: ®0n Off

© DND

§ Intercom

Anonymous

¢ Hot Line

4. Tap the Save soft key to accept the change or to cancel.

Key as send is configurable via web user interface at the path Features->General Information.

Phone Lock

Note

You can lock your phone temporarily when you are not using it. This feature helps to protect

your phone from unauthorized use.
When the phone is locked, the following you needed to know:

All keys and screen are locked except the HEADSET key, Volume key, digit keys, # key, * key and
Speakerphone key. You are only allowed to dial emergency numbers, reject incoming calls by
tapping the Reject soft key, answer incoming calls by lifting the handset, pressing the
Speakerphone key, the HEADSET key or tapping the Answer soft key, and end the call by
hanging up the handset, pressing the Speakerphone key or tapping the EndCall soft key.

The emergency number setting, if desired, must be made before lock activation. For more
information, refer to Emergency Number on page 157.
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To activate the phone lock via phone user interface:

Tap m ->Advanced (default password: admin) ->Phone Lock.
Tap the Lock Enable field.

Tap Enabled in the pop-up dialog box to enable this feature.

P W hN#E

Enter the desired interval of automatic phone lock in the Lock Time Out field.

The default timeout is 0. It means the phone will not be automatically locked. You need to

long press ”ﬁ[ to lock it immediately when the phone is idle.

If set to other values except O (e.g., 5), the phone will be locked when the phone is inactive

in idle screen for the designated time (in seconds).

Phone Lock 15:04 Fri, Nov 25

@ Account 1. Lock Enable: Enabled
& VC Account 2. Lock Time Out: 0

& Network

@ Phone Lock

& Set Password

@ Set AES Key

+ Auto Provision

5. Tap the Save soft key to accept the change.
When the phone is locked, the touch screen prompts "Phone locked.” and displays the icon

on the status bar of the touch screen.

@

Phone locked.

To unlock the phone, you must know the phone unlock PIN. The default phone unlock PIN
is "123".
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To unlock the phone via phone user interface:

1. Tap the locked key, the touch screen prompts “Unlock PIN".
2.  Enter the PIN in the Unlock PIN field.

Unlock PIN

Cancel

3.  Press OK to unlock the phone.
The icon disappears from the touch screen.

You can long press ”ﬁ[ or wait for a period of time (if configured) to lock the phone

again.

Note You can also unlock the phone by administrator password. When you enter the administrator
password to unlock the phone, the phone will turn to the Change PIN screen.

To change the phone unlock PIN via phone user interface:

1. Tap m ->Basic->Change PIN.
2.  Enter the desired value in the Current PIN, New PIN and Confirm PIN field respectively.
T 1000 Change PIN 14:14 Thu, Aug 18
] Time & Date 1. Current PIN: soe
[ Display 2. New PIN: eoe
<) Sound 3. Confirm PIN: eoe
@ Bluetooth

7 Wi-Fi

@ Camera Setting
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3. Tap the Save soft key to accept the change or to cancel.

Note The unlock PIN length must be within 15 digits.

To deactivate the phone lock via phone user interface:

1. Tap m ->Advanced (default password: admin) ->Phone Lock.
2. Tap the Lock Enable field.

3. Tap Disabled in the pop-up dialog box to disable this feature.

Phone Lock 13:41 Fri, Nov 25

@ Account 1. Lock Enable: | Disabled
& VC Account 2. Lock Time Out: 0

& Network

& Set Password

Q Set AES Key

& Auto Provision

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

Phone lock is configurable via web user interface at the path Features->Phone Lock.

Audio Settings

Volume

You can press the Volume key to adjust the ringer volume when the phone is idle or ringing.

You can also press the Volume key to adjust the receiver volume of currently engaged audio

devices (handset, speakerphone or headset) when the phone is in use.
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To adjust the volume when the phone is idle:

1. Press to adjust the ringer volume.

S

Thu, Aug 18

L]
2% DSS Key

O (11111

To adjust the volume when the phone is ringing:

1. Press to adjust the ringer volume.

14:21 Thu, Aug 18

(CchY))

=2 DSS Key

L DAL

You can also press to adjust the ringer volume when selecting a ring tone. For more

information, refer to Ring Tones on page 86.

Note If the ringer volume is adjusted to minimum, the icon L_ 2 will appear on the status bar.
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To adjust the volume when the phone is during a call:

1.  Press to adjust the volume of currently engaged audio device (handset,
speakerphone or headset).

14:21 Thu, Aug 18

S

Habas Duo

L& ]
=% DSS Key

I

Ring Tones

Ring tones are used to indicate incoming calls. You can select different ring tones to distinguish

different accounts registered on your phone, or to distinguish your phone from your neighbor’s.
To select a ring tone for the phone via phone user interface:

1. Tap m ->Basic->Sound->Ring Tones->Common.

2. Tap the desired ring tone.

Ring Tones 14:25 Thu, Aug 18
@ Language ® Ringl.wav
(1 Time & Date Ring2.wav
3 Display Ring3.wav
@ Change PIN RingS.wav
© Bluetooth Ring6.wav
2 Wi-Fi RingZ.wav

3. (Optional.) Press to adjust the ringer volume.

4. Tap the Save soft key to accept the change or to cancel.

A ring tone for the phone is configurable via web user interface at the path
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Settings->Preference->Ring Type.
To select a ring tone for the account via phone user interface:

1. Tap m ->Basic->Sound->Ring Tones.
2. Tap the desired account.
3. Tap the desired ring tone.

If Common is selected, this account will use the ring tone selected for the phone.

Ring Tones 14 26 Thu, Aug 18
@ Language ®  Common
) Time & Date Ring1.wav
3 Display Ring2.wav
& Change PIN Ring4.wav
© Bluetooth RingS.wav
= Wi-Fi Ring6.wav

4. (Optional.) Press to adjust the ringer volume.

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

A ring tone for the account is configurable via web user interface at the path

Account->Basic->Ring Type.
To upload a custom ring tone for your phone via web user interface:

1. Click on Settings->Preference.
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2. In the Upload Ringtone field, click Upload File to locate and upload a ring tone file (the

file format must be *.wav) from your local system.
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The web user interface prompts "Upload success!”. The custom ringtone appears in Ring Type

list. You can only delete the custom ringtone by clicking Del in the Ring Type field.

Note The priority of ring tone for an incoming call on the phone is as follows:
Contact ring tone (refer to Adding Contacts) >Group ring tone (refer to Adding
Groups) >Account ring tone >Phone ring tone.

Single custom ring tone file must be within 8MB and total custom ring tone files must be within
20MB. Uploading custom ring tones for your phone is configurable via web user interface only.

Key Tone

If you enable key tone, the phone will produce a sound when you press the keypad.
To enable key tone via phone user interface:

1. Tap m ->Basic->Sound->Key Tone.
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2. Tap the On radio box in the Key Tone field.

1000

Key Tone

15 46 Thu, Nov 24

@ Language 1. Key Tone:

®0n Off

f#) Time & Date
3 Display
& Change PIN

© Bluetooth

= Wi-Fi

3. Tap the Save soft key to accept the change or

to cancel.

Key tone is configurable via web user interface at the path Features->Audio.

Contact Management

This section provides the operating instructions for managing contacts. Topics include:

Local Directory

Blacklist

Remote Phone Book

Mobile Contacts

Local Directory

The built-in phone directory can store the names and phone numbers of your contacts. You can

store up to 1000 contacts and 48 groups in your phone's local directory. You can add new

groups and contacts, edit, delete or search for a contact, or simply dial a contact number from

the local directory.
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Adding Groups

90

To add a group to the local directory:

Directory

Q 2 I -

Search

\1! testl o)
[@ | test12 F
Blacklist ‘x 123562 @ =

E U @ &

g

History Directory

2. Tap Setting.
3. Tap New Group.

4. Enter the desired group name in the highlighted field.

Contacts Setting

Select All (0/3)

New Group

.
gt :
I test12

Local Directory

5. Tap « to accept the change.

6. Tap J'T to specify a ring tone for the group.
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7.

8.

You can also edit or delete any newly added contact groups.

Tap the desired ring tone in the pop-up dialog box.

Ring Tones

Auto

Ringl.wav

Ring2.wav
Ring3.wav

Ring4.wav

If Auto is selected, this group will use the ring tone according to the priority: Contact ring

tone (refer to Adding Contacts) >Account ring tone (refer to Ring Tones) >Phone ring tone

(refer to Ring Tones). If a specific ring tone is selected, this group will use the ring tone

according to the priority: Contact ring tone (refer to Adding Contacts) >Group ring tone.

Tap OK to accept the change.

Editing Groups

To edit a group in the local directory:

1.

Tap [!

=* 1000 Directory
i \1\ test1
v Local Directory —t
[@ | test12
fHerid ‘;‘ 123562
0 test2
Blackiist R 5

History Directory

Tap Setting.
Tap the desired group.
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4. Tap f after the group name.

“5* 1000 Contacts Setting

A Select All (0/0)

v Local Directory

5. Edit the group name in the highlighted field.
6. Tap « to accept the change.

Deleting Groups

To delete a group from the local directory:

1. TapB.

“5° 1000 Directory

Q ‘0 10 T

Search Add Setting

o el =
v Local Directory E
G &

[@ | test12
friend ‘L‘ 123562

2 X
b @ §

Blacklist [1

(F Yok -To

-
=

<

History Directory Keypad

2. Tap Setting.
3. Tap ﬁ before the desired group name.
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The touch screen prompts the following warning:

Delete selected group?

Cancel OK

4. Tap OK to accept the change or Cancel to cancel.

Adding Contacts
You can add contacts to the local directory in one of the following ways:

e  Manually
e  From call history

e  From a remote phone book

Adding Contacts Manually

To add a contact to the local directory manually:

Directory

| @ | testi2 £
Blacklist x‘ 123562 @ H

test2 i

€

History Directory

2. Tap Add.

If you want add a contact to the specified contact group, you can tap the contact group
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Note

94

3.

9.

10.

first, and then tap Add.

Enter the name and the office, mobile or other numbers in the corresponding fields.

=" 1000 New Contact 11 34 Thu, Aug 18

’ Group: Local Directory ;
Name: liuu
Office Number: | 12345

Mobile Number:

Other Number:

Account: Auto

el
Ring: Auto 2
Photo: Default

Tap the Account field.

Tap the desired account in the pop-up dialog box.

If Auto is selected, the phone will use the default account when placing calls to the contact

from the local directory.
Tap the Ring field.
Tap the desired ring tone in the pop-up dialog box.

If Auto is selected, this contact will use the ring tone according to the priority: Group ring
tone (refer to Adding Groups) >Account ring tone (refer to Ring Tones)>Phone ring tone

(refer to Ring Tones).
Tap the Photo field.
Tap the desired photo in the pop-up dialog box.

Tap the Save soft key to accept the change or to cancel.

If the contact already exists in the directory, the touch screen will prompt “Contact name
existed!”.

Adding Contacts from Call History

To add a contact to the local directory from call history:

1.
2.

Tap \:.r' .

Drag up and down to view the list of history.
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3.

4.
5.

6.

Tap @ after the desired entry.

History Details

' Name:
Number:
Time:

Line:

Duration:

=

Tap Add.

Edit the corresponding fields.

104

Wed Dec 23 10:02:22

Line 2

00:00:51

New Contact

’ Group:
Name:

Office Number:

Other Number:

Account;

Ring:

Photo:

Mobile Number:

Local Directory
‘ 104

104

Old Number

Old Number

Auto

Auto

Default

Tap the Save soft key to accept the change.

The entry is successfully saved to the local directory.

17/23
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Adding Contacts from a remote phone book

To add a contact to the local directory from a remote phone book:

1. Tap E»Remote Phone Book or tap m ->Directory->Remote Phone Book to

enter the remote phone book.

Directory

11 34 Thu, Aug 18

Q ‘AIO? 2.

rl
Remote Phone Book( 3 )
Search Setting

> Local Directory Xmyl

Remote Phone Book

Blacklist

’

& a

History Directory

2. Tap the desired remote phone book.
The phone then connects to the remote phone book and proceeds to load it. The contacts
in the remote phone book are displayed on the touch screen.

3.

Tap @ after the desired contact in the remote phone book.

Contact Detalls

11:40 Thu, Aug 18

. - W

Blacklist

Name: 102 102
Number: 102

1/27

4. Tap Add.
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5. Edit the corresponding fields.

New Contact

Group: All Contacts 4
Name: | 102 102/

Office Nu... 102

Mobile Nu...  Old Number

Other Num... Old Number

Accounts: Auto y
Ring: Auto 4
Photo: Default

6. Tap the Save soft key to save the contact to the local directory.

If the contact already exists in the local directory, the touch screen will prompt "Overwrite
the original contact?". Tap OK to overwrite the original contact in the local directory or

Cancel to cancel.

For more information on remote phone book operation, refer to Remote Phone Book on page
100.

Editing Contacts

To edit a contact in the local directory:

1. Tapﬁ.

Directory 11:40 Thu, Aug 18

Q 10 ‘Q # i
Search Add Setting L 104 ‘

L

©

Local Directory

Blacklist L liuu
| 10345

@

-
g testt ®
[tz ®

®

test2

1606

<

History Directory

2. Tap @ after the desired contact.

If the contact was added to a specified contact group, you can tap the contact group first,
and then tap @ after the desired contact.
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3. Tap the desired field to edit the contact information.

Contact Details 11:40 Thu, Aug 18

ke
L 2 m
Send Biackfist Dele
L Group: Local Directory P
Name: test12
Office Number: 123562

Mobile Number:

Other Number:
Account: Auto
4
Ring: Auto 4 45
b= | #®

You can tap or to change the contact you want to edit.

4. Tap the Save soft key to accept the change or to cancel.

Deleting Contacts

To delete a contact from the local directory:

1. Tap ﬁ

Directory 11:40 Thu, Aug 18
Q Je ‘_Q # u
Search Add Setting L 104 m
Local Directory il
L
Blacklist L Iiuuv @
T M
[ x test1 ® b
[ x test12 ®
x test2 ®

<

History Directory

2. Tap @ after the desired contact.

If the contact was added to a specified contact group, you can tap the contact group first,

and then tap @ after the desired contact.
3. Tap Delete.
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The touch screen prompts the following warning:

Delete selected item?

4. Tap OK to accept the change or Cancel to cancel.

To delete all contacts:

1. Tap B

Directory D AE

@ | 104

2 \L} 104 @ 7‘
Local Directory . {7
i B -
: if:

W o

?

B = -

History Directory

2. Tap Setting.
3. Tap the Select All checkbox.
4. Tap Delete.
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The touch screen prompts the following warning:

Delete all items?

5. Tap OK to accept the change or Cancel to cancel.

Uploading Contact Photos
To upload a new custom photo for the contact via web user interface:
1. Click on Directory->Local Directory.

2. Click Upload Photo, and then locate and upload a photo file from your local computer.

The web user interface prompts “Upload success!”.

Account Network DSSKey ; = | Directory Security
Al Contacts u
Local Directory 2k NOTE
1 (=241 12 Al Contzc... o ——
Contact/Blacklist
Remute Phone g teer12 123562 All ontac... 'L | Fil out the contact infarmation.
Book 3 ] 160 All Contsc.. ) | Usershouldn't leave contact
3 riame blank.
Phone Call info 5
Delete Contact/Blacklist
LDADP 6 Salect the contact you want o
7 delete in the grid, and then prass
the bubton Delebe to confim.
Multicast 1 B
5 e Move to Contact/Blacklist
Setting 10 (Chose the contacts you want to
mae in the grid, and press the
1 v || Prev || newt | Hang Up | Delete all | Delete || Meva To [ All Cantacts v _ button mave to Contact Blaklis
- to move it
Directory (@) Group Setting @
- _—- Import
Hzms Group | Browsa the file in XML fameat,
Dffice Numbar Ring Autn v
Click Export button and creat:
ick Export button and create a
gt pals filz with whose name you prefier
= to expart.
Dxer Mumber Delete Piiom |
fting Tane Bk v| Uploed Photo | [ You can dick here o get
—— LR more guides.
Group il Contsces v Upload success!
Account At v|  Import Local Directory File (@)
Phatn Mary.prg *| [ ExwortaoL || pmpor x|
add | Edit | Export csv || Imparcsv
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Note

You can click Delete Photo to delete the custom photo.

The phone only supports *.png, *,jpg and *.bmp format files. The file size must be less than 2M.

You can only delete custo

To change the custom photo for the contact via web user interface:

1. Click on Directory->Local Directory.

m photos.

2.  Click the desired contact you want to edit.

3.  Select the desired photo from the pull-down list of Photo.

Yealink | 1

All Contac...

| B L v | oo [ el Hang up || Dokt Al || Dates )| move 7o | Al Contacts v

Local Directory
Remote Phone 1
Book 3 testz 16006
4
Phone Call Infy 5
LDAP &
L
Multicast 1P !
g
Setiing 10
Directory @
Mame st
Cffice Mumber
Mabiis Numbar
Cthar Number
Ring Tore
Group
Account
| Phota | Many.png
[dd ] Edit

Group Setting @
Group
Ring Suto

[20a |[ it | [de= | [Dele ar |

- Deleta Photo

Upicad Phato |

Import Local Directory File {5
Export XML || Inport XML |

Export €5V || Import csv |

Add Contact Blacklist

All out the contact Information.
\isar shouldn't keave contact
narme blarik.

Delete Contact/ Blacklist
Sdlect the contact you want o
delete In the gnd, and then press
the button Delete o confim.

Mawe to Contact/ Blacklist
Choose the contacts vou want to
mowe In the gnid, and press the
button mave to Contact/Blaklist
o move It

Import
Browse e file In KWL formac

Export

Click Exgort button and <raate a
file with whoss name you prefer
10 expot,

You can dick here o get
mere guides,

4. Click Edit to accept the change.
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When you place a call to the contact or receive a call from the contact, the touch screen will

display the contact photo.

14:21 Thu, Aug 18

»
» % DSS Key

Placing Calls to Contacts

To place a call to a contact from the local directory:

1. Tapﬁ.

Directory 11:40 Thy, Aug 18

T
- =
Blacklist L I|uu ®

'Tvv = M

g ® ¢

2o ® |

History Directory

2. If the contact was added to a specified contact group, you can tap the contact group first,

and then do one of the following:
- Tap the desired contact.

e If only one number for the contact is stored in the local directory, the number is

being dialed out.

e If multiple numbers for the contact are stored in the local directory, tap the

desired number to dial out.
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- Tap @ after the desired contact.

e If only one number for the contact is stored in the local directory, tap Send to dial

out the number.

e If multiple numbers for the contact are stored in the local directory, tap Send to

display a list of numbers.

testl

Office Number: 1235

Mobile Number: 457

Tap the desired number to dial out.

Searching for Contacts

To search for a contact in the local directory:

1. TapB .

o 1000 Directory
g - - B
o @
Local Directory g

Blacklist [1‘[ Iligg) ® :
T ¥
e @ e
§
@ | test2 T

e ®

History Directory

2. Do one of the following :

- Tap Search.

103



User Guide for SIP VP-T49G IP Phone

Enter a few continuous characters of the contact name or continuous numbers of the

contact number (office, mobile or other number) using the onscreen keyboard.

Search For Contacts 11:40 Thu, Aug 18

Search Resuit: 2
L' ;est;z @
L' test2 @

) "

The contacts whose name or phone number matches the characters entered will

appear on the touch screen. You can dial from the result list.

- Tap the desired letter (e.g., T) along the right side to jump to contacts whose names
start with T or t.

Directory 11:40 Thu, Aug 18

Q 2 2. s
Search Add Setting
@ Sam -
All Contacts 5 M ®
Remote Phone Book 4" Susan ®
Blacklist ¥
fifd ®
x test12 ®
g test2 0

g

History Directory

Drag up and down to select the desired contact to view or dial out.

Importing/Exporting Contact Lists

You can manage your phone'’s local directory via phone user interface or web user interface. But

you can only import or export the contact list via web user interface.
To import an XML contact list file via web user interface:

1. Click on Directory->Local Directory.

2. Click Import XML to locate and upload a contact list file (the file format must be *.xml)
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from your local system.

Yealink | v

Features
Local Directory v —
1 10111 101 All Contac.
Remote Phone 2 test 1235 1285 Al Contac.
Book 3 testl2 123562 All Contac.
4 test? 1606 All Contac
Phone Call Info 5
Delete Contact/Blackiist
LDAP 8 Select the contact you want to
2 delete in the grid, and then press
the button Delete to confirm,
Multicast TP 8
9
Move to Contact/Blacklist
Setting 10 Choose the contacts you want to
move in the grid, and press the
button move to Contact/Blaklist
to move it.
[ | Import
: ‘ Browse the file in XpML format.
Office Numbee | | ring [Aute v|
Mobile Number | | [Lagd ] edr || poete [ peletaal ] Click Export button and create 3
r file with whose name you prefer
Other Number [ | to export.
: [ oeete proro |
Ring Tone [Auo v
: S I—luptozd PRO%O. [ You can click here to get
Group [t contacts v more guides.
Account [t v Import Local Directory File @
Photo [ default_contact image.pi v| [ Bt XML
[raa] [em] | Exorcsv | importcsv |

The web user interface prompts "The original contact will be covered, Continue?".

3. Click OK to complete importing the contact list.
To import a CSV contact list file via web user interface:

1. Click on Directory->Local Directory.

2. Click Import CSV to locate and upload a contact list file (the file format must be *.csv) from

your local system.

Yealink | e

Account Network DSSKey Features Settings

Local Directory

1 10111 10111 Alcontac... [ = 7
Remote Phone 2 Display Na... Office Sum...  Mobile Num...  Other Numb... GropName  T1 il out the contact information.
Book 3 test 1235 12856 AlContzc.. [ | Usershoukdnk leave contact
2 name blank.
e CoE 4 test12 123562 Al Contac... |
one nfo 5 R 1606 Allcontsc... [
Delete Contact/Blacklist
LDAP 6 Select the contact you wank to
7 deleta in the grid, and then press
= the button Delets to confirm.
Malticast 19 8
1
= Move to Contact/Blacklist
Setting Choose the CONLACES you Want 1o
- ; i
prev | Next || HangUp || oeleteal [[ pelete || MoveTo |{af contects v m"“oenf“mggdmﬂ
to move it
Group Setting @
Name Gr | Imy
_— e Browse the file in XML format.
Office Number [ Ring | Auto v
Mol Nomber [aod || edt | oo [ Doermal | e et Fattoe sl eatm
file with whose name you prafer
Other Number L 1 to export.
R —
Ring Tone Auto v !
=== ]@ {3 You can dlick here to get
Group | Al Contaxcts v/ more guides.
Accounk ) V| Import Local Directory File @
Photo [ defauit_contact_mage.p v| [ Expert XL || Tmport XML |

[aea] [es]
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106

3. (Optional.) Check the Show Title checkbox.

It will prevent importing the title of the contact information which is located in the first line
of the CSV file.

4. (Optional.) Check the Delete Old Contacts checkbox.

It will delete all existing contacts while importing the contact list.

|
Log Dut

Yealink | _ - . _ _ _ :
Account || Network || DSSKey Features Settings || Directory || Security

¥ Show i
Preview
[Displey Hame v | Office Humber v || Mobie flumber v [[ Ocher TR nmespredennons
displsy_rama office_number mobie_number other_number line 3 You can chick here to get

1 Testt 2510 2511 310 1 Qe guldes:

7 Testz 3510 351l 3620 2

b
| Import | |, Cancel

5. Click Import 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).

Yealink | s

Status Account Network DSSKey || Features Settings Directory §
Index Al Contacts » [
Local Directory ‘ g i - | NOTE
1 10111 10111 All Contac...
— Add Contact/Blacklist
Remote Phone 2 Dsplay Na... Office Num...  Moble Nym...  Other Numb... Group Hame Bl | ‘out the contact iformation.
Book 3 testl 1235 12856 All Contac.. User shouldn't leave contact
4 test12 123562 AlContac... [} | name blnk,
Phone Call info 5 test2 1606 All Contac..,
LDAP 6 Delete Contact/Blacklist
oo 7 Select the contact you want to
delete in the grid, and then
Multicast TP 8 press the button Dekte to
g confim,
Setting 10
B e — =i e —
[ page 1 <l e | e |[ Hangup |[ etere ab || pelete |[ Move To | At contacts || Hove to Contact/Blackist
o Choose the contacts you want
Directory Group Setting to move in the gnd, and press
@ @ the button move to
Nama Group Contact/Bhkist to move it.
Office Number Ring Auto v
Import
Mobile Nurmber [CAdd]) " Est | [ peete | [(Deleteat ] Browse the fie in XML format,
OtherMumber | |
Delete Phato Export
Ring Tone Auto - = E ﬂeckk Export button and create 3
( | with whose name you prefer
Uphad Photo
Group Al Contacts - to export.
Account Auto - port Direct
o 2 = Locl oy He @ You can click here to get
Photo default_contact_image.p v Export XML | | import XML more guides.
[Aca] [Est] [ eor v || imoore cov |
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3. Click Save to save the contact list to your local system.

Note Importing/exporting contact lists is available via web user interface only.

Blacklist

The built-in phone directory can store names and phone numbers for a blacklist. You can store
up to 30 contacts; add, edit, delete or search for a contact in the blacklist directory, and even call
a contact from the blacklist directory. Incoming calls from the blacklist directory contacts will be

rejected automatically.

For operating instructions on editing, deleting, placing calls to and/or searching for contacts in
the blacklist directory, refer to the operating instructions of Editing Contacts on page 97,
Deleting Contacts on page 98, Placing Calls to Contacts on page 102 and/or Searching for
Contacts on page 103.

To add a contact to the blacklist directory manually:

1. Tap ﬁ ->Blacklist.

Directory 11:40 Thu, Aug 18

Q .ﬁ;, 2.

Search Setting

> Local Directory

None

G

History Directory.

2. Tap Add.

107



User Guide for SIP VP-T49G IP Phone

3.  Enter the contact’s name and the office, mobile or other numbers in the corresponding
fields.

=" 1000 New Contact

Group: Blacklist 7
Name: Aa

Office Nu... | 123

Mobile Nu...

Other Num...

Account: Auto

4. Tap the Account field.
5. Tap the desired account in the pop-up dialog box.

If Auto is selected, the phone will use the default account when placing calls to the contact

from the blacklist directory.

6. Tap the Save soft key to accept the change or to cancel.

To add a contact to the blacklist directory from the local directory:
1. Tap B .
2. Tap (i) after the desired contact.

If the contact was added to a specified contact group, you can tap the contact group first,
and then tap @ after the desired contact.

3. Tap Blacklist.

The touch screen prompts the following warning:

Move selected to blacklist?

Cancel oK
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4. Tap OK to accept the change.

Remote Phone Book

You can add contacts to the local directory, search for a contact, or simply dial a contact number

from the remote phone book.

You can configure your new phone to access up to 5 remote phone books. The phone supports
up to 3000 remote phone book entries. For the access URL of the remote phone book, contact

your system administrator.

For operating instructions on placing calls to and/or searching for contacts in the remote phone
book, refer to the operating instructions of Placing Calls to Contacts on page 102 and/or
Searching for Contacts on page 103.

Configuring an Access URL

To configure an access URL for a remote phone book via web user interface:

1. Click on Directory->Remote Phone Book.

N

Enter the access URL in the Remote URL field.

w

Enter the name in the Display Name field.

Yealink | 11

Features Settings |

| : NOTE -
Local Directory _
1 httpy//10,3.6.233/RemotePhonebook.xmyl ohe P ook
Remote Phone 2 This feature alows you to
Book download contact ist from the
3 server. Input the phonebook
Phone Call Info URL and rename the phone
4 book.
LDAP 5
@ You can click here to get
Multicast 19 mare guides.
Incoming/Outgoing Call Looku; Disabled -
sann 0/0utgoing 0 (2]
Update Time Intervai(Seconds) 21600 0

4. Click Confirm to accept the change.

Note An access URL for a remote phone book is configurable via web user interface only.

Accessing the Remote Phone Book
To access your remote phone book via phone user interface:

1. Tap E ->Remote Phone Book or tap E—>Directory—>Remote Phone Book to

enter the remote phone book.

2. Tap the desired remote phone book.
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The phone then connects to the remote phone book and proceeds to load it. The contacts

in the remote phone book are displayed on the touch screen.

Directory 11:40 Thu, Aug 18
Q | 2 | X2 s -
o Add Setting .
i 3
> Local Directory :
| @ | Testl 5
Remote Phone Book ] 23000
[@ | Test2 .:
Blacklist J. - ’:‘
e o |
B

3 a

History Directory

You can tap to back to the previous interface.

Incoming/Outgoing Call Lookup

You can enable the phone to present the caller/callee identity stored in the remote phone book

when receiving/placing a call.

To configure incoming/outgoing call lookup and update time interval via web user
interface:

1. Click on Directory->Remote Phone Book.

2. Select Enabled from the pull-down list of Incoming/Outgoing Call Lookup.

3. Enter the desired refresh period in the Update Time Interval(Seconds) field.

The default value is 21600.

Yealink | 4 : ‘
| Account | Network DSSKey Features | Settings

tocal Directory _— s NOTE
1 http://10.3.6.233/RematePhonebook.xr
D/ emotePhonebook.xmyl Xyl
Remote Phone 3 This feature alows you to
Book downioad contact Ist from the
3 server. input the phonebook
Phone Call info URL and rename the phona
4 beok.
LDAP s
You can dick here to get
Multicast 1P more guides,
Incoming/Outgoing Call Lookup Enabled -
scrileg g/Outgoing 7]
Update Tme Interval{Seconds) 21600 Q
[ confim | [_cncet ]

4. Click Confirm to accept the change.
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Mobile Contacts

Note

The first time your IP phone pairs and connects to your Bluetooth-enabled mobile phone, you
will be asked if you would like to sync phone contacts temporarily. If allowed, the phone
contacts will be imported to the mobile contacts directory of your IP phone. For more

information, refer to Bluetooth-Enabled Mobile Phone on page 129.

You can add a contact to the local directory or blacklist directory from mobile contacts. You

cannot add a contact to the mobile contacts directory on your IP phone.

If you disconnect the Bluetooth-enabled mobile phone from IP phone or disable the IP phone to
sync phone contacts, the mobile contacts directory will disappear.

For operating instructions on placing calls to and/or searching for contacts in the mobile
contacts directory, refer to the operating instructions of Placing Calls to Contacts on page 102

and/or Searching for Contacts on page 103.
To add a contact to the local directory from mobile contacts directory:

1. Tap H ->Mobile Contacts.
2. Drag up and down to view the list of Mobile Contacts.

3. Tap @ after the desired entry.

1021 Contact Details 11:40 Thu, Aug 18

v 2 X

Send Add Blackist

‘ Name: Harry
9 Office Number: 17736514782952

Mobile Number: 15885

Other Number:

83/144

4. Tap Add.
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5. Edit the corresponding fields.

New Contact 11:40 Thu, Aug 18

’ Group: Local Directory 4
Name: Harryt ‘

Office Number: = 17736514782952

Mobile Number: 15885

Other Number:  Old Number

Account: Auto 4
Ring: Aute 4
Photo: Default

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

The entry is successfully saved to the local directory.
To add a contact to the blacklist directory from the mobile contacts directory:

Tap B ->Mobile Contacts.
Tap @ after the desired contact.
Tap Blacklist.

P W NN oH

Edit the corresponding fields.

New Contact 11340 Thu, Aug 18

! Group: Blacklist 7
Name: Harry

Office Number:  17736514782952

Mobile Number:  Old Number

Other Number:  Old Number

Accounts: Auto

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

The entry is successfully saved to the blacklist directory.

Note The contact that be added to the local directory or blacklist directory will not disappear, after you
disconnect the mobile phone from the IP phone.
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To update the mobile contacts directory:
1. Tap B ->Mobile Contacts.
2. Tap Update.

The touch screen will prompt “Updating, please wait..."”, you need to authorize the IP

phone to sync the contacts temporarily on the mobile phone.

Updating, please wait...

Cancel

After updating, the contacts you add, edit, delete on the mobile phone will sync to the
mobile contacts directory.

Note If you disconnect the mobile phone from IP phone while the IP phone is updating the mobile
phone book. The touch screen will prompt “Fail to download mobile contacts!”, and the mobile
contacts directory will disappear from the IP phone directory list.

Call History Management

The SIP VP-T49G IP phone maintains call history lists of Missed calls, Placed calls, Received calls
and Forwarded calls. Each call history list supports up to 100 entries. You can view call history,
place a call, add a contact or delete an entry from the call history list.

History record feature is enabled by default, if you don't want to save the call history, you can
disable the feature.
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Viewing History Records

To view call history:

1. Tap !:f .

The touch screen displays all call records.

History 10 13 Tue, Aug 23

% 1 Yealink_SIP VP-T49G
v All Local Calls < [g] derry ®
N | | Today 10:12 g
Missed Calls L o
it ®
Placed Calls =
A e 8 ®
Received Calls
; 1058
Forwarded Calls C L Today 10:12 @
¥ L o ®

History Directory

2. Drag up and down to scroll.

You can tap Missed Calls, Placed Calls, Received Calls or Forwarded Calls to view entries

in each call list directly.

3. Tap @ after the desired entry.

The detailed information of the entry appears on the touch screen.

History Details

L N4 2. o

10:15 Tue, Aug 23

Send Edit Blacklist Delete
Name: Jerry

L Number: 1068
Time: Tue, Aug 23 10:12:28
Line: Line 1

Duration: 00:00:02
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Placing a Call from History Records

To place a call from the call history list:

1. Tap i .

The touch screen displays all call records.

History 10 13 Tue, Aug 23

¢ L Yealink SIP VP-T49G

v All Local Calls 1 Jerry @
Missed Calls ——
- L Iryw 12 @
Placed Calls —
L AF TR ®
Received Calls ot
e~ | 1058
Forwarded Calls » :L; Today 10:12 @
< L }29»0:[: 11 ®

History Directory

2. Drag up and down to scroll.

You can tap Missed Calls, Placed Calls, Received Calls or Forwarded Calls to view entries

in each call list directly.

3. Tap the desired entry.
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Adding a Contact to the Local Directory/Blacklist

To add a contact to the local directory (or blacklist directory) from the call history list:

1. Tap hid .

The touch screen displays all call records.

History 10 13 Tue, Aug 23

’ L Yealink SIP VP-T49G
¢ [l 2, o
Missed Calls ) —
L vry‘ 12 @
Placed Calls ——
v B 12 o
Received Calls day 1012
4 | 1058
Forwarded Calls ’ ;L; Today 10:12 @
« [ 2, o

History. Directory

2. Drag up and down to scroll.

You can tap Missed Calls, Placed Calls, Received Calls or Forwarded Calls to view entries

in each call list directly.
3. Tap @ after the desired entry.
4. Tap Add (or Blacklist).
5.  Enter the desired values in the corresponding fields.
6. Tap the Save soft key to accept the change or to cancel.

For more information, refer to Contact Management on page 89.
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Deleting History Records

To delete an entry from the call history list:

1. Tap ki .

The touch screen displays all call records.

History

10 13 Tue, Aug 23

oday 10:12

. Yealink SIP VP-T49G
S 1B

v All Local Calls

¢ (] -
Missed Calls | | J

< ‘L‘ :":Y' 12 -
Placed Calls @&

w [g] 1058 ’
A ré» Today 10:12

. @ 1058
Forwarded Calls . [1[ : °

®

History Directory Keypad

2. Drag up and down to scroll.

You can tap Missed Calls, Placed Calls, Received Calls or Forwarded Calls to view entries

in each call list directly.
3. Tap @ after the desired entry.
4. Tap Delete.

The touch screen prompts the following warning:

Delete the record?

Cancel OK

5. Tap OK to confirm the deletion or Cancel to cancel.
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To delete all entries from the call history list:

1. Tap L& .

The touch screen displays all call records.

History 10 13 Tue, Aug 23

| Yealink SIP VP-T49G
i ®

Missed Calls - 3

< ‘L} 1erry\ 12 @
Placed Calls )

v [§ 10 ®
Received Calls L

«« @] 1058
Forwarded Calls 2 :1; Today 10:12 @

LA R ®

Directory

2. Drag up and down to scroll.

You can tap Missed Calls, Placed Calls, Received Calls or Forwarded Calls to view entries

in each call list directly.
3. Tap Setting.
4. Tap the Select All checkbox.

1000 History Setting 10 16 Tue, Aug 23

@ Select Ali(11/11)

v All Local Calls o x Ye‘a.lln“k SIP VP-T49G

Missed Call -
i R Ui .
Placed Calis 3
o &
Received Calls
% 1
Forwarded Calls 5 ‘

O ¢ & o

5. Tap Delete.
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The touch screen prompts the following warning:

Delete all the call records?

Cancel oK

6. Tap OK to confirm the deletion or Cancel to cancel.

Disabling History Records

To disable history record via phone user interface:

1. Tap m ->Features->General.
2. Tap the Off radio box in the History Record field.

General

© DSS Keys 1. Key as Send: # p
© DND 2. History Record: on @Off
@ Intercom

4 Anonymous

¢ Hot Line

@ Default Account

3. Tap the Save soft key to accept the change or to cancel.

Search Source List in Dialing

You can search for a contact from the desired lists when the phone is on the dialing screen. The

lists can be Local Directory, History, Remote Phone Book, LDAP and Cloud Directory.
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Note

120

To configure search source list in dialing via web user interface:

1. Click on Directory->Setting.

2. In the Search Source List In Dialing block, select the desired list from the Disabled
column and click [___].

The selected list appears in the Enabled column.

3. Repeat the step 2 to add more lists to the Enabled column.

4. (Optional.) To remove a list from the Enabled column, select the desired list and then
click [N -
5.  To adjust the display order of the enabled list, select the desired list, and click [+ _]

or ||

Yealink | s

DSSKey Features | | Settings

e Search Source List In Dialing @ NOTE
Local Directory

Disabled Enabled

. Directory
Remote Phone Remote Phone Book = Local Drectory - The diractory parameters for
Book LDAP History admhstrator.

Phone Call Info =
2 You can click here to get

LDAP more guides.

Multicast 1P

Setting

Recent Cal In Dialng Enabled - o

_ Confrm._ | Cancel |

6. Click Confirm to accept the change.

The touch screen will display search results in the adjusted order.

Search source list in dialing is configurable via web user interface only.

To search for an entry in the enabled search source lists:

1. Pick up the handset, press the Speakerphone key or tap the line key.

2. Enter a few continuous characters of the entry’s name or continuous numbers of the

entry’s phone number (office, mobile or other number).

The entries in the enabled search source lists whose name or phone number matches the

characters entered will appear on the touch screen.
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Note

You can tap the desired entry to place a call to the entry.

15:39 Thu, Aug 18

1 Yealink SIP...

Susan {
10111 ] 1 | 2 =
1038 7 |

A 1038 I ‘

@ | 10.2.20.86 ‘ 4 l 5

é 10.2.20:86 “ GHI : ML

Keyboard

=2
% DSS Key

<€

History

Directory

If you connect a Bluetooth-Enabled mobile phone to the IP phone, and enable the IP phone to
sync phone contacts. The IP phone will first search the contacts in the mobile contacts directory
then placed calls list. For more information, refer to Mobile Contacts on page 111.

System Customizations

Headset Use

Note

If you want to use a wired headset, physically connect your headset and activate the headset
mode for use. For more information on physically connecting a headset, refer to Phone

Installation on page 35.

If you want to use a wireless headset, activate the Bluetooth mode and then pair and connect
the Bluetooth headset with your phone. For more information on using a Bluetooth headset,

refer to Bluetooth Headset on page 123.

This section provides an introduction to wired headset use.

There are three types of headsets for SIP VP-T49 IP phones: the wired headset, EHS headset and
Bluetooth headset. You can connect up to three types of headsets at once. And if you press the
HEADSET key, the IP phone will use the headset according to the priority: Bluetooth

headset >EHS headset >wired headset.

Headset Mode Activation/Deactivation

To activate the headset mode:

I/;\'l
1. Press @/) on the phone.

The HEADSET key LED illuminates solid green, and the icon appears on the status bar.

121



User Guide for SIP VP-T49G IP Phone

When you tap the line key or the Answer soft key to answer an incoming call, the call is

connected to your headset automatically. For more information on using the headset to

answer a call, refer to Answering Calls on page 165.

With the handset on-hook, enter the desired number and tap the Send soft key, the phone

will then place a call using the headset automatically. For more information on using the

headset to place a call, refer to Placing Calls on page 162.

To deactivate the headset mode:

1. Press @ again on the phone.

The HEADSET key LED goes out, and the icon

Headset Prior
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disappears from the touch screen.

You can use headset in priority when headset prior feature is enabled. This feature is especially

useful for permanent or full-time headset users.

To enable headset prior via web user interface:

1.
2.

Click on Features->General Information.

Select Enabled from the pull-down list of Headset Prior.
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Click Confirm to accept the change.
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To use headset prior, you should activate the headset mode in advance:

1. Physically connect the headset.

2. Press f(:ﬂ to activate the headset mode.
N

Note

If headset prior is enabled, the headset mode will not be deactivated until you press the
HEADSET key again.

If headset prior is disabled, the headset mode can be deactivated by pressing the Speakerphone
key or the HEADSET key.

Headset prior is configurable via web user interface only.

Dual Headset

You can use two headsets when dual headset feature is enabled. To use this feature, you must

physically connect headsets to the headset jack and handset jack respectively. Once the phone

connects to a call, the headset connected to the headset jack will have full-duplex capabilities,

while the one connected to the handset jack will only be able to listen.

To enable dual headset via web user interface:

1. Click on Features->General Information.

2. Select Enabled from the pull-down list of Dual-Headset.
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3. Click Confirm to accept the change.

Note

Bluetooth Headset

Dual headset is configurable via web user interface only.

The SIP VP-T49G IP phone supports Bluetooth. Bluetooth enables low-bandwidth wireless

connections within a range of 10 meters (32 feet). The best performance is in the 1 to 2 meters

(3 to 6 feet) range.
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You can activate/deactivate the Bluetooth mode, and then pair and connect the Bluetooth
headset with your phone. You can pair up to countless Bluetooth headsets with your phone;
however, only one headset can be connected at a time. You can also disconnect and delete your

Bluetooth headset from the phone.

Activating the Bluetooth Mode

To activate the Bluetooth mode via phone user interface:

1. Tap m ->Basic->Bluetooth.
2. Tap the On radio box in the Bluetooth field.

The IP phone scans the available Bluetooth headset automatically.

Bluetooth 15 56 Thu, Aug 18

@ Language Edit My Device Information: >
[ Time & Date Bluetooth: @®0n Off
Display Scaning bluetooth devices..

€ Sound

& Change PIN NP

© Bluetooth

7= Wi-Fi

The touch screen displays the Bluetooth device information (device name and MAC

address).

Bluetooth 15 56 Thu, Aug 18

@ Language Edit My Device Information: >
8] Time & Date Bluetooth: ®0n Off
0 Display 1 bluetooth devices:
4 Sound 8 PLT_Edge
0C:E0:E4:05:FB:DC
& Change PIN
© Bluetooth
= Wi-Fi

You can also swipe down from the top of the screen to enter the control center, and toggle

Bluetooth on.
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Pairing and Connecting the Bluetooth Headset

Before you pair a Bluetooth headset, check the indicator on the Bluetooth headset to make sure
that the Bluetooth headset is discoverable. For more information, refer to the documentation

from the Bluetooth headset manufacturer.
To pair and connect your Bluetooth headset to your phone:

1. Tapm->8asic—>Bluetooth.
2. Tap the On radio box in the Bluetooth field.

If there is no Bluetooth devices found on the touch screen, tap the Scan soft key to search

for the Bluetooth device.

Bluetooth

@ Language Edit My Device Information: >
Time & Date Bluetooth: ®0n Off
3 Display 1 bluetooth devices:
< Sound @ PLT_Edge
0C:E0:E4:05:FB:DC
& Change PIN
© Bluetooth
= Wi-Fi

3. Tap the found Bluetooth device to connect the Bluetooth headset to your phone.
4. Enter the PIN in the prompted PIN field.
The default PIN is “0000".

5. TapOK
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The touch screen displays “Connect Success.”.

Bluetooth
@ Language Edit My Device Information: >
] Time & Date Bluetooth: ®0n off
3 Display 1 bluetooth devices( Connected with PLT_Edge):
S 09 ?(EEBESOQOGSFBDC e s @
@ Change PIN
2 Wi-Fi

The Bluetooth icon 8 appears on the status bar of the touch screen.

15:56

Thu, Aug 18

(¥
2% DSS Key

With the Bluetooth headset paired and connected, you can use the Bluetooth headset to
place and answer calls. For more information, refer to the documentation from the

Bluetooth headset manufacturer.

Editing Device Information
To edit device information via phone user interface:

1. Tap m ->Basic->Bluetooth->Edit My Device Information.

The touch screen displays the device name and MAC address. The MAC address cannot be
edited.

2. Enter the desired name in the Device Name field.
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The default device name is SIP VP-T49G.

Bluetooth 15 56 Thu, Aug 18

@ Language 1. Device Name: | SIP VP-T49G
) Time & Date 2. MAC: 00:15:65:91:89:0C
Display

€ Sound

@ Change PIN

© Bluetooth

7 Wi-Fi

3. Tap the Save soft key to accept the change or to cancel.

The pre-configured Bluetooth device name will display in scanning list of other device.

Disconnecting the Bluetooth Headset

To disconnect your Bluetooth headset from your phone:

1. Tap m ->Basic->Bluetooth.

2. Tap the connected Bluetooth headset.

Bluetooth 15 56 Thu, Aug 18
3 Display Edit My Device Information: >
<) Sound Bluetooth: ®0n Off
& Change PIN 1 bluetooth devices
D EIC.TE?)ESIQSSFBDC Disconnect success. ®)
2 Wi-Fi
@ Camera Setting
5 Video Setting

The Bluetooth headset is disconnected. To connect it to your phone again, tap the

Bluetooth headset again.

Deleting the Paired Bluetooth Headset

You can delete your Bluetooth headset from your phone. When you delete the Bluetooth
headset, it disappears from the bluetooth devices list. To connect it to your phone again, you

need to scan it first, and then connect it again.
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To delete paired Bluetooth headset via phone user interface:

1. Tap m ->Basic->Bluetooth.

The touch screen displays the paired and connected Bluetooth headset.

Bluetooth
@ Language Edit My Device Information: >
] Time & Date Bluetooth: ®0n off
3 Display 1 bluetooth devices( Connected with PLT_Edge):
<€) Sound p) gé;fgquoeS:FB:Dc Connect Success. ©)
& Change PIN
2 Wi-Fi

2. Tap @ after the desired Bluetooth headset name.
3. Tap Delete in the pop-up dialog box.

The touch screen prompts the following warning “Delete selected item?".

Delete selected item?

4. Tap OK to confirm the deletion or Cancel to cancel.

You can also delete all headsets by tapping the Delete All soft key.

Note The icon @ only appears after the device name of the Bluetooth device that you are connecting

or have connected.

If you cannot connect a Bluetooth headset to the phone successfully, we recommend that you
delete the Bluetooth headset in the bluetooth devices list (if it exists) before pairing it.
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Deactivating the Bluetooth Mode
To deactivate the Bluetooth mode via phone user interface:

1. Tap m ->Basic->Bluetooth.
2. Tap the Off radio box in the Bluetooth field.

Bluetooth 15 56 Thu, Aug 18

@ Language Edit My Device Information: >
) Time & Date Bluetooth: On @®off

Display

) Sound

@ Change PIN

7= Wi-Fi

The Bluetooth icon disappears from the touch screen.

Bluetooth mode is configurable via web user interface at the path Features->Bluetooth.

Bluetooth-Enabled Mobile Phone

Yealink SIP VP-T49G IP phone supports the use of your IP phone in conjunction with

Bluetooth-enabled mobile phone. You can do the following:

- Pair and connect your IP phone with a Bluetooth-enabled mobile phone to make and

receive mobile calls. Your mobile phone is automatically assigned a line key on your IP

phone.
- Import your mobile contacts into the IP phone.

- Use your IP phone as a hands free device for your mobile phone.

For operating instructions on activating/deactivating the Bluetooth mode, editing device

information and disconnecting/deleting the paired Bluetooth-enabled mobile phone, refer to

the operating instructions of Bluetooth Headset on page 123.

Note Not all mobile phones support this function. Contact your system administrator for more
information.

Pairing and Connecting the Bluetooth-Enabled Mobile Phone

You can only connect one Bluetooth device at a time. After connection, the IP phone will

automatically find an available line key and assign the line key for Mobile Account. The Mobile
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Account key's default label is “My Mobile”. If there is no available line key, you may assign it

manually.

The mobile phone will disconnect from your phone in the following introduced scenarios:

e  Connect a Bluetooth headset to the IP phone.

Deactivate the Bluetooth mode from the IP phone.

Deactivate the Bluetooth mode from mobile phone.

e  The distance between mobile phone and IP phone is more than 10 meters.

Before you pair a Bluetooth-Enabled mobile phone, check the Bluetooth mode on the

Bluetooth-Enabled mobile phone to make sure that the Bluetooth-Enabled mobile phone is

discoverable.

To pair and connect the Bluetooth-Enabled Mobile Phone with your phone:

1. Tap m ->Basic->Bluetooth.

2. Tap the On radio box in the Bluetooth field.

If there is no Bluetooth-Enabled mobile phone found on the touch screen, tap the Scan

soft key to search for the Bluetooth-Enabled mobile phone.

3. Tap the desired Bluetooth-Enabled mobile phone in the Bluetooth devices list to connect

the mobile phone to your phone.

“°1000

Bluetooth

15 56 Thu, Aug 18
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4. Tap OK on both mobile phone and IP phone.

Connect to below mobile device:
Xperia Z

Make sure the device is showing this

passkey:
242486

Then the IP phone will prompt “Would you like to sync phone contacts temporarily?”.

Would you like to sync phone contacts
temporarily?

5. (Optional.) Tap OK to enable the mobile contacts sync feature and the IP phone will sync
the mobile contacts temporarily, or tap Cancel to disable mobile contacts sync feature and
the IP phone will not sync the mobile contacts. If you tap Cancel, you can also manually
enable the mobile contacts sync feature on the IP phone. For more information, refer to

Syncing the Mobile Contacts to the IP Phone on page 133.

If you enable mobile contacts sync feature, you also need to authorize the IP phone to sync

the contacts temporarily on the mobile phone.
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The touch screen displays “Connect Success.”.

51000 Bluetooth

@ Language Edit My Device Information: >
] Time & Date Bluetooth: ®0n Off

3 Display 1 bluetooth devices(Connected with Xperia Z):

& oo g)‘] zggqi:aDg:OB:m:OZ SIS @
& Change PIN

2 Wi-Fi

The Bluetooth icon will display on the status bar of the touch screen.

And the IP phone automatically assigns a Mobile Account key.

- 15:56

Thu, Aug 18

= DSS Key

For more information on how to configure the Mobile Account key, refer to Mobile Account on
page 146. Before you configure the Mobile Account key, make sure the Bluetooth-Enabled
mobile phone is connected. Otherwise the IP phone will prompt “Mobile Account is not
connected!”. If the distance between mobile phone and IP phone is out of the range of 10
meters or the Bluetooth mode on the mobile phone is deactivated, you can tap the Mobile

Account key to reconnect the last paired Bluetooth-Enabled mobile phone.
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Syncing the Mobile Contacts to the IP Phone

If you disable the mobile contacts sync feature when you pair and connect the
Bluetooth-Enabled mobile phone to the IP phone (refer to Pairing and Connecting the
Bluetooth-Enabled Mobile Phone), you need to enable the mobile contacts sync feature

manually when you want to sync the mobile contacts the IP phone.

Note Not all mobile phones support syncing the mobile contacts to IP phone. For more information,
contact your system administrator.

To enable the mobile contacts sync feature manually:

1. Tap m ->Basic->Bluetooth.
2. Tap @ after the desired Bluetooth-Enabled mobile phone name.

3. Tap the On radio box in the Mobile Contacts Sync field.

More

Mobile Contacts Sync ~ (®)0n

Delete

You need to authorize the IP phone to sync the contacts temporarily on the mobile phone.

And then the mobile contacts directory will appear in the IP phone directory list.
To view your mobile contacts on the IP phone:

1. Tap B ->Mobile Contacts.
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The contacts in the mobile phone will display in the Mobile Contacts list.
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History Directory.

For operating instructions on adding contact to local/blacklist directory from mobile
contacts directory, update the mobile contacts directory or placing calls to and searching
for contacts in the mobile contacts directory, refer to the operating instructions of Mobile

Contacts on page 111.

Note If the mobile phone disconnects from the IP phone while the IP phone is loading the mobile
contacts, the touch screen will prompt “Fail to download mobile contacts!”, and the mobile
contacts directory will not appear at the IP phone directory list.

Making a Mobile Phone Call by Using the IP Phone

When you make a mobile phone call by using your IP phone, the IP phone acts as a hands free
device for your mobile phone. The call is made through your mobile phone, but the audio is
present on and the call control is done by using the IP phone. You can have both mobile phone

call and IP phone call on your IP phone, and two types of calls will not affect each other.
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Note

To make a call through a mobile phone:

1. Tap the My Mobile line key.

or 1000

iI15:56

Thu, Aug 18
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= % DSS Key

2. Enter the desired number.

3. Tap Send by Mobile.

) Mobile Account 10 30 Tue, Aug 23
) |
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= |
g 1038 45, S5x 6 o '

Keyboard
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Directory

The outgoing call information will appear on both your IP phone and mobile phone screen.
After the call is picked up, the audio goes through the IP phone, although the mobile
phone screen also shows a connected call. You can hold, mute or end the call on the IP

phone, and after you hold the call you can resume the call or place a new call.

You can control the call’s audio to go through the mobile phone or IP phone on your
mobile phone. For example, if you choose Bluetooth, the audio will go through the IP
phone; if you choose Handset earpiece or Speaker, the audio will go through the mobile
phone.

The phone will first match the contacts in the mobile contacts directory to present the
caller/callee identity when receiving/placing a mobile phone call.
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Receiving Mobile Phone Calls by Using the IP Phone

If your mobile phone is paired and connected with the IP phone, an incoming call to your

mobile phone is also shown on the IP phone.
To handle a mobile phone call by using the IP phone, do one of the following:
- Press , tap the Answer soft key or pick up the handset to connect to the call.
- Tap the Reject soft key to reject the call.
o) 14 32 Thu Jan 07
%9 1000

@ My Moblle

Habas Duo
13235999999

:: DSS Key

DSS Keys

There are two types of DSS keys: Line Keys and Programable Keys. Details will be introduced in

the following. The SIP VP-T49G IP phone supports 29 line keys and 7 programable keys.

Line Keys
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You can assign predefined functionalities to line keys. You can also define a label for a line key
feature which will appear on the touch screen. Line keys allow you to quickly access features
such as recall and voice mail. The line key can indicate the monitored status when the line keys
are assigned with particular features, such as BLF. The default key type of line key 1-16 is Line.
The default key type of line key 17-29 is N/A, which indicates that this line key provides no

functionality until configuration.
You can also tap and hold the line keys on the idle screen to enter the line key configuration
screen directly.

To assign functionality to a line key via phone user interface:

1. Tap m ->Features->DSS Keys.

2. Tap the desired line key.

3.  Select the desired key type from the Type field.
4

(Optional.) Select the desired key event type from the Key Type field.
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(Optional.) Select the desired line from the Account ID field.
(Optional.) Enter the string that will appear on the touch screen in the Label field.

(Optional.) Enter the corresponding value in the Value field.

@ N o un

(Optional.) Enter the corresponding value in the Extension field.

This option is only applicable to BLF feature. For more information, refer to Busy Lamp
Field (BLF) on page 229.

9. Tap the Save soft key to accept the change or to cancel.

You can also tap DSS Key on the idle screen to enter the line key configuration screen

directly.

Label Length

You can specify labels for some key features, which will be displayed on the idle touch screen. If
the length of the label exceeds the maximum display length, the phone only displays the first

few characters. You can configure the phone to display more characters via label length feature.

The following figure shows an example of label display when the label length feature is set to
Extended:

=¥ 1000

vee 12345678901 1 6 . 8
23456789012 . 3

Thu, Aug 18

52 DSS Key
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Note

The following figure shows an example of label display when the label length feature is set to
Default:

16 37

Thu, Aug 18

L9
=% DSS Key

To configure the label length via web user interface:

1. Click on DSSKey->Line Key.

2. Select Extended from the pull-down list of Label Length.

Log Out
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3. Click Confirm to accept the change.

Label length feature is configurable via web user interface only.

Line Key Features
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Line key features are explained in the following subchapters in detail:

e Line

e Speed Dial
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e Voice Mail

e Direct Pickup
e  Group Pickup
e DTMF

e  Prefix

e Local Group
e XML Group

e XML Browser
e LDAP

e SMS

e  Conference

e Forward

e  Transfer

e Hold

e DND

e  Group Listening
e Zero Touch

e URL

e  Phone Lock
e Directory

e Mobile Account

For the features not listed above, refer to Basic Phone Features on page 161 and Advanced

Phone Features on page 229. For more information, contact your system administrator.
Line

You can use this key feature to accept incoming calls, place active calls on hold or resume a
held call.

Dependencies: Type (Line)

Account ID (the account this feature will be applied to or GK account for
H.323)

Label (key label displayed on the touch screen)
Usage: When the phone receives an incoming call,
1. Tap the line key to accept the incoming call.
2. Tap the line key to place a new call and the active call is placed on hold.

3. Tap the line key again to resume the held call.
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Speed Dial
You can use this key feature to speed up dialing the numbers frequently used or hard to
remember.
Dependencies: Type (Speed Dial)

Account ID (the account this feature will be applied to)

Label (key label displayed on the touch screen)

Value (the number you want to dial out)
Usage: Tap the speed dial key to dial out the number specified in the Value field, using the
account selected from the Account ID field.
Voice Mail
You can use this key feature to quickly connect voice mail. For more information, refer to
Video/Voice Mail on page 281.
Dependencies: Type (Key Event)

Key Type (Voice Mail)

Account ID (the account this feature will be applied to)

Label (key label displayed on the touch screen)

Value (the voice mail access code)
Usage: Tap the voice mail key to dial out the voice mail access code. Then follow the voice
prompt to listen to the voice mails.
Direct Pickup

You can use this key feature to answer someone else’s incoming call on the phone.

Dependencies: Type (Key Event)
Key Type (DPickup)
Account ID (the account this feature will be applied to)
Label (key label displayed on the touch screen)
Value (the directed call pickup code followed by the target phone number)

Usage: Tap the direct pickup key on your phone when the target phone number receives an

incoming call. The call is then answered on your phone.
Group Pickup

You can use this key feature to answer incoming calls in a group that is associated with their
own group.
Dependencies: Type (Key Event)

Key Type (GPickup)

Account ID (the account this feature will be applied to)

Label (key label displayed on the touch screen)

Value (the group pickup code)
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Note

Usage: Tap the group pickup key on your phone when a phone number in the group receives

an incoming call. The call is answered on your phone.
DTMF

You can use this key feature to send the specification of arbitrary key sequences via DTMF.
Dependencies: Type (Key Event)

Key Type (DTMF)

Label (key label displayed on the touch screen)

Value (DTMF sequence)

DTMF sequence can only contain “0-9", “*", “#" and "A-D".

Usage: Tap the DTMF key during an active call to send the key sequence specified in the Value
field.

Prefix

You can use this key feature to add a specified prefix number before the dialing number.
Dependencies: Type (Key Event)

Key Type (Prefix)

Label (key label displayed on the touch screen)

Value (the prefix number)

Usage: Tap the prefix key when the phone is idle, the phone will then enter the dialing screen
and display the prefix number that you specified in the Value field. You can enter the

remaining digits and then dial out.
Local Group
You can use this key feature to quickly access a contact group in the local directory. For more
information, refer to Local Directory on page 89.
Dependencies: Type (Key Event)
Key Type (Local Group)
Local Group (the contact group name you want to access)
Label (key label displayed on the touch screen)

Usage: Tap the local group key to access the contact group specified in the Local Group field.
XML Group

You can use this key feature to quickly access a remote group in your remote phone book. You
should configure a remote phone book in advance. For more information, refer to Remote

Phone Book on page 107.
Dependencies: Type (Key Event)
Key Type (XML Group)
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XML Group (the remote group name you want to access if the remote phone

book is configured)
Label (key label displayed on the touch screen)
Usage: Tap the XML group key to access the remote group specified in the XML Group field.

XML Browser

You can use this key feature to quickly access an XML browser. The XML browser allows you to
create custom services which meet your functional requirements on the server. You can

customize practical applications, such as weather report, stock information, Google search, etc.
Dependencies: Type (Key Event)

Key Type (XML Browser)

Label (key label displayed on the touch screen)

Value (the access URL for XML browser)

Usage: Tap the XML browser key to access the XML browser specified in the Value field.
LDAP

You can use this key feature to quickly access a LDAP search screen.
Dependencies: Type (Key Event)
Key Type (LDAP)

Label (key label displayed on the touch screen)
Usage:

1. Tap the LDAP key to access the LDAP search screen.

2. Enter a few continuous characters of the contact name or continuous numbers of the

contact number.
The contacts whose name or phone number matches the characters entered will appear on the
touch screen.
SMS
You can use this key feature to quickly access text message. For more information, refer to Short
Message Service (SMS) on page 277.
Dependencies: Type (Key Event)
Key Type (SMS)
Label (key label displayed on the touch screen)

Usage: Tap the DSS key when the phone is idle to access text message.
Conference

You can use this key feature to set up a conference call. For more information, refer to
Conference on page 212.

Dependencies: Type (Key Event)

Key Type (Conference)
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Note

Note

Label (key label displayed on the touch screen)
Value (the number added to the conference)

Usage: Tap the conference key during an active call to set up a conference with the number

specified in the Value field.

If the Value field is left blank, the conference key performs the same function as Conference soft
key during a call.

Forward
You can use this key feature to forward an incoming call to someone else. For more information,
refer to Call Forward on page 198.
Dependencies: Type (Key Event)
Key Type (FWD)
Label (key label displayed on the touch screen)
Value (the number you want to forward to)

Usage: Tap the forward key to forward an incoming call to the number specified in the Value
field.

If the Value field is left blank, the forward key performs the same function as the FWD soft key
when receiving an incoming call.

Transfer

When there is an active call on the phone, you can use this key feature to handle the call

differently depending on the transfer mode assigned to the DSS key.
Dependencies: Type (Key Event)
Key Type (Transfer)
Label (key label displayed on the touch screen)
Value (the number you want to transfer to)
Usage:
e When the transfer mode via dsskey is Blind Transfer, tap the transfer key to complete the
blind transfer to the number specified in the Value field.

e  When the transfer mode via dsskey is Attended Transfer, tap the transfer key to dial out
the number specified in the Value field, and then perform the attended or semi-attended

transfer.
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Note
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e When the transfer mode via dsskey is New Call, tap the transfer key to place a new call to

the number specified in the Value field.

Transfer mode via dsskey is configurable via web user interface at the path
Features->Transfer->Transfer Mode via Dsskey.

If the Value field is left blank, the transfer key performs the same function as the TRANSFER key
or the Transfer soft key during a call. For more information, refer to Call Transfer on page 208.

Hold

You can use this key feature to place an active call on hold or retrieve a held call.
Dependencies: Type (Key Event)
Key Type (Hold)
Label (key label displayed on the touch screen)
Usage:
1. Tap the hold key during an active call to place the call on hold.

2. Tap the hold key again to retrieve the held call.
DND

You can use this key feature to enable or disable DND. You can also use this key feature to
access the custom DND screen. For more information, refer to Do Not Disturb (DND) on page
193.

Dependencies: Type (Key Event)
Key Type (DND)
Label (key label displayed on the touch screen)
Usage:
When DND is in phone mode:
1. Tap the DND key to enable DND.
2. Tap the DND key again to disable DND.
When DND is in custom mode:

1. Tap the DND key to access the custom DND screen. You can enable or disable DND for one

or all accounts.
Group Listening

You can use this key feature to activate the Speakerphone and Handset/Headset mode at the
same time. It is suitable for group conversations which have more than one person at one side.
You are able to speak and listen through the handset/headset, while the others nearby can only

listen through the speaker.
Dependencies: Type (Key Event)
Key Type (Group Listening)
Label (key label displayed on the touch screen)
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Usage:
1. During a call, tap the group listening key to activate the group listening mode.

2.  You can then speak and listen through the handset/headset, while other people at your

side can only listen through the speaker at the same time.

3. Tap the group listening key again to deactivate the group listening mode.
Zero Touch

You can use this key feature to quickly configure auto provision and network parameters.
Dependencies: Type (Key Event)
Key Type (Zero Touch)
Label (key label displayed on the touch screen)
Usage:
1. Tap the zero touch key to access the zero touch screen.
2. Tap the OK soft key within a few seconds.
3. Configure the network parameters in the corresponding fields.
4. Tap the Next soft key.
5. Configure the auto provision parameters in the corresponding fields.
6. Tap the Next soft key.
The phone will reboot to update configurations.
URL
You can use this key feature to trigger the phone to send an HTTP GET request containing a
specific URL.
Dependencies: Type (URL)
Label (key label displayed on the touch screen)
URL (the URL contained in the HTTP GET request)
Usage: Tap the URL key to trigger the phone to send an HTTP GET request containing the URL
specified in the URL field.
Phone Lock
You can use this key feature to immediately lock your phone instead of long pressing @ . For
more information, refer to Phone Lock on page 81.
Dependencies: Type (Key Event)
Key Type (Phone Lock)
Label (key label displayed on the touch screen)
Usage: Tap the phone lock key to immediately lock your phone instead of long pressing .

Directory

You can use this key feature to easily access frequently used lists. For more information, refer to

Local Directory on page 89.
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Dependencies: Type (Key Event)
Key Type (Directory)
Label (key label displayed on the touch screen)

Usage: Tap the directory key to immediately access frequently used lists.

Note The directory key performs the same function as the Directory key when the phone is idle.

Mobile Account

You can use this key feature to accept incoming mobile calls, place active mobile calls on hold
on your IP phone. For more information, refer to Bluetooth-Enabled Mobile Phone on page 129.
Dependencies: Type (Mobile Account)

Label (key label displayed on the touch screen)
Usage: When the IP phone receives an incoming mobile call,
1. Tap the mobile account key to accept the incoming call.

2. Tap the mobile account key to place a new call and the active call is placed on hold.

Programable Key
You can customize the soft keys and function keys.
To customize programable key via web user interface:

1. Click on DSSKey->Programable Key.

2. Customize specific features for these keys.
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[l
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[=]
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[+l
[
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TrRn Forwarg J
envranment 3¢ 3 oulck accese
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3. (Optional.) Enter the string that will appear on the touch screen in the Label field.
Label is configurable only when customizing SoftKey (1-4).

4. Click Confirm to accept the change.

You can click Reset to default to reset custom settings to defaults.

Then you can press the keys on the phone to perform the features you configured.
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For example:

Switch Account Up

You can press Switch Account Up key to change the default account.
Dependencies: Type (Switch Account Up)

Usage: Press the Switch Account Up key to scroll up the account list to select the desired

default account.

Switch Account Down

You can press Switch Account Down key to change the default account.

Dependencies: Type (Switch Account Down)

Usage: Press the Switch Account Down key to scroll down the account list to select the desired

default account.

Note You can only configure the SoftKey (1-4) as the prefix key.

Programable keys are configurable via web user interface only.

Account Management

You can register one or multiple accounts on the SIP VP-T49G IP phone. You can also configure
each line key to associate with an account or configure multiple line keys to associate with an

account.
Account Registration

To register an account via phone user interface:

1. Tap o ->Advanced (default password: admin) ->Account.
2. Tap the desired account.

3. Tap the Activation field.
4.

Tap Enabled in the pop-up dialog box.
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5.  Enter the desired value in the Label, Display Name, Register Name, User Name,
Password and SIP Serverl/2 field respectively. Contact your system administrator for

more information.

1000 Account 1

@ Account 1. Activation: Enabled

@& VC Account 2. Label: 1000

2 Network 3. Display Name: 1000

3 Phone Lock 4. Register Name: 1000

£ Set Password 5. User Name: 1000

@ Set AES Key 6. Password: ecee

2 Auto Provision 7. SIP Server1: | 10.2.1.48 |

o & #

6. If you use the outbound proxy servers, do the following:
1) Tap the Outbound Status field.
2) Tap Enabled in the pop-up dialog box.

3) Enter the desired value in the Outbound Proxy1/2 field respectively. Contact your

system administrator for more information.
7. Tap the Save soft key to accept the change or to cancel.

You can repeat steps 2 to 7 to register more accounts.
The following figures demonstrate single or multiple accounts registered on the phone:

Single account:

16 40

Thu, Aug 18

% DSS Key

148



Customizing Your Phone

Multiple accounts:

16:46

Thu, Aug 18

> % DSS Key

To disable an account via phone user interface:

Tap m ->Advanced (default password: admin) ->Account.

Tap the desired account.

1

2

3. Tap the Activation field.

4. Tap Disabled in the pop-up dialog box.
5

Tap the Save soft key to accept the change or to cancel.

Account registration is configurable via web user interface at the path Account->Register.

Default Account
To configure the default account via phone user interface:

1. Tap m ->Features->Default Account.
2. Tap the Default Account field.

3. Tap the desired account in the pop-up dialog box.

Default Account

® 1000@10.2.1.48

2002@10.2.1.48
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4. Tap the Save soft key to accept the change or to cancel.

The label of the default account is displayed on the left of the status bar. The IP phone will use

this account by default when dialing out.

You can also tap the label of the default account, and then tap the desired account to be the

new default account.

Multiple Line Keys per Account

150

You can configure multiple line keys to associate with an account. This enhances call

visualization and simplifies call handling.

Log Out
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If this is the case, the touch screen will resemble the following figure:

o 1000

7202

Thu, Aug 18

LT
« % DSS Key

Incoming calls to this account will be distributed evenly among the available line keys. Outgoing

calls will be distributed similarly.

Your phone can be configured to have a combination of accounts with a single line key and

accounts with multiple line keys.

Dial Plan

Dial plan is a string of characters that governs the way your SIP VP-T49G IP phone processes the
inputs received from your phone keypad. The SIP VP-T49G IP phone supports the following dial

plan features:

e Replace Rule
e Dial-now
e Area Code

e Block Out
Basic expression syntaxes you need to know:

The dot "." can be used as a placeholder or multiple placeholders for any
character. Example:
"12." would match "123", "1234", "12345", "12abc", etc.

An "x" can be used as a placeholder for any character. Example:

X "12x" would match "121", "122", "123", "12a", etc.

Numeric ranges are allowed within the brackets: Digit “-" Digit. Example:
) “[5-71" would match the number”5”, “6"or “7".

The square brackets "[]" can be used as a placeholder for a single character
0 which matches any of a set of characters. Example:

"91[5-7]1234" would match "9151234", "9161234", "9171234".
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The parentheses "()" can be used to group together patterns, for instance, to
0 logically combine two or more patterns. Example:

"([1-91)([2-7])3" would match "923", "153", "773", etc.

The “$" should be followed by the sequence number of a parenthesis. The “$"

plus the sequence number means the whole character or characters placed in

the parenthesis. The number directs to the right parenthesis when there are

more than one. 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" means 3 digits in the first parenthesis, that

is, “235". “$2" means 2 digits in the second parenthesis, that is, “99".

Note Dial plan is configurable via web user interface only.

Replace Rule

You can configure one or more replace rules (up to 100) to remove the specified string and
replace it with another string. You can configure a pattern with wildcards (refer to the expression
syntax in the table above), so that any string that matches the pattern will be replaced. This
feature is convenient for you to dial out a long number. For example, a replace rule is configured
as "Prefix: 1" and "Replace: 1234", when you try to dial out the number “1234", you just need to

enter "1" on the phone and then tap Send.
To add a replace rule via web user interface:

Click on Settings->Dial Plan->Replace Rule.

Enter the string (e.g., 1) in the Prefix field.

1.
2
3. Enter the string (e.g., 1234) in the Replace field.
4

Enter the desired line ID in the Account field or leave it blank.

Log Out
.
Yealink | e : S S o — S :
| Smms || Account || Metwork || || Features |EEEGLIER | Directo | Security |
| |l | |iike | vy || ty ||
k@lar_e Rule
Preference
Tridax Prefy Reolce Account Digit 0-9 =
Fime & Date Tdentiies a specific dig {do
L not use £ Fitis defined as
- o kevl.
Call Dasplay 3 cand keyl
G [digit-digit]
upgrade 35 ldentfies any digic deled that &
5 Incuded in the range.
Auto Provision [digit-digit, digit]
E Specfies a renge 253 comma
5 separated kst
Confiquration B i
£ Nsczh i
> atches any single
Diad Plan 8 digit/charactar which & dialed.
Vaoice g .
Matches zn arotrary number of
- digits,
Ring 2
Tones [E] *¥ou can click hare to get
prefit 1 Rephce (1234 account | Moz gibiese
Soltkey Layoul = B
| Add | Edik | Del

5. Click Add to add the replace rule.
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When you enter the number “1" using the keypad or the onscreen keyboard and then tap
Send, the phone will dial out “1234" instead.

Note The valid values for the Account field can be one or more digits among 1-16. Every two digits
must be separated by a comma. For example, when you enter the value “1, 2" in the Account
field, this replace rule will apply to accountl and account2.

If you leave the Account field blank or enter 0, the replace rule will apply to all accounts.
To edit a replace rule via web user interface:
1. Click on Settings->Dial Plan->Replace Rule.
2. Select the desired replace rule by checking the checkbox.
3.  Edit the values in the Prefix and Replace fields.
4. Enter the desired line ID in the Account field or leave it blank.
5.  Click Edit to accept the change.
To delete one or more replace rules via web user interface:
1. Click on Settings->Dial Plan->Replace Rule.
2. Select one or more replace rules by checking the checkbox(es).
3. Click Del to delete the replace rule(s).
Dial-now

You can configure one or more dial-now rules (up to 100) on your phone. When the dialed
number matches the dial-now string, the number will be dialed out automatically. For example,
a dial-now rule is configured as "2xx", any entered three-digit string beginning with 2 will then

be dialed out automatically on the phone.
To add a dial-now rule via web user interface:

1. Click on Settings->Dial Plan->Dial-now.
2. Enter the desired value (e.g., 2xx) in the Rule field.

3. Enter the desired line ID in the Account field or leave it blank.
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For more information on the valid values for the Account field, refer to Replace Rule on

page 152.

Yealink | s
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4. Click Add to add the dial-now rule.

When you enter the number “234" using the keypad or the onscreen keyboard, the phone

will dial out 234" automatically without the pressing of any key.

Note You can also edit or delete the dial-now rule. For more information, refer to Replace Rule on page
152.

Delay Time for Dial-Now Rule

You can configure the delay time for dial-now rules. That is, you can configure your phone to
automatically dial out the phone number which matches a dial-now rule, after the designated

delay time.
To configure the delay time for dial-now rule via web user interface:

1. Click on Features->General Information.
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2. Enter the time between 0 and 14 (seconds) in the Time-Out for Dial-Now Rule field.

The default value is “1".

Log Out
Yealink | s - o e : : e :
Status || Account || Metwork | | DSSKey | | Settings | | Direclory Security |
General Information E
— °
— - Cal Waiting Enabled @ o W??m
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Transfer Wehen you pick up the phans, £
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5 et bl 1
B Czl Completion DEablec &0 | 6
Feature Key Synchrangaton Dsabled v | [7]
Powees LED =
Time-Gut for Diak-Now Rule 1 [7]
Notification Popups RFC 2543 Hald Dsahled @
Use Dutbound Proxy In Diskg Enabled @
184 Rng Workaraind Enatled @
3.  Click Confirm to accept the change.
Note Delay time for dial-now rule is configurable via web user interface only.

Area Code

Area codes are also known as Numbering Plan Areas (NPAs). They usually indicate geographical
areas in a country. This feature is necessary when dialing a phone number outside the code area.
For example, an area code is configured as "Code: 0592, Min Length: 1, Max Length: 15". When

you dial out the number "56789" (the length of the number is between 1 and 15), the phone will
add the area code and dial out the number "059256789". You can only configure one area code

rule on your phone.
To configure the area code and lengths 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.
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3. Enter the desired line ID in the Account field or leave it blank.

For more information on the valid values for the Account field, refer to Replace Rule on

page 152.

.
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4. Click Confirm to accept the change.

Note The default value of minimum and maximum length is 1 and 15 respectively.

Block Out

You can block some specific numbers (up to 10) from being dialed on your phone. When you
dial a block out number on your phone, the dialing will fail and the touch screen will prompt
"Forbidden Number".

To add a block out number via web user interface:

1. Click on Settings->Dial Plan->Block Out.
2. Enter the desired value in the BlockOut Number field.

3. Enter the desired line ID in the Account field or leave it blank.

For more information on the valid values for the Account field, refer to Replace Rule on

page 152.
=]
Log Out
.
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4. Click Confirm to add the block out number.

Emergency Number

Note

Note

Public telephone networks in countries around the world have a single emergency telephone
number (emergency services number), that allows a caller to contact local emergency services
for assistance when necessary. The emergency telephone number may differ from country to
country. It is typically a three-digit number so that it can be easily remembered and dialed
quickly. Some countries have a different emergency number for each of the different emergency

services.

You can specify the emergency telephone numbers on the IP phone for contacting the
emergency services in an emergency situation. You can dial these numbers when the phone is

locked. For more information on phone lock refer to Phone Lock on page 81.

Contact your local phone service provider for available emergency numbers in your area.

To specify emergency numbers via web user interface:

1. Click on Features->Phone Lock.
2.  Enter the emergency number in the Emergency field.

For multiple emergency numbers, enter a comma between every two numbers. The default

emergency numbers are 112, 911 and 110.

Log Out
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3. Click Confirm to accept the change.

Emergency number is configurable via web user interface only.

Live Dialpad

You can enable live dialpad on the SIP VP-T49G IP phone, which enables the IP phone to

automatically dial out a phone number without the pressing of the send key. You can also
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configure a delay, where the phone will dial out the phone number automatically after the

designated period of time.
To enable the live dialpad via web user interface:

1. Click on Settings->Preference.
2. Select Enabled from the pull-down list of Live Dialpad.
3. Enter the desired delay time in the Inter Digit Time(1~14s) field.

The default delay time is 4.

— =]

Log Out
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4. Click Confirm to accept the change.

Note Live dialpad is configurable via web user interface only.

Hotline

You can dial a hotline number immediately upon lifting the handset, pressing the Speakerphone
key or tapping the line key. You can also configure a delay, where the phone will dial out the

hotline number automatically after a designated period of time.
To configure the hotline number via phone user interface:

1. Tap m ->Features->Hot Line.

2. Enter the desired number in the Number field.
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3. Enter the desired delay time in the Hotline Delay 0-10(s) field.

The default value is “4".

1000 Hotline 17:04 Thu, Aug 18

@ Intercom 1. Number: 10011
£ Anonymous 2. Hotline Delay 0-10(s): 4
¢ General

¢ Hot Line

@ Default Account

¢ Auto Redial

¢ Call Completion

4. Tap the Save soft key to accept the change or to cancel.

Hotline is configurable via web user interface at the path Features->General Information.
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Basic Phone Features

The SIP VP-T49G IP phone is designed to be easily used like a regular phone on a public
switched telephone network (PSTN). You can place calls, answer calls, transfer a call to someone

else, or conduct a conference call.
This chapter provides basic operating instructions for the SIP VP-T49G IP phone. Topics include:

e Placing Calls

e Answering Calls

e Ending Calls

e Changing Video Call Settings
e  External Monitor

e Redialing Numbers

e Recent Call In Dialing

e  Auto Answer

e  Auto Redial

e  Call Completion

e Recall

e Call Mute

e Call Hold/Resume

e Do Not Disturb (DND)

e (Call Forward

e  Call Transfer

e  Call Waiting

e Conference

e Call Park

e Call Pickup

e Anonymous Call

e Anonymous Call Rejection
e  Capturing Screenshots during a Video Call

e Viewing the Pictures Stored in Your USB Flash Drive
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Placing Calls

You can dial using the phone number/SIP URI/IP address/name (User Name for SIP account,
H.323 Name for H.323 account). The maximum SIP URI length is 32 characters. For example, SIP
URL 3606@sip.com. For more information on IP call, refer to SIP IP Call on page 336. The

following describes how to place a call using the phone number.

You can place a call in one of three ways using your SIP VP-T49G IP phone:
- Using the handset
- Using the speakerphone

- Using the headset

You can also dial the number first, and then choose the way you want to speak to the other
party.

You can also dial an entry/contact from call history, local directory or remote phone book. For
more information, refer to Contact Management on page 89 and Call History Management on

page 113.

By default, you can set up a video call with the other party that is video-enabled. The IP phone
can set up video calls with only two parties (even if more than two parties that set up a call with
you can send video). To place an audio-only call, make sure the video feature is disabled. For

more information, refer to Changing the Video Settings on page 173.

During a call, you can alternate between Speakerphone, Headset, and Handset modes by

pressing the Speakerphone key, the HEADSET key, or by picking up the handset.

The call duration of the call and far-site’s information (name or phone number) is visible on the

touch screen. In the figure below, the video call to “Habas Duo” has lasted 7 seconds.

15 57 Thu, Aug 18
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Note The phone will enter the video call full-screen within 5 seconds during a call, you may tap °
or blank area at the top or bottom of the screen to see the soft keys.
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In the figure below, the audio-only call to “Jerry” (the phone number: 1039) has lasted 6
seconds.

16:05 Thu, Nov 24

(9
« % DSS Key

To place a call using the handset:

1. Pick up the handset.

2. Enter the desired number.

o) 1000 17 06 Thu, Aug 18

U e

< = - y
S—

= |
\L‘ 1038
[ 1038 |
\[l] 10.2.20.86 4@41 | SJKL

10.2.20.86

History Directory Keypad

3. Press , or tap Send.

The # key is configured as a send key by default. You can also set the * key as the send key, or

set neither. For more information, refer to the Key as Send on page 81.

You can also tap History or Directory to search for an entry or contact after picking up the

handset, and then tap the desired entry or contact to place a call.
To place a call using the hands-free (speakerphone) mode:
Do one of the following:

- With the handset on-hook, press «j | or tap the line key to obtain a dial tone.

Enter the desired number.
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Press or tap Send.

- With the handset on-hook, enter the desired number.

Press , or tap Send.

To place a call using the headset:
Do one of the following:

- With the optional headset connected, press @\u to activate the headset mode.
—
Tap the line key to obtain a dial tone.

Enter the desired number.

Press or tap Send.

- With the optional headset connected, press @)I to activate the headset mode.
e

Enter the desired number.

Press or tap Send.

Note To permanently use the headset mode, refer to Headset Prior on page 122.

The SIP VP-T49G IP phone can handle multiple calls at a time. However, only one active call (the
call that has audio associated with it) can be in progress at any time. The SIP VP-T49G IP phone

can handle a maximum of 50 calls at one time.
To place multiple calls:

You can have more than one call on your SIP VP-T49G IP phone. To place a new call during an
active call, do one of the following:
- Tap the line key. The active call is placed on hold.

Enter the desired number.

Press or tap Send.

- Press| & | or tap the Hold soft key to place the original call on hold.
Tap the NewCall soft key.

Enter the desired number using the keypad or the dial pad.

Press or tap Send.

You can tap the desired call, and then tap the Resume soft key to retrieve it.

Note If multiple accounts are registered on the phone, you can first tap the desired line key on the idle
screen or tap the desired line from the status bar in dialing screen, and then you can use the
selected account to place a call.
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Answering Calls

Note

When you are not in another call, you can answer a call in one of three ways:

e Using the handset
e  Using the speakerphone

e Using the headset

You can reject incoming calls by tapping the Reject soft key to stop the phone from playing ring
tone. You can also activate the Do Not Disturb mode to reject the incoming calls without ringing
on your phone. For more information, refer to Do Not Disturb (DND) on page 193.

You can forward incoming calls to someone else by tapping the FWD soft key. For more
information, refer to Call Forward on page 198.

Answering When Not in Another Call

Call duration and destination will always appear on the touch screen for the active call.
To answer a call using the handset:

1. Pick up the handset.

To answer a call using the hands-free (speakerphone) mode:

Do one of the following:

- Press o

- With the handset on-hook and the headset mode deactivated, tap the Answer soft key.
- With the handset on-hook and the headset mode deactivated, tap the line key.
To answer a call using the headset:

Do one of the following:

- Press @;\u .

- With the headset mode activated, tap the Answer soft key.

- With the headset mode activated, tap the line key.
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Answering When in Another Call

If you have an active call, and an incoming call arrives on the phone. The incoming call

information is displayed on the touch screen.

15 57 Thu, Aug 18
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Do one of the following:
- Tap the Answer.

- Tap the incoming call avatar.

Tap the Answer.

Silence Reject

The incoming call is answered and the original call is placed on hold.
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Ending Calls

To end a call:

Do one of the following:

- If you are using the handset, tap the EndCall soft key or hang up the handset.
- If you are using the headset, tap the EndCall soft key.

- If you are using the speakerphone, press or tap the EndCall soft key.

Note To end a call placed on hold, you can tap the EndCall soft key to end the call directly, or tap the
Resume soft key to resume the call before ending it.

Changing Video Call Settings

When you update video settings, you can change the way for the current video call or all video

calls to display on your IP phone.

You can update the following video settings on your phone:
- Stopping Transmitting Video during a Call

- Changing the Clarity of Local-Site Video

- Changing the Video Settings

- Changing the Video Layout during Calls

- Previewing the Local-Site Video

Stopping Transmitting Video during a Call

You can stop your phone from automatically transmitting your video during a video call.

However, you cannot turn off far-site video.

There are three ways to stop transmitting video during an active video call:

° Press .

e  Swipe down from the top of the screen in the video call screen (refer to Video Call Screen

Display), and then tap Video.

° Turn off shutter switch.
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If you stop transmitting video, the icon will display on the local-site video, as shown below:

15 57 Thu, Aug 18
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Your camera will not transmit video to your contact and the far site cannot see you.

Stopping transmitting video does not create an audio-only call. Even if you stop transmitting
video, you can see the other party, and the call is still a video call. To place an audio-only call,

contact your system administrator.

Changing the Clarity of Local-Site Video

You can change the clarity of your video, including the sharpness, brightness and contrast of
your video stream before a video call. If your camera faces a bright light source, such as a bright
window, you may need to increase the camera’s sharpness, brightness and contrast levels so the

other party can have a better video call experience with you.

Scene Mode

168

SIP VP-T49G IP phone provides four scene modes - standard mode, warm color mode, cool
color mode and manual mode. You can select one of them to obtain a better video call
experience if required. If you select manual mode, you may need to know how to set parameters

of camera in advance (e.g., white balance, sharpness and brightness).
To configure scene mode via phone user interface:

1. Tap tﬁ»Basic»Camera Setting.
2. Tap the Scene Mode field.



Basic Phone Features

Tap the desired item in the pop-up dialog box.

Scene Mode

Standard Mode

Warm Color Mode

Cool Color Mode

Manual Mode

If you tap Manual Mode, you can do the following:

1) Tap the White Balance field.

2) Tap Auto or Manual Mode in the pop-up dialog box.

3) (Optional.) Enter the desired value in the Red Gain and Blue Gain field respectively.

Red Gain and Blue Gain fields appear only if White Balance field is set to Manual
Mode.

Red Gain - Sets how red your video displays. You can set a level between 0 (normal)
and 100 (most). The default level is 0.

Blue Gain - Sets how blue your video displays. You can set a level between 0 (normal)
and 100 (most). The default level is 0.

4) Enter the desired value in the Sharpness, Brightness, Contrast Setting and

Saturation field respectively.

Camera Setting 17:20 Thu, A

& Change PIN 1. Scene Mode: Manual Mode b
B Bluetooth 2. White Balance: Auto y
= Wi-Fi 3. Sharpness: 28

4. Brightness: 50
;5 Video Setting 5. Contrast Setting: 50
@ Site Name 6. Saturation: £
¥ HDMI 7. NR2D-level: Middle )

Sharpness - Sets the clarity of detail in your video. You can set a level between 0
(lowest) and 100 (highest). The default level is 50.
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Brightness - Sets how brightly your video displays. You can set a level between 0
(dimmest) and 100 (brightest). The default level is 50.

Contrast Setting - Sets the difference in brightness between the light and dark areas
of your video. You can set a level between 0 (no contrast increase) and 100 (highest).
The default level is 0.

Saturation - Sets how much color your video displays. You can set a level between 0
(lowest) and 100 (highest). The default level is 100.

5) Tap the NR2D-level field.

NR2D-level - Sets the level to reduce the image noise. You can set to Off, Low, Middle
and High. The default value is Middle.

6) Tap the desired item in the pop-up dialog box.
4. Tap the Save soft key.

The touch screen will prompt “Save succeeded! Preview the video effect?”.

Save successed! Preview the video effect ?

Cancel OK

5. Tap OK to accept the change and preview the video or Cancel to go back to the menu

screen.
Scene mode is configurable via web user interface at the path Settings->Camera.

You can also select scene mode when previewing the local-site video. For more information,

refer to Previewing the Local-Site Video on page 178.
To reset manual settings via phone user interface:

1. Tap m ->Basic->Camera Setting.
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2. Tap the Reset To Default soft key.

1000 Camera Setting

[ Display 1. Scene Mode:

< Sound 2. White Balance:
& Change PIN 3. Sharpness:

© Bluetooth 4. Brightness:

= Wi-Fi 5. Contrast Setting:
@ Camera Setting 6. Saturation:

5 Video Setting 7. NR2D-level:

| Manual Mode
Auto
28
50
50

50

Middle

The touch screen prompts “Reset to default setting?”.

Reset to default setting?

3. Tap OK to accept the change or Cancel to cancel.

Reset Manual Settings is configurable via web user interface at the path Settings->Camera.

Exposure

Exposure compensation is used to compensate the camera effectively when shooting in a

backlight environment. If the environment light is dark, increase the compensation value.

To configure exposure via web user interface:

1. Click on Setting->Camera.

2. Select the desired value from the pull-down list of Exposure Compensation, or select Off

to turn off exposure compensation.
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The value of exposure compensation ranges from 1 (lowest)-3 (highest), the default value is
Off.

Log Out

Yealink | s ;

Account Network || DSSKey || Features |
Scene Mode
Preference
e Scena Mode Standard v (7] =
e ki E Tre camera parameters for
ure @ admnstratar,
Call tasplay Exposure Compensation off ¥ 0}
TR Y 1] vou can click here to gat
Upgrade Ficker 9 e b @ more guldes.
Other Settings @

Auto Provision

Camera Ican on Status Bar Enabld . (7]
Configuration g

| consitm | | cancal |

Dial Plan
Voice
Ring
Tones
Softhey Layout
TROGE
Volce Monitoring
Sip
Camerd

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

Flicker - Adjusts the flickering of your video captured by the camera sensor. You can set to
50 Hz (flicker avoidance for Europe and Asia) or 60 Hz (flicker avoidance for North America).
The default value is 50 Hz.

Log Out

Yealink | s ,

Account Network || DSSKey

Features LU | pirectory || Security |

Scene Mode @@ NOTE

Preference
Scene Mode | sezndere M ) e

fime & Date i The mmera parameters for

Ex e e administrator,
Call Display Exposure Compensatian | o [7]

[ ou can dick here to get

Upgrade ] Flceer ki3 @ l mars guides.

Other Sottings &)
Auto Provision |

Camera Icon on Status Bar | Enabled a
Configuration
Canfim Cancel

Dial Plan
WVoice
Ring
Tones
Saftkey Layoul
TROGY
Valce Monitoring
Sip
camera

4. Click Confirm to accept the change.

Note
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Changing the Video Settings

You can change the setting of your video via phone user interface or web user interface,

including video enable, auto start video, auto answer video mute, uplink bandwidth and
downlink bandwidth.

To configure the video settings via phone user interface:

1.
2.

4.

Tap m ->Basic->Video Setting.
Tap the Video Enable, Auto Start Video, Auto Answer Video Mute, Uplink Bandwidth

or Downlink Bandwidth field respectively.

Video Enable - Enables or disables the IP phone to use camera during a call. You can set to
Enabled or Disabled. The default value is Enabled. If you set to Disabled, the IP phone can

only place/receive an audio-only call.

Auto Start Video - Enables or disables the IP phone to transmit local-site video at once for

all incoming calls. You can set to Enabled or Disabled. The default value is Enabled.

Auto Answer Video Mute - Enables or disables the IP phone not to transmit the video
when an incoming call is automatically answered. You can set to Enabled or Disabled. The

default value is Disabled.

Uplink Bandwidth - Sets the maximum uplink bandwidth of video call. You can set to Auto,
4000kb/s, 3000kb/s, 2000kb/s, 1500kb/s, 1280kb/s, 1024kb/s, 768kb/s, 640kb/s, 512kb/s,
384kb/s or 256kb/s. The default value is Auto.

Downlink Bandwidth - Sets the maximum downlink bandwidth of video call. You can set
to Auto, 4000kb/s, 3000kb/s, 2000kb/s, 1500kb/s, 1280kb/s, 1024kb/s, 768kb/s, 640kb/s,
512kb/s, 384kb/s or 256kb/s. The default value is Auto.

Tap the desired value in the pop-up dialog box.

Video Setting 16 16 Mon, Aug 29
) Sound 1. Video Enable: !Enabled 4
@ Change PIN 2. Auto Start Video: Enabled 4
© Bluetooth 3. Auto Answer Video Mute:  Disabled 4
= WiFi 4. Uplink Bandwidth: Auto 4
@ Camera Setting 5. Downlink Bandwidth: Auto 4
6. VC Account Enable: Enabled 4
& Site Name

Tap the Save soft key.
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The touch screen will prompt “Save succeeded!”.

@

Save succeeded!

Video setting is configurable via web user interface at the path Settings->Video.

Changing the Video Layout during Calls

During video calls, local-site and far-site video images are displayed on the touch screen. You

can change the video layout.
The system supports three video layouts:

e  One large, other small: One video image displays in a large size, the other video images

along the right side of the screen displays in small sizes.
e  Full screen: One video image displays in full size, the other video images are hidden.

e  Same size: All video images display in the same size.
To swap video during a video call via phone user interface:
1. Tap the local-site (small window) video during a video call.

15 57 Thu, Aug 18
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The local-site video will display in the center of the touch screen, and the far-site video will

display on the top-right of the touch screen.
The following figure shows what the touch screen looks like after you tap the local-site

video:

15 57 Thu, Aug 18
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To change the video layout to the same size mode during a video call via phone user

interface:

1. From the video call full-screen, pinch close the large window.

Talking

‘Habas Duo
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176

The following figure shows what the touch screen looks like in the same size mode:

Habas Duo

You can tap °to go to video call screen (refer to Video Call Screen Display) or tap the desired

image to go back to “one big, other small” layout.

To change the video layout to the full screen mode during a video call via phone user

interface:

1. From the video call full-screen, do one of the following:

- Tap the large window.

‘Talking
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- Pinch open the large window.

Talking

The small window is hidden.

The following figure shows what the touch screen looks like in full screen mode:

Talking

Habas Duo

You can tap . to go to video call screen (refer to Video Call Screen Display) or tap the video

area to go back to “one big, other small” layout.
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To change the video layout during a video conference call via phone user interface:

The default screen layout during a video conference call is the same size mode. The following

figure shows what the touch screen looks like during a three-way video conference call:

Conference Conference

You can tap °to go to video call screen (refer to Video Call Screen Display) or tap one of the

conference party to go back to the “one big, other small” layout.

The following figure shows what the touch screen looks like in the “one big, other small” layout

during a three-way video conference call:

Conference

Previewing the Local-Site Video

You can preview the video of yourself that you display during video calls, and configure the

scene mode at the same time.

To preview the local-site video when the phone is idle, do one of the following:

- Press [m].

178



Basic Phone Features

- Swipe down from the top of the screen to enter the control center and tap Video.
To configure the scene mode when previewing local-site video:

1. Tap Standard Mode on the bottom-left of the screen.

Standard Mode
(O warm Color Mode

| O Cool Cc

|
l (O Manual Mode

2. Tap the desired item in the pop-up dialog box.
If you select Manual Mode, the settings you have configured at the path tﬁ

->Basic->Camera Setting->Scene Mode will be applied. For more information, refer to

Scene Mode on page 168.

Standard Mode

Warm Color Mode
| Cool Color Mode
|
. Manual Mode

o

3.  Press [=] or tap Exit Video to return to the idle screen.

Note The soft keys (Standard Mode and Exit Video) are hidden after they display 5 seconds, unless
you tap the touch screen.
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External Monitor

External Monitor is useful in the following two scenarios:

e  During a video call (not receive presentations), the video image captured from the camera
(both near site and far site) will be also shown on the external monitor.

e  During a video call (receive presentations), only the contents that the presenter shows you
will be also shown on the external monitor.

You can have a clearer view of the far-site video image or shared contents on the external

monitor. To display video image or shared contents on the external monitor, you have to enable

EXT Display feature on the phone.

The following figure shows an example of phone and external monitor screens display during a

video call (not receive presentations):

If you change the video layout on the IP phone, the content displayed on the external monitor

will change as well.

The following figure shows an example of phone and external monitor screens display during a

video call (receive presentations):

[ R e AR 7 (Pl — s ]

=
J

HDMI

180



Basic Phone Features

If the phone is not in a video call, the external monitor will display a Yealink logo. Before using
the external monitor, ensure that the external monitor has been connected to your phone. For

more information, refer to Phone Installation on page 35.

Note The Extended Display Accessories ED10 is required for connecting the external monitor. You
should purchase it separately. For more information, refer to Yealink Extended Display
Accessories Quick Installation Guide for SIP VP-T49G.

The IP phone supports the following video resolutions on both IP phone and external monitor

during the video call (not receive presentations) by default:

Resolution
Scenario
Receive Send
1920 x 1080 1920 x 1080
One-way video call
(1080P@30fps) (1080P@30fps)
1280 x 720 1280 x 720
3-way video conference
(720P@30fps) (720P@30fps)

The IP phone supports the following video and shared contents resolutions on both IP phone

and external monitor during the video call (receive presentations) by default:

Resolution
. Shared Contents
Scenario Video
(Max)
Receive Send Receive
) 1280 x 720 1280 x 720 1920 x 1080
One-way video call
(720P@30fps) | (720P@30fps) (L08OP@15fps)
) 1280 x 720 1280 x 720 1920 x 1080
3-way video conference
(720P@30fps) | (720P@30fps) (L08OP@15fps)

Note The tables above list the video resolutions between SIP VP-T49G IP phone and Yealink IP phone.

You can configure the output resolution of the external monitor via web user interface.
To enable the external monitor via phone user interface, do one of the following:

{ ->Basic->HDML

-e

- Tap
Tap the EXT Display field.
Tap Enabled in the pop-up dialog box.
Tap the Save soft key.

- Swipe down from the top of the screen to enter the control center and toggle EXT Display

on.
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The EXT Display icon will display on the status bar of the touch screen.

09:14

Fri, Aug 19

L
« % DSS Key

‘uw
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Jient

Note If you connect the external monitor, but disable the EXT Display, the external monitor will not
display the content on the phone but a Yealink logo.

To configure the output resolution of external monitor via web user interface:

1. Click on Settings->Video.
2. Select the desired value from the pull-down list of Display.

If there is no external monitor connected, the pull-down list will only display No devices.

=]
Log Out

Yealink | s ’

Account | Network DSSKey Features | [ECETTS .Directory Security |

s
Preference
Video Acthe Enahled - 7] e
Tanc 8. Bate Auto Start Video Erabkd - a The video parzmeters for
administrator,
Call Display AUt Answer Video Mute Disabled - 7]
i Upirk Banduwidth Auts - 9 Bl You condick here to et
e more guides.
Downlnk Bandwicth Autn - [7]
Auto Provision
Dutput Resolution
Confgurafion | iepky AUtD = ) |
L
Vialoe
Ring
Tones
Softkey Layoul
TROGS
Vaolce Monitoring
s1p
Camera
Video
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3. Click Confirm to accept the change.

Note The output resolution of external monitor is configurable via web user interface only.

To disable the external monitor via phone user interface, do one of the following:

- Disconnect the monitor.

The touch screen prompts “Ext. Display disconnected”.

o

Ext. Display disconnected

- Tap ‘m ->Basic->HDMI.
Tap the EXT Display field.
Tap Disabled in the pop-up dialog box.
Tap the Save soft key.

- Swipe down from the top of the screen to enter the control center and toggle EXT Display
off.

Redialing Numbers

To redial the last dialed number from your phone:

1. Press . twice.

2. Acall to your last dialed number is attempted.

To redial a previously dialed number from your phone:

1.  Press . when the phone is idle.

2. Tap the desired entry from the placed calls list.
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Recent Call In Dialing

To view the placed calls list when the phone is on the dialing interface, you should enable recent

call in dialing in advance.
To enable recent call in dialing via web user interface:

1. Click on Directory->Setting.

2. Select Enabled from the pull-down list of Recent Call In Dialing.

Yealink | 4

DSSKey || Features Settings Directory Security

Search Source List In Dialing .

Dissbled Enabled Direct:
1 1 "y
Remote Phone Remote Phone Book Local Diractory - The diectory parameters for
Book LDAP History adminstrator.
Phone Call Info =S L
@ You can click here to get
LDAP . more guides.
S O

Mutlticast 1P
Setting = R

Recent Caf In Dising Enabled ~ 9

L Confirm | | Cancel

3. Click Confirm to accept the change.

Note Recent call in dialing is configurable via web user interface only.

To view placed calls list when the phone is on the dialing interface:

1. Pick up the handset, press the Speakerphone key or tap the line key.

The touch screen displays the placed calls list.

«§) 1000

10.10.20.32

10,10,20.32

et 1 P
o o
lé‘ 1008 4, 5 G

1008

Fi 7w | 8w 9
]él 10.3.12.26

10.3.12.26

g 10:3.1285 X. 0 Heoo | SLossey

10,3.12.85

<

History Directory

2. Drag up and down to scroll through placed calls.
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You can also enter a few continuous characters of the contact name or continuous numbers

of the contact number (office, mobile or other number) to search from placed calls list.

16:32 Thu, Aug 18

'@ | 1008

J 1008

(@ | 10087
;J 10087 1 2 ABC 3 DEF
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Keyboard

5% Dss Key

<

History Directory

Auto Answer

You can use auto answer to automatically answer an incoming call on a line. Auto answer is
configurable on a per-line basis.

To configure auto answer via phone user interface:

1. Tap W->Features->Auto Answer.

2. Tap the On radio box in the desired line.

4" 1000 Auto Answer 21:02 Tue, Dec 06
2 Call Forward 1. Line 1: @®on Off
& Call Waiting 2. Line 2: On ®O0ff
3. Line 3: On ®O0ff
@ DSS Keys 4, Line 4: On ®off
@ DND 5. Line 5: On ®off
@ Intercom 6. Line 6: On @off
£ Anonymous 7. Line 7: On ®off

3. Tap the Save soft key to accept the change or to cancel.
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The icon . will display on the status bar of the touch screen.

o 1000

09 24

Fri, Aug 19

2% DSS Key

You can also swipe down from the top of the screen to enter the control center, tap Auto
Answer to turn to the Auto Answer setting screen, and then enable auto answer feature for the

desired line.
Account auto answer for account is configurable via web user interface at the path

Account->Basic.

Note Auto answer for account is only applicable when there is no other call in progress on the phone.

Auto Redial

You can enable auto redial to automatically redial a phone number when the called party is busy.
You can also configure the number of auto redial attempts and the time to wait between redial

attempts.
To configure auto redial via phone user interface:

1. Tap @ ->Features->Auto Redial.
2. Tap the On radio box in the Auto Redial field.
3. Enter the desired time (in seconds) in the Redial Interval field.

The default value is "10".
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4. Enter the desired number of redial attempts in the Redial Times field.

The default value is "10".

1000 Auto Redial 09 46 Fri, Aug 19
£ Anonymous 1. Auto Redial: ®0n Off
¢ General 2. Redial Interval: 10
¢ Hot Line 3. Redial Times: 10

@ Default Account

¢ Auto Redial

¢ Call Completion

%8 Paging List

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

Auto redial is configurable via web user interface at the path Features->General Information.
To use auto redial:

When the called party is busy, the touch screen prompts the following:

09:48 Fri, Aug 19

Auto Redial?

=% DSS Key

1. Tap OK to activate auto redial.
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The touch screen prompts the following:

09:48 Fri, Aug 19

‘Redial Times; 10, Interval: 10s

=7 DSS Key

2.  Wait for the designated period of time or tap OK to redial the phone number.

The phone will retry as many times as configured until the called party is idle.

Call Completion

You can use call completion to notify the caller who failed to reach a desired party when the

party becomes available to receive a call.
To enable call completion via phone user interface:

1. Tap W—>Features—>Call Completion.
2. Tap the On radio box in the Call Completion field.

Call Completion 09 49 Fri, Aug 19
£ Anonymous 1. Call Completion: ®o0n Off
¢ General
¢ Hot Line

@ Default Account

¢ Auto Redial

%@ Paging List

3. Tap the Save soft key to accept the change or to cancel.

Call completion is configurable via web user interface at the path Features->General

Information.
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To use call completion:

When the called party is busy, the following prompt will appear on the touch screen of the

phone:

Wait for 10111?

1. Tap OK, the phone will then return to the idle screen and call completion will be activated.

When the called party becomes idle, the touch screen prompts the following:

Dialing 10111?

1. Tap OK to redial the number.

Note Call completion is not available on all servers. For more information, contact your system
administrator.

Recall

You can tap a recall key to place a call back to the last incoming call.
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To configure a recall key via phone user interface:

1. Tap w->Features->DSS Keys.
2. Tap the desired line key.
3. Tap the Type field.
4. Tap Key Event in the pop-up dialog box.
5. Tap the Key Type field.
6. Tap ReCall in the pop-up dialog box.
7. (Optional.) Enter the string that will appear on the touch screen in the Label field.
DssKey 14 09:51 Fri, Aug 19
% Call Forward 1. Type: Key Event P
& Call Waiting 2. Key Type: | ReCall J
A Auto Answer 3. Label:
© DND
8 Intercom
£ Anonymous
8. Tap the Save soft key to accept the change or to cancel.

Recall key is configurable via web user interface at the path DSSKey->Line key.

Call Mute

You can mute the microphone of the active audio device during an active call so that the other

party cannot hear you. Call mute applies to all modes (Handset, Headset and Speakerphone).
To mute a call:

N 4 . .
1. Press {@'/5: during an active call.

The touch screen indicates that the call is muted. The mute key LED illuminates solid red

when the call is muted.
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The following shows an audio-only call has been muted:

15 57 Thu, Aug 18

100211

L8
« % DSS Key

The following shows a video call has been muted:

15 57 Thu, Aug 18

£rgk

Habas Duo

L
=% DSS Key

To un-mute a call:

7o .
1. Press {@'}; again to un-mute the call.

The mute key LED goes out.

Call Hold/Resume

You can place an active call on hold. Only one active call can be in progress on the phone at any
time. Other calls can be made and received while placing the original call on hold. When you

place a call on hold, your IP PBX may play music to the other party while waiting.
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To place a call on hold:

1. Press || tap the Hold soft key during a call.

The following shows an audio-only call has been held:

100211

Lo}
%1 DSS Key

7~
'\I_I 7[

Habas Duo

=% DSS Key

The phone will beep softly every 30 seconds to remind you that you still have a call on hold.
To resume a held call:

1. Press or tap the Resume soft key.

Multiple Calls on Hold:

If multiple calls are placed on hold, do one of the following:

- Tap the desired call, and then tap the Resume soft key to retrieve it.

- Tap the desired call, and then tap the corresponding line key to retrieve it.
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Do Not Disturb (DND)

Note

Note

You can use DND to reject incoming calls automatically on the phone. The prompt message "n
New Missed Call(s)" ("n" indicates the number of missed calls) will appear on the touch screen,
and callers will receive a busy message. All calls you receive while DND is enabled are logged to

your missed calls list.

The prompt message will display only if Missed Call Log for the line is enabled. Missed call log is
configurable via web user interface at the path Account->Basic->Missed Call Log.

Do not disturb is local to the phone, and may be overridden by the server settings. For more
information, contact your system administrator.

You can enable/disable DND for the phone system, or you can customize DND for each or all

accounts. Two DND modes:

e  Phone (default): DND is effective for the phone system.
e  Custom: DND can be configured for each or all accounts.

You can receive incoming calls from authorized numbers when DND is enabled.
To configure the DND mode via web user interface:

1. Click on Features->Forward & DND.

2. Inthe DND block, mark the desired radio box in the Mode field.

Yealink | s ‘

Forward @)
Forward&DND
Forward Emargency Disabled v (2]
General Information sl Adthoied iimiians ) ;g::s“ ;f;t;:e::::: ;ocua‘t?o
Auidio Mode ® Phone cusom @ another phone number.
Target
Intercom Account Y (2} The number to which the
ncomng cals wil be forwarded.
Always Forward on ®off @
Transier On Code
The coda that wil be sent to
PBX when % s switched On.
Call Pickup : when i
. Off Code
3 The code that wil be sent te
Semote Contrl PBX when & & switched Off.
phone Lock oo @
et R @ B You can click here to get
ND Emergency isables v
ACD more guides.
DRD Authorized Numbers (7]
SMS
| Mode ® phone ' Custom @ I
Action URL Account v (7]
Bluetooth DND Status on ®off @
DHD On Code @
Power LED
DND Off Code (7]
Notification Popups
Confirm Cangel

3. Click Confirm to accept the change.

DND mode is configurable via web user interface only.
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To enable DND in phone mode:

1. Do one of the following:

- Tap “—i‘ .
- Swipe down from the top of the screen to enter the control center and toggle DND on.
The icon e on the status bar indicates that DND is enabled.

Incoming calls will be rejected automatically and "n New Missed Call(s)" ("n" indicates the

number of missed calls. e.g., 1 New Missed Call(s)) will appear on the touch screen.

1 New Missed Call(s)

Note When DND and busy forward are enabled in phone mode, all incoming calls will be forwarded to
the configured destination number. For more information on busy forward, refer to Call Forward_

on page 198.

To enable DND in custom mode for a specific account:

1. Do one of the following:

- Tapu

- Swipe down from the top of the screen to enter the control center and then tap DND.
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The touch screen displays a list of accounts registered on the phone.

2" 1000 Custom DND 10 02 Fri, Aug 19

1. 1000 Off »

2,2221 Off »

Tap the desired account.

Tap the On radio box in the Status field.

(Optional.) Enter the DND on code or off code respectively in the On Code or Off Code
field.

1000 10:01 Fri, Aug 19

1. Status: ®0n Off
2. On Code:

3. Off Code:

Tap the Save soft key to accept the change.

If you enable DND for the default account, the associated line icon will change to

‘a" (for SIP account) or "é“ (for video conference platform account), and the icon e

will appear on the status bar.
If you enable DND for the non-default account, only the associated line icon will change to

“&" (for SIP account) or "é“ (for video conference platform account), the icon Q will

not appear on the status bar.
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Incoming calls on the specific line will be rejected automatically, and the touch screen will
prompt "n New Missed Call(s)" ("n" indicates the number of missed calls. e.g., 2 New
Missed Call(s)).

2 New Missed Call(s)

Note When DND and busy forward are enabled for a specific account, incoming calls on the specific
account will be forwarded to the configured destination number. For more information on busy
forward, refer to Call Forward_on page 198.

To enable DND in custom mode for all accounts:
1. Do one of the following:

- Tapu

- Swipe down from the top of the screen to enter the control center and then tap DND.

The touch screen displays a list of accounts registered on the phone.

Custom DND 10 02 Fri, Aug 19

1. 1000 Off >

2. 2221 Off >

2. Tap the All On soft key to enable DND for all accounts.
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3. Tap to return to the idle screen.
The icon e appears on the status bar, and all line icons change to fé‘ .

Incoming calls will be rejected automatically, and the touch screen will prompt "n New

Missed Call(s)" ("n" indicates the number of the missed calls. e.g., 1 New Missed Call(s)).

1 New Missed Call(s)

To configure the DND authorized numbers via web user interface:

1. Click on Features->Forward & DND.
2. Select Enabled from the pull-down list of DND Emergency.
3. Enter the numbers in the DND Authorized Numbers field.

For multiple numbers, enter a comma between every two numbers.

Yealink | s

forward @
Forward&DND
Forvard Emargency Dsabled v (7] =
General Informatio fi ¢
AN DRI Forvard Authorzed Numbers © Tk s s ey
Audio Mode ® Phone Chisto 0 another phone number.
Target
Intercom Account Y (7} The number to whih the
ncoming cals will be forwarded.
Always Forward on ®off @
Transfer On Code
The code that wil be sent to
2 = PBX when & is swikched On,
Call Pickup 2
Off Code
. that w
Remote Control I;‘; ‘&d:f":i:;’\'r?fp?g}°
Phonre Lock ol a
You can click here to get
DND Emergency v Q
ACD more guides.
DHD Authorizad Numbers (7]
SMS Mode Phone ® Custom @
Action URL Account 1000 v (7]
1t n ® Off
Bluetooth DND Status O 0 0
DND On Code 17}
Power LED
DND.Off Code Q
Notificaion Popups
Confim Cancel

4. Click Confirm to accept the change.
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Note

When DND is enabled on the phone, the phone can still receive incoming calls from the numbers
specified in the DND Authorized Numbers field.

DND authorized number is configurable via web user interface only.

To disable DND in phone mode:
1. Tap the DND soft key when the phone is idle.
To disable DND in custom mode:

Tap the DND soft key when the phone is idle.
Tap the desired account.

Tap the Off radio box of the Status field.

> w N oH

Tap the Save soft key to accept the change.

Call Forward

Note

You can configure your phone to forward incoming calls to another party (static forwarding).

You can also forward calls while your phone is ringing (dynamic forwarding).

You can forward an incoming call to an international telephone number. This feature is enabled
by default. Incoming calls from some authorized numbers not to be forwarded when the call
forward feature is enabled. The incoming call will not be logged in the Forwarded Calls list. This

feature is disabled by default.

Call forward is local to the phone, and may be overridden by the server settings. For more
information, contact your system administrator.

If DND feature is enabled, the incoming calls will not be forwarded even if you configure no
answer forward feature.

Static Forwarding
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Three types of static forwarding:

e  Always Forward: Incoming calls are immediately forwarded.
e  Busy Forward: Incoming calls are immediately forwarded if the phone is busy.

e  No Answer Forward: Incoming calls are forwarded if not answered after a period of time.

You can enable/disable call forward for the phone system, or you can customize call forward for

each or all accounts. Two call forward modes:

e Phone (default): Call forward is effective for the phone system.

e  Custom: Call forward can be configured for each or all accounts.
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Note

To configure the call forward mode via web user interface:

1. Click on Features->Forward & DND.

2. Inthe Forward block, mark the desired radio box in the Mode field.

Yealink | v e

Forward&DND
General Information
Audio

Intercom

Transfer

Call Pickup

Remute Control
Phone Lock

ACD

SMS

Adtion URL

Forward @

Forward Emergency

Forward Authorzed Numbers

Disabled ¥

Mode

® Fhone * ' Custom eJ

Account
Always Forward

Targat

On Lods

Off Code
Busy Forward

Targat

On Cods

Off Code

No Answer Forward

On =of g

on ®or @

Dn WOF @

®e9e

Lol

-
Log Out

| Settings [ Directory || Security

NOTE :

Forward

Ths fasture aflows you to
forward an ncoming cal to
znother phone number.

Target
The number to which the
incoming calls wil be forwarded,

On Code
The code that wil be sent to
PEX when it 5 switched O,

0ff Code
The code that wil be sent to
PEX when it 5 switched D,

[E vou can click hare to ger
maore guides,

3. Click Confirm to accept the change.

Call forward mode is configurable via web user interface only.

To enable call forward in phone mode:

1. Tap H—>Features->€all Forward.

2. Tap the desired forwarding type.

3. Depending on your selection:

a) If you tap Always Forward:

1) Tap the On radio box in the Always Forward field.

2) Enter the destination number you want to forward all incoming calls to in the

Forward To field.
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3) (Optional.) Enter the always forward on code or off code respectively in the On
Code or Off Code field.

Z» 1000 Always Forward

2 Call Forward 1. Always Forward:

& Call Waiting 2. Forward To: 2003
M Auto Answer 3. On Code: *71
@ DSS Keys 4. Off Code: | *72
@ DND

B Intercom

4 Anonymous

10 05 Fri; Aug 19

b) If you tap Busy Forward:

1) Tap the On radio box in the Busy Forward field.

2) Enter the destination number you want to forward incoming calls to when the
phone is busy in the Forward To field.

3) (Optional.) Enter the busy forward on code or off code respectively in the On

T 1000

Call Forward

Code or Off Code field.

Busy Forward 10 06 Fri, Aug 19

1. Busy Forward:

& Call Waiting 2. Forward To: 2003

A Auto Answer 3. On Code: *73

@ DSS Keys 4. Off Code: *74 J
© DND

8 Intercom

£ Anonymous

c) If you tap No Answer Forward:

1) Tap the On radio box in the No Answer Forward field.

2) Enter the destination number you want to forward unanswered incoming calls to
in the Forward To field.

3) Tap the After Ring Time field.

4) Tap the desired ring time to wait before forwarding from the pull-down list.
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The default ring time is 12 seconds.
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5) (Optional.) Enter the no answer forward on code or off code respectively in the
On Code or Off Code field.

1000 No Answer Forward 10:07 Fri, Aug 19

Q Call Forward 1. No Answer Forward: ®0n Off

& Call Waiting 2. Forward To: 2003

A Auto Answer 3. After Ring Time: 12s 4
© DSS Keys 4. On Code: *75

@ DND 5. Off Code: *76

@ Intercom

£ Anonymous

4. Tap the Save soft key to accept the change or to cancel.
The icon “= on the status bar indicates that the call forward is enabled.

You can also swipe down from the top of the screen to enter the control center, tap FWD to
turn to the desired call forward setting screen according to the current forward type. If you
have not configured the call forward type, tapping FWD will turn to the Always Forward
setting screen.

To enable call forward in custom mode:
1. Do one of the following:
- Tap m ->Features->Call Forward.

- Press when the phone is idle.

- Swipe down from the top of the screen to enter the control center and then tap FWD.

2. Tap the desired account.

Custom Forward 10 07 Fri, Aug 19

¢ Call Waiting 2.2221 Off »
A Auto Answer
© DSS Keys
© DND

B Intercom

£ Anonymous

=]
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3. Tap the desired forwarding type.
4. Depending on your selection:
a) If you tap Always Forward:
1) Tap the On radio box in the Always Forward field.

2) Enter the destination number you want to forward all incoming calls to in the

Forward To field.

3) (Optional.) Enter the always forward on code or off code respectively in the On
Code or Off Code field.

Always Forward 10 08 Fri, Aug 19

Call Forward 1. Always Forward: ®0n Off
¥ Call Waiting 2. Forward To: 2003
A Auto Answer 3. On Code: *71
@ DSS Keys 4. Off Code: | *74
@ DND
@ Intercom
£ Anonymous

You can also enable always forward for all accounts. Do the following:

1) Tap the All Lines soft key.

The touch screen prompts “Copy to all lines?".

Copy to all lines?

Cancel OK

2) Tap OK to accept the change or Cancel to cancel.
b) If you select Busy Forward:

1) Tap the On radio box in the Busy Forward field.
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2)

Call Forward 1. Busy Forward:
& Call Waiting 2. Forward To: 2003
An  Auto Answer 3. On Code: *73
© DSS Keys 4. Off Code: | 74
© DND
@ Intercom
£ Anonymous

Enter the destination number you want to forward incoming calls to when the

phone is busy in the Forward To field.

(Optional.) Enter the busy forward on code or off code respectively in the On
Code or Off Code field.

Busy Forward 10:10 Fri, Aug 19

You can also enable busy forward for all accounts. Do the following:

1)

2)

Tap the All Lines soft key.

The touch screen prompts “Copy to all lines?”.

Copy to all lines?

Cance! oK

Tap OK to accept the change or Cancel to cancel.

c) If you select No Answer Forward:

1)
2)

3)
4)

Tap the On radio box in the No Answer Forward field.

Enter the destination number you want to forward unanswered incoming calls to

in the Forward To field.
Tap the After Ring Time field.

Tap the desired ring time to wait before forwarding from the pull-down list.
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The default ring time is 12 seconds.

5) (Optional.) Enter the no answer forward on code or off code respectively in the
On Code or Off Code field.

= 1000 No Answer Forward 10 11 Fri, Aug 19

@ Call Forward 1. No Answer Forward:

¥ Call Waiting 2. Forward To: 2003

A Auto Answer 3. After Ring Time: 12s p
& DSS Keys 4. On Code: *75

@ DND 5. Off Code: _ *76

B Intercom

4 Anonymous

You can also enable no answer forward for all accounts. Do the following:

1) Tap the All Lines soft key.

The touch screen prompts “Copy to all lines?”.

Copy to all lines?

2) Tap OK to accept the change or Cancel to cancel.

5. Tap the Save soft key to accept the change.
If you activate call forward for the default account, the associated line icon will change to

‘a"’ (for SIP account) or ‘E“‘ (for video conference platform account), and the icon

will appear on the status bar.
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If you activate call forward for the non-default account, only the associated line icon will
change to "a"’(for SIP account) or fé“' (for video conference platform account), the icon <3

will not appear on the status bar.

10 12

Fri, Aug 19

% DSS Key

Call forward is configurable via web user interface at the path Features->Forward & DND.

Note You can also enter the SIP URI or IP address in the Forward To field. For more information on
using the SIP URI or IP address, refer to Placing Calls on page 162.

Call forward is local to the phone, and may be overridden by the server settings. Call forward on
code or off code may be different among servers. For more information, contact your system
administrator.

To configure the forward authorized numbers via web user interface:

1. Click on Features->Forward & DND.
2. Select Enabled from the pull-down list of Forward Emergency.

3. Enter the numbers in the Forward Authorized Numbers field.

205



User Guide for SIP VP-T49G IP Phone

For multiple numbers, enter a comma between every two numbers.

Loy out

Yealink | vss

j Settings Directory 1 Security |

Forward -
Forward&DND — — — NOTE
Forward Emergency | Enabled A [7] T
General Information [ o +
Forveard Autorzet Mumbers | 2001,2005 2] e ariy
.-. nonz n
Audie Mode ® Phons Cactom e another phons number.
i Target
Intercom Account | 1000 @ The number to which the
incaming cals wil be forwarded.
Ahways Forward an = off @
Transfer On Code
Targes 7] The rode that wil ba sent to
Call Pick PEX wien it is switched On.
AL On Code a
Off Code
i The code that wil be sent 1o
Reariote Conbe! Bl mie L 9 PEX when it s switched OFf.
e
Phonelotk Busy Forward on ®off @ 5
- You can dick here o get
ACD S 9 mare guides.
On Code ﬂ
5MS Off Cade | [7]
AcTion Rl No Answer Forward on ®off g
After ANg TMe(0~120s |12 v|
Bluetouth 2 2 U e
Target ﬂ
Power LED
on Code 7]
Notification Popups Off Cade a
DD @)
DD Erergency | Diszbled - @
DD Aythorzed Humbers

4. Click Confirm to accept the change.

When call forward is enabled on the phone, the phone cannot forward incoming calls from the

numbers specified in the Forward Authorized Numbers field.

Note Forward authorized number is configurable via web user interface only.

To disable call forward in phone mode:
Do one of the following:

- Tap w ->Features->Call Forward.
Tap the desired forwarding type.
Tap the Off radio box.

Tap the Save soft key to accept the change.

- Press when the phone is idle.

- Swipe down from the top of the screen to enter the control center, and then tap FWD.
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To disable call forward in custom mode for a specific account:
1. Do one of the following:

- Tap m ->Features->Call Forward.

- Press when the phone is idle.

- Swipe down from the top of the screen to enter the control center and then tap FWD.
The touch screen displays a list of accounts registered on the phone.

Tap the desired account.

Tap the desired forwarding type.

Tap the Off radio box.

w o> w N

Tap the Save soft key to accept the change.

Dynamic Forwarding

To forward an incoming call to another party:

1. When the phone is ringing, tap the FWD soft key.

2.  Enter the number you want to forward the incoming call to.

o) Forward To 16:32 Thu, Aug 18

Keyboard

. ‘ 0 5 %7 DSs Key

”

<

History Directory

3. Press |[iT or tap FWD.

The touch screen prompts a call forward message.

Note When the phone forwards a call, the forward call prompt window will pop up by default, if you
want to disable the feature, contact your system administrator for more information.

207



User Guide for SIP VP-T49G IP Phone

Call Transfer

You can transfer a call to another party in one of three ways:

e Blind Transfer: Transfer a call directly to another party without consulting.

e Semi-Attended Transfer: Transfer a call when the target phone is ringing.

e Attended Transfer: Transfer a call with prior consulting.

Blind Transfer

Before performing a blind transfer (except you use dial number method), make sure that the

transfer mode via dsskey is configured as Blind Transfer.
To perform a blind transfer:

1. Press |mJ or tap the Transfer soft key during a call.

2. Do one of the following:

- Enter the number you want to transfer the call to.

Press | ¢t |to complete the transfer.

- Enter the number you want to transfer the call to.

Tap Transfer.

o) Transfer to

& o

1012

1 2
4GHI SJKL
7PQRS 8TUV

) 3 HH

History Directory
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The phone will prompt a dialog box as the following picture shows:

Tap Transfer to complete the transfer. (The call will automatically dial out in about 5

seconds if you do not tap Transfer.)

- Tap Directory, and then tap Local Directory. Search for the contact and tap the

desired contact to complete the transfer.

- Tap Directory, and then tap Remote Phone Book. Search for the contact and tap the
desired contact to complete the transfer. (Remote phone book should be configured in

advance, refer to Remote Phone Book on page 109 for more information.)

- Tap History, and then tap the desired list. Tap the desired entry to complete the

transfer.

The call is then connected to the number to which you are transferring.

Semi-Attended Transfer

Before performing a semi-attended transfer (except you use dial number method), make sure
that the transfer mode via dsskey is configured as New Call or Attended Transfer. For more

information on how to configure it, refer to Configuring Transfer Mode via Dsskey on page 232.
To perform a semi-attended transfer:

1. Press| ¢ |or tap the Transfer soft key during a call.

2. Do one of the following:

- Enter the number you want to transfer the call to.

Press |[iI to dial out.
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3.

Enter the number you want to transfer the call to.

Tap Transfer. The phone will prompt a dialog box. Tap Send to dial out. (The call will

automatically dial out in about 5 seconds if you do not tap Send.)

Tap Directory, and then tap Local Directory. Search for the contact and tap the

desired contact to dial out.

Tap Directory, and then tap Remote Phone Book. Search for the contact and tap the
desired contact to dial out. (Remote phone book should be configured in advance,

refer to Remote Phone Book on page 109 for more information.)

Tap History, and then tap the desired list. Tap the desired entry to dial out.

Press or tap the Transfer soft key to complete the transfer when receiving ringback.

If you are using a handset, the transfer can be completed by hanging up the handset.

Attended Transfer

210

Before performing an attended transfer (except you use dial number method), make sure that

the transfer mode via dsskey is configured as New Call or Attended Transfer. For more

information on how to configure it, refer to Configuring Transfer Mode via Dsskey on page 232.

To perform an attended transfer:

1.
2.

Press | ¢ |or tap the Transfer soft key during a call.

Do one of the following:

Enter the number you want to transfer the call to.

Press |[§| to dial out.
= @

Enter the number you want to transfer the call to.

Tap Transfer. The phone will prompt a dialog box. Tap Send to dial out. (The call will

automatically dial out in about 5 seconds if you do not tap Send.)
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- Tap Directory, and then tap Local Directory. Search for the contact and tap the

desired contact to dial out.

- Tap Directory, and then tap Remote Phone Book. Search for the contact and tap the
desired contact to dial out. (Remote phone book should be configured in advance,

refer to Remote Phone Book on page 109 for more information.)

- Tap History, and then tap the desired list. Tap the desired entry to dial out.
3.  After the party answers the call, press |m or tap Transfer soft key to complete the

transfer.

If you are using a handset, the transfer can be completed by hanging up the handset.

Call Waiting

You can enable or disable call waiting on the phone. If call waiting is enabled, you can receive
another call when there is already an active call on the phone. Otherwise, another incoming call
is automatically rejected by the phone with a busy message when there is an active call on the
phone. You can also enable or disable the phone to play a warning tone when receiving another

call.

To configure call waiting via phone user interface:

1. Tap m ->Features->Call Waiting.
2. Tap the On radio box in the Call Waiting field.
3. Tap the On radio box in the Play Tone field.
4. (Optional.) Enter the call waiting on code or off code respectively in the On Code or Off
Code field.
If on code or off code is configured, the IP phone will send the corresponding code to
activate or deactivate call waiting on the server. They may vary on different servers.
Call Waiting 10 36 Fri, Aug 19
2 Call Forward 1. Call Waiting: @®0n Off
2. Play Tone: ®O0n Off
A Auto Answer 3. On Code:
@ DSS Keys 4. Off Code:
@ DND
R Intercom
4 Anonymous
5. Tap the Save soft key to accept the change or to cancel.
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Call waiting is configurable via web user interface at the path Features->General Information.

Conference

You can use the SIP VP-T49G IP phone to create a conference using the phone’s local
conference and network conference. During a conference, you can manage each participant.
You can mute, hold and remove individual participants in the video call screen. For more

information on the video call screen, refer to Video Call Screen Display on page 43.

Note Network conference is not available on all servers. For more information, contact your system
administrator.

Local Conference

You can create up to three-way video conference call and five-way audio-only and video mixed
conference. The audio-only and video mixed conference supports five parties participated

(including yourself) at the same time including a maximum of three video calls.

The following figure shows what the touch screen looks like in a mixing conference call with

three video calls and two audio-only calls:

Conference 4 Conference

J Aikon

Conference y | Conference

10.10.20.11 . : ] 10.10.20.19

To set up a local conference call:

1. Place acall to the first party.
2.  When the first party answers the call, tap the Conference soft key to place a new call.
The active call is placed on hold.

—

3.  Enter the number of the second party, and then press |[;|‘ or tap Conference.
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4. When the second party answers the call, tap the Conference soft key on the second party

call screen to join all parties in the conference.

15 57 Thu, Aug 18

Conference

»
=% DSS Key

5. Repeat steps 2 to 4 until you have added all intended parties.

Note The phone will enter the video call full-screen within 5 seconds during a call, you may tap ° or
blank area at the top or bottom of the screen to see the soft keys.

To join calls in a conference:

1. Make sure you have an active call and one or more calls are on hold (either on the same
line key or a different line key).

2. Tap the desired call for conference and ensure that the call is active.

3. Tap the Conference soft key.

Conference with 16:32 Thu, Aug 18

‘&! Hgl(li Aikon ’

4 GHI 5 JKL

7PQR5 8Tw ‘

l | Keyboard

(¥ ]
%% DSS Key

<

History Directory
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4. Tap the Hold call to join the calls in the conference.

15 57 Thu, Aug 18

Conference

5. Repeat steps 3, 4 to join more calls in the conference.

During the conference call, you can do the following:

Press ke || or tap the Hold soft key to place the conference call on hold.
e  Tap the Conference soft key to place a new call.
e Tap the Split soft key to split the conference call into individual calls on hold.

o ..
° Press {(’,‘;:,: to mute the conference call, all other participants can hear each other, but they

cannot hear you.
e  Tap the EndCall soft key to drop the conference call.

e  Long tap the desired party (if the far site only supports audio-only call, you can just tap it),

the phone will prompt a dialog box as the following picture shows:

Conference

Habas Duo

= DSS Key

You can do the following:

- Tap Far Mute to mute the party. The muted party can hear everyone, but no one can
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hear the muted party.
- Tap Remove to remove the party.

- Tap Cancel or to close the dialog box.

Network Conference

Note

You can use network conference feature on the SIP VP-T49G IP phone to conduct an

audio-only/video/audio-only and video mixed conference with multiple participants.

This feature allows you to perform the following:

e Join calls together in a conference call.
e  Invite other party into an active conference call.

To use this feature, contact your system administrator for the network conference URI in

advance.

Network conference is not available on all servers. Contact your system administrator for more
information.

To configure network conference via web user interface:

. Click on Account->Advanced.

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

Select Network Conference from the pull-down list of Conference Type.

1
2
3.
4

. Enter the conference URI (e.g., conference@example.com) in the Conference URI field.

Yealink |16

2 NOTE

Register

Keap Alve Type Defalt v (7] ; i

Keep Alve IntervakSeconds) 30 @ Ig;:g:’e:,ed parametes for
Codec RPort Disabled v (7]

= [ You can dlick here to get

Acdasced Subscrbe Penod(Seconds) 1800 7] more guides.

DTMF Type RFCZ833 v (7]

SIP Registration Retry Times(0~1800s) | 30 Q
Conference Type Network Conference v 0
Conference URT conferance@example.com Q
ACD Subscrbe Period(120~3600s) 3600 Q
Unregister When Reboot Disabled v (7]
Qut Dalog BLF Disabled v (7]
VQ RTCP-XR Collector name (7]
VQ RTCP-XR Collector address Q
VQ RTCP-XR Collector port 5060 (7]
Confirm Cancel
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Note

5.

Click Confirm to accept the change.

Network conference is configurable via web user interface only.

To set up a network conference call:

N

8.

Place a call to the first party.

Tap the Conference soft key to place a new call.

The active call is placed on hold.

Enter the number of the second party and press ”#=“I or tap Conference.

When the second party answers the call, tap the Conference soft key to add the second
party to the conference.

Tap the Conference soft key to place a new call.

The conference call is placed on hold.

Enter the number of the new party and then press |[i[ or tap Conference.

When the new party answers the call, tap the Conference soft key to add the new party to

the conference.

Repeat steps 5 to 7 until you have added all intended parties.

The procedures to set up a network conference call on specific servers may be different from

introduced above. Contact your system administrator for more information.

Call Park

Note

216

You can use call park to place a call on hold, and then retrieve the call from another phone in

the system (for example, a phone in another office or conference room). You can park an active

call by tapping the call park key on the phone. If the call is parked successfully, the response is

either a voice prompt confirming that the call was parked, or a visible prompt on the touch

screen.

Call park is not available on all servers. Contact your system administrator for more information.

To configure a call park key via phone user interface:

N o »un » W N =

Tap |- ->Features->DSS Keys.
)
Tap the desired line key.
Tap the Type field.
Tap Key Event in the pop-up dialog box.
Tap the Key Type field.
Tap Call Park in the pop-up dialog box.
Tap the Account ID field.
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Note

8. Tap the desired line in the pop-up dialog box.
9. (Optional.) Enter the string that will appear on the touch screen in the Label field.

10. Enter the call park code in the Value field.

DssKey 5 10:44 Fri, Aug 19
2 Call Forward 1. Type: Key Event o
¢ Call Waiting 2. Key Type: Call Park ]
A Auto Answer 3. Account ID: Line 1 y
@ DND 5. Value: *04
§ Intercom
£ Anonymous

11. Tap the Save soft key to accept the change or to cancel.
Call park key is configurable via web user interface at the path DSSKey->Line Key.
To use call park:

1. User on phone A places a call to phone B.

2. User on phone A wants to take the call in a conference room for privacy, and so taps the

call park key on phone A.

3.  User on phone A walks to an available conference room where the phone is designated as

phone C. The user dials the call park retrieve code to retrieve the parked call.

The system establishes the call between phone C and B.

The call park code and call park retrieve code are predefined on the system server. Contact your
system administrator for more information.

If the parked call is not retrieved within a period of time assigned by the system, the phone
performing call park will receive a call back.

Call Pickup

You can use call pickup to answer someone else’s incoming call on your phone. The SIP
VP-T49G IP phone supports directed call pickup and group call pickup. Directed call pickup is
used for picking up a call that is ringing at a target phone number. Group call pickup is used for
picking up a call that is ringing at any phone number in a certain group. The pickup group

should be predefined, contact your system administrator for more information.

You can pick up an incoming call by tapping DPickup/GPickup on the dialing screen. To use

call pickup, you need to configure the call pickup code beforehand on a global or per-line basis
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via web user interface. The call pickup code configured on a per-line basis takes precedence

over that configured on a global basis.

Note If there are many incoming calls at the same time, tapping the GPickup on the phone will pick up
the call that rings first.

Directed Call Pickup

To enable directed call pickup and configure the directed call pickup code on a global
basis via web user interface:

1. Click on Features->Call Pickup.

2. Select Enabled from the pull-down list of Directed Call Pickup.

3.  Enter the directed call pickup code in the Directed Call Pickup Code field.

5]
Log Out

Yealink | s

Features Settings Directory Security |

Call Pickup @
Forward&DND
Diracted Call Pick: Enabled
ki Ere M Call Pickup
SCHEER OHION Dected Cal Pickup Code =97 The Gl picip parametess for
adminktrator.
Audio Group Call Pickup Disabled - Q
Inbercom Group Call Pickup Code 0 & vou Lfan dick here to get
more guides.
Visual Alert for BLF Pickup Disabled - (2]
Transfer
Audio Alert for BLF Pickup Disabled - Q
Call Pickup
Confirm | cancel |
Remote Control

4. Click Confirm to accept the change.
To configure the directed call pickup code on a per-line basis 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 directed call pickup code in the Directed Call Pickup Code field.

5]
Log Out

Yealink |46

Network || DSSKey || Features || Settings || Directory || Security

2 "
e A |
Keep Abve Type Defauk - 0 e
Bask: Keep Abve Interval(Seconds) 30 (7] The Advanced parameters for
administrator.
Codec RPort Dsabled - (7]
. <
Advanced % r?o :;;::s""k here to get
.
Music Server URI (7]
| orected cat pickup Cage 97 @
Group Cak Pickup Code (7]
Distinctive Ring Tones Enabled - (7]
MWI Subscription Period(Seconds) 3600 (2]
Subscribe MW] To Vorce Mail Osabled - Q
VQ RTCP-XR Colector address @
VQ RTCP-XR Collector port 5060 (2]
[ confrm | _ Cancel |

4. Click Confirm to accept the change.
To pick up a call directly:

1.  Pick up the handset, press the Speakerphone key or tap the line key.

DPickup appears on the onscreen keyboard.

<) 1000 16:32 Thu, Aug 18

P e

<

History Directory

2. Tap DPickup on your phone when the target phone receives an incoming call.
3.  Enter the phone number which is receiving an incoming call.
4. Tap DPickup again.

The call is answered on your phone.

You can also configure a line key as a direct pickup key via phone user interface or web user
interface. Once configured, you can pick up a call by tapping the direct pickup key directly. For

more information, refer to Line Keys on page 136.

219



User Guide for SIP VP-T49G IP Phone

Group Call Pickup

To enable group call pickup and configure the group call pickup code on a global basis via
web user interface:

1. Click on Features->Call Pickup.

2. Select Enabled from the pull-down list of Group Call Pickup.

3.  Enter the group call pickup code in the Group Call Pickup Code field.

=]
Log Out

Yealink | vssc

Account Network DSSKey Settings Directory Security
Call Pickup @ NOTE
Forward&DND
i 1} -
e " Drrected Call Pickup Enabled (7} oo
eneral Information Drectad Cal Pickup Code a7 0 The cal pickup parameters for
administrator.
Audio Group Call Pickup Enabled - (7]
Intercom Group Call Pickup Code *98 (7] & vou can dlick here to get
more guides.
Visual Alert: for BLF Pickup Disabled - o
Transfer
Audio Alert for BLF Pickup Disablad - (7]
Call Pickup =
[ Confem | [ concet |
Remote Control

4. Click Confirm to accept the change.
To configure the group call pickup code on a per-line basis via web user interface:

1. Click on Account->Advanced.
2. Select the desired account from the pull-down list of Account.

3.  Enter the group call pickup code in the Group Call Pickup Code field.

Yealink |4

Network DSSKey Features Settings Directory Security

?
Keep Abve Type Defauk -
= p Yo ul (7} R
et Keep Abve Interval(Seconds) 30 (7] The Advanced parameters for
administrator.
Codec RPort Disabled - @
. <
Advanced % m You cpn click here to get
more guides,
.
Music Server URT (7]
Directed Call Pickup Code *97 (7]
I Group Cal Pickup Code 98
Distinctive Ring Tones Enabled v
Unregister When Reboot Diabled - @
Subscribe MW] To Voice Mail Osabled - Q
VQ RTCP-XR Colector address @
VQ RTCP-XR Colector port 5060 (2]
[ confrm | _ Gancel |

4. Click Confirm to accept the change.
To pick up a call in the group:

1.  Pick up the handset, press the Speakerphone key or tap the line key.
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GPickup appears on the onscreen keyboard.

) 1000 16:32 Thu, Aug 18
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2. Tap GPickup on your phone when a phone in the group receives an incoming call.
The call is answered on your phone.

You can also configure a line key as a group pickup key via phone user interface or web user

interface. Once configured, you can pick up a call by tapping the group pickup key directly.

The directed call pickup code and group call pickup code are predefined on the system server.
Contact your system administrator for more information.

Anonymous Call

Note

You can use anonymous call to block your identity and phone number from appearing to the
called party when you call someone. For example, you want to call to consult some of the
services, but don't want to be harassed. Anonymous call is configurable on a per-line basis. You
can also configure the phone to send anonymous call on/off code to the server to

activate/deactivate anonymous call on the server side.

Anonymous call is not available on all servers. Contact your system administrator for the
anonymous call on code and off code.

To configure anonymous call via phone user interface:

Tap m ->Features->Anonymous.

Tap the desired line.

1.

2

3. Tap the On radio box in the Local Anonymous field.

4. (Optional.) Tap the On Code or Off Code radio box in the Send Anony Code field.
5

(Optional.) Enter the anonymous call on code and off code respectively in the On Code
and Off Code field beneath the Send Anony Code field.
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The phone will send the configured on code or off code depending on your selection when

you enable or disable anonymous call feature on the phone.

13 41 Fri, Aug 05

© DSS Keys 1. Local Anonymous: ®0n Off

@ DND 2. Anonymous Rejection: On ®off

8 Intercom 3. Send Anony Code: On Code @ Off Code
¢ General 5. Off Code: *66

¢ Hot Line 6. Send Rejection Code: On Code @ Off Code
@ Default Account 7. On Code:

6. Tap the Save soft key to accept the change or to cancel.
Anonymous call is configurable via web user interface at the path Account->Basic.

To place an anonymous call:

1. Using the specific line on the phone to place a call to phone B.

The touch screen of phone B prompts an incoming call from anonymous.

16:32 Thu, Aug 18

CC(hA)))

Anonymous
anonymous

(¥
=% DSS Key

Anonymous Call Rejection

You can use anonymous call rejection to reject incoming calls from anonymous callers.
Anonymous call rejection automatically rejects incoming calls from callers who deliberately
block their identities and numbers from being displayed. Anonymous call rejection is
configurable on a per-line basis. You can also configure the phone to send anonymous call

rejection on/off code to the server to activate/deactivate anonymous call rejection on the server
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side.

To configure anonymous call rejection via phone user interface:

Tap the desired line.

i > w NP

Tap m ->Features->Anonymous.

Tap the On radio box in the Anonymous Rejection field.

(Optional.) Tap the On Code or Off Code radio box in the Send Rejection Code field.

(Optional.) Enter the anonymous call rejection on code and off code respectively in the On

Code and Off Code field beneath the Send Rejection Code field.

The phone will send the configured on code or off code depending on your selection when

you enable or disable anonymous call rejection feature on the phone.

11 06 Fri, Aug 19

& DSS Keys
@ DND
B8 Intercom

¢ General

¢ Hot Line

@ Default Account

2. Anonymous Rejection: ®0n

3. Send Anony Code: On Code
4. On Code:

5. Off Code:

6. Send Rejection Code: On Code
7. On Code: *65

8. Off Code: v *66

Off

@®Off Code

®O0ff Code

6. Tap the Save soft key to accept the change or

to cancel.

Anonymous call rejection is configurable via web user interface at the path Account->Basic.

If phone B has anonymous call feature enabled and places a call to your phone, the call will be

rejected, and the touch screen of the phone B will display the following:

Anonymity Disallowed

100211

16:32 Thu, Aug 18

LT
=1 DSS Key
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Capturing Screenshots during a Video Call

Note

224

You can capture the screenshots during a video call via phone user interface. Before capturing
the screenshot, ensure that the USB flash drive has been connected to your phone. The USB

flash drive can store the screenshots.

The screenshots are saved in *.jpg format and include a date & time stamp and the other party's
number/IP address/name (or the first person’s number/IP address/name you called), for
example, 20150731-1630-Mishoel.jpg was created on July 31, 2015, at 16:30 and you have a call
with Mishoel.

If the call is audio-only, you cannot capture the screenshot.

To capture screenshots during a video call via phone user interface, do one of the

following:

- Tap the More soft key.

15 57 Thu, Aug 18
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Tap the Screenshot soft key if you want to capture the picture.

15 57 Thu, Aug 18

Habas Duo

L)
= % DSS Key

- Press .

The status bar prompts “Screenshot has been saved to the USB device successfully.”.

Screenshot has been save e succe Hy. 15 57 Thu, Aug 18

il

Y1000

Habas Duo

=% DSS Key

You can view the screenshots that stored in the USB flash drive. For more information, refer

to Viewing the Pictures Stored in Your USB Flash Drive on page 226.

Note If you want to remove the USB flash drive, please wait until the status bar prompts “Screenshot
has been saved to the USB device successfully.”.

When you connect a USB flash drive to your phone, you have to tap More->EndCall to end a
call.

To delete screenshots via phone user interface:

1. Tap m ->USB->Browse Photo.
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2. Do one of the following:
- Tap ﬁ after the screenshot you want to delete.

- Tap the desired screenshot to preview, and then tap Delete.

The phone prompts “Delete this photo?”

Delete this photo?

3. Tap OK to accept the change or Cancel to cancel.

Viewing the Pictures Stored in Your USB Flash Drive

You can view the pictures that are stored in your USB flash drive at any time. You can display
your pictures as lists, or display just one picture. Before displaying the pictures, ensure that the
USB flash drive has been connected to your phone. For more information, refer to Phone

Installation on page 35.
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To view pictures stored in the USB flash drive via phone user interface:

1. Tap m ->USB->Browse Photo.

Your pictures will display as lists.

Browse Photo

4) Browse Audio m 20150812-0947-1000.jpg o
18.1KB m
¢ Browse Video 20150805-1611-Susan.jpg &
== 0.3KB
Browse Photo
8.png &
1.7MB
© Storage Space
9.png -
1.9MB m
B 4.png o~
1,5MB o
= 2.pNQ
1.5MB (1]

o

2. Tap the desired photo to view.

You can do one of the following:

- Tap Set WallPaper to set the picture as the wallpaper for your phone. For more

information, refer to Setting Wallpaper on page 67.
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- Tap Delete to delete the picture.

The touch screen prompts “Delete this photo?".

Delete this photo?

Tap OK to accept the change.
- Tap Exit to stop displaying the picture.

- Swipe left or right to view the next picture or previous picture.

Note The soft keys (Set WallPaper, Delete and Exit) are hidden after they display 5 seconds, unless
you tap the touch screen.
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Advanced Phone Features

This chapter provides operating instructions for the advanced features of the SIP VP-T49G IP

phone. Topics include:

e  Busy Lamp Field (BLF)

e  BLF List

e Call and Conference Recording Using a USB Flash Drive
e Call Recording Using a Record Key

e Hot Desking

e Intercom

e  Multicast Paging

e  Music on Hold

e Shared Call Appearance (SCA)

e Messages

e Video Conferencing Features

If you require additional information or assistance with your new phone, contact your system

administrator.

Busy Lamp Field (BLF)

You can use BLF to monitor a specific line for status changes on the phone. For example, you
can configure a BLF key on the phone to monitor the status of a friend's line (busy or idle). The
BLF key icon illuminates solid red when the friend's line is in use. For more information, contact

your system administrator.

Configuring the BLF Feature on the Phone

You need to configure the IP phone to perform BLF monitoring. IP phones being monitored do

not require any configuration.

Configuring a BLF Key

To configure a BLF key via phone user interface:
1. Tap tH_> Features->DSS Keys.

2. Tap the desired line key.

3. Tap the Type field.
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4. Tap BLF in the pop-up dialog box.
5. Tap the Account ID field.
6. Tap the desired line in the pop-up dialog box.
7. (Optional.) Enter the string that will appear on the touch screen in the Label field.
8. Enter the phone number or extension you want to monitor in the Value field.
9. (Optional.) Enter the directed call pickup code in the Extension field.
If it is configured, when the monitored user receives an incoming call, the supervisor can
tap the BLF key to pick up the call directly.
DssKey 5 11 29 Fri, Aug 19
2 Call Forward 1. Type: BLF P
& Call Waiting 2. Account ID: Line 1 y
A Auto Answer 3. Label: 10111
4. Value: 10111
© DND 5. Extension: | *33
@ Intercom
£ Anonymous
10. Tap the Save soft key to accept the change or to cancel.

BLF key is configurable via web user interface at the path DSSKey->Line key.

Configuring Visual and Audio Alert for BLF pickup

You can enable audio alert feature for BLF pickup on the phone. This allows the monitoring
phone to play a warning tone when the monitored line receives an incoming call. You can also
enable visual alert feature for BLF pickup on the phone. This allows the touch screen of the

monitoring phone to display the caller ID when the monitored line receives an incoming call.
To enable visual and audio alert features via web user interface:

1. Click on Features->Call Pickup.

2. Select Enabled from the pull-down list of Visual Alert for BLF Pickup.
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Note

3. Select Enabled from the pull-down list of Audio Alert for BLF Pickup.

5]

Log Out

Yealink | 40

Account Network DSSKey Features Settings Directory Security

Call Pickup NOTE
e
Drected Call Pickus Disabled v
oral Tnformatio ) - b oA
General information Directed Gal Pickup Code (7] The cal pickup parameters for
admintrator.
Audio Group Call Pickup Disabled v o
Intercom Group Call Pickup Code @ [ You can diick here to get
more guides,
Visual Alert for BLF Pickup Enabled v (7]
Transfer
Audio Alert for BLF Pickup Enabiad - (7]
Call Pickup
1 Confrm \ Cancel !
Remote Control

4. Click Confirm to accept the change.

Visual and audio alert features are configurable via web user interface only.

When the monitored line receives an incoming call, the following occurs on your phone:

e  The phone plays a warning tone (if enabled).
e  The BLF key icon flashes red.

e  The caller ID appears on the touch screen (if enabled).

In the following figure, the touch screen shows an incoming call from 1058 on the monitored

line.

2 1000

Calls for Pickup

1, 10111 <- 1058

10111

Ringing

=% DSS Key

»
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You can do the following actions:

- Tap the DPickup soft key to pick up the call.

- Tap the Send soft key to dial out the monitored phone number.
- Tap the NewCall soft key to place a new call.

- Tap the Cancel soft key to exit the screen.

Note If your phone is locked, you cannot use the DPickup, Send, NewCall and Cancel soft keys until
unlocked. For more information refer to Phone Lock on page 81.

Configuring Transfer Mode via Dsskey

When there is an active call on the IP phone, you can handle the active call differently

depending on the configuration of the transfer mode via dsskey.
To configure the transfer mode via dsskey via web user interface:

1. Click on Features->Transfer.

2. Select the desired transfer mode from the pull-down list of Transfer Mode via Dsskey.

e If you select Blind Transfer, tap the BLF key to blind transfer the call to the monitored

user.

e Ifyou select Attended Transfer, tap the BLF key to dial out the monitored phone

number and then perform an attended or a semi-attended transfer.
e Ifyou select New Call, tap the BLF key to place a new call to the monitored user.

The original call is placed on hold.

Log Out

Yealinl | v ’ _

| Status | | Account (| Network | | DSSKey | | Settings || Directory Security |
Transfer E

Forwardsono =

Semi-attended Transfer Enabled ieesl] @ Transfer
General Tnformation . . =i trai T

Bing Transfer on Hook Enabled =| (2] ;I'uh:l_m‘;:fjrpamneters for
Audio Atbended Transfer on Hook Enabled = @

= = ) 5 1 [l You can dick here to get

T s Transfer on Conference Hang up Dsabled = @ miceé ghidas.

Trans'er Mode viz Dsskay Bind Transfer Il [7] |
Transfer

Confirm Cancel |

Call Pickup

3. Click Confirm to accept the change.

Configuring Directed Call Pickup Code

If you configure the directed call pickup code in advance, you can pick up the monitored user’s
incoming call by tapping the BLF key. You can configure the directed call pickup code when
configuring a BLF key. For more information, refer to Configuring a BLF Key on page 229. You

can also configure the directed call pickup code on a global or per-line basis via web user
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interface.

If you enable visual alert feature, you can also pick up the monitored user’s incoming call by
tapping DPickup soft key. To use DPickup soft key to pick up the call, the call pickup code can

only be configured on a global or per-line basis via web user interface.

The pickup code is used in the following order of preference: Extension (DSSKey->Line
Key)>Directed Call Pickup Code (Account->Advanced)>Directed Call Pickup Code
(Features->Call Pickup). If pickup code is not configured, tapping the BLF key/DPickup soft key
will directly call the monitored user when he/she receives an incoming call.

To configure directed call pickup feature on a global basis via web user interface:

1. Click on Features->Call Pickup.

2.  Enter the desired pickup code in the Directed Call Pickup Code field.

m
Log Out

Yealink | s T == — = = = = =
i Slalus 'i Account | Network || DSSKey | | Seuings | Directory || Security |

Call Pickup @
Forward&UND NOTE
Directad Call Pickun Dizabled v
General Tnformation : . = e caI[PIclkun
seneral Inlormation == i = = The =l pickup parameters for
Dirscsed Call Pckup Cods 8 0| et
Audio Group Cal Pickup Dzabled v Q@
s Pada E] You an click here 1o get
Tntercom Sroup G fckin U e @ more guides,
Visual Alart for BLF Pickup Enabled v 7]
Transfer
Audia Alert for BLF Bickup Enzblec v
Call Pickup . ~ :
| confrm_ | L Gencer |

Remote Control

3.  Click Confirm to accept the change.
To configure the directed call pickup code on a per-line basis 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 desired pickup code in the Directed Call Pickup Code field.

Yealink | v

Register
Basic
Codec

Advanced

Status

Account Network DSSKey Features || Settings

Kaep Alve Type Default v (7]
Keep Alve Interval(Seconds) 30 o
RPort | Disabled v Q
Subscrive Penod(Seconds) 1800 o
DTMF Type RFC2833 v (7]

.

.

.
Music Server URI (7]
Directed Cal Pickup Code ) ) ]
Group Cal Pickup Code 0
Distinctive Ring Tones Enabled v Q
Unregister When Reboot Dsabled v o
Out Diskog BLF Disabled v @
VQ RTCP-XR Collectos name (7}
VQ RTCP-XR Colector address (7]
VQ RTCP-XR Colector port 5060 (7]

Confirm

Cancel

Log Out

Directory Security

Advanced
The Advancad parameters for
admnstrator.

[& You can click here to get
more quides.

4. Click Confirm to accept the change.

Using BLF Feature on the Phone

You can use the BLF key in the following ways:

° Place a call to the monitored user.

. Transfer a call to the monitored user.

e  Pick up an incoming call of the monitored user.

Placing a Call to the Monitor User

You can tap a BLF key to dial out the monitored phone number when the monitored line is idle.

To place a call to the monitored user when the IP phone is idle:

1. Tap the BLF key.

The IP phone dials out the phone number of the monitored user.

Transferring a Call to the Monitored User

When there is already an active call on the IP phone, you can transfer the active call to the
monitored user by tapping the BLF key. The phone handles the active call differently depending

on the configuration of the transfer mode via dsskey with the BLF key (refer to Configuring

Transfer Mode via Dsskey). The transfer mode via dsskey has the following modes:

° Blind Transfer

° Attended Transfer
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e New Call

To perform a blind transfer:

When the transfer mode via dsskey is set to Blind Transfer and there is already an active call on
the IP phone, you can do the following:

1. Tap the BLF key of the monitored user which you want to transfer this call to.

Then the active call is connected to the number of the monitored user.
To perform a semi-attended transfer:

When the transfer mode via dsskey is set to Attended Transfer and there is already an active

call on the IP phone, you can do the following:

1. Tap the BLF key of the monitored user which you want to transfer this call to. The phone

will dial the number of the monitored user.

2. Tap the BLF key of the monitored user again or the Transfer soft key to complete the

transfer when receiving ringback.
To perform an attended transfer:

When the transfer mode via dsskey is set to Attended Transfer and there is already an active

call on the IP phone, you can do the following:

1. Tap the BLF key of the monitored user which you want to transfer this call to. The phone
will dial the number of the monitored user.

2. Tap the BLF key of the monitored user again or the Transfer soft key to complete the
transfer after the monitored user answers the call.

To perform a new call:

When the transfer mode via dsskey is set to New Call and there is already an active call on the IP

phone, you can do the following:

1. Tap the BLF key of the monitored user you want to call.

The phone will dial the number of the monitored user. The original call is placed on hold.

Picking up an Incoming Call of the Monitored User

When the monitored user receives an incoming call, the BLF key icon of the monitored user will
become j‘- and flashing. You can use the BLF key to pick up an incoming call of the monitored
user. If you enable visual alert feature on the phone, you can pick up the incoming call using the
DPickup soft key. Before picking up an incoming call, ensure that the directed call pickup code

has been configured in advance.
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Note

To pick up an incoming call using the BLF key or the DPickup soft key:

1. Tap the BLF key or the DPickup soft key.

The incoming call of the monitored user is answered on the IP phone.

If the directed call pickup code is not configured, the phone will place a call to the monitored
user instead of picking up an incoming call of the monitored user when you tap the BLF key or
the DPickup soft key.

BLF List
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You can use the BLF List feature to monitor a list of users defined by your system administrator.
For example, your system administrator enables BLF List, and creates a BLF List URI (e.g.,
BLFList@example.com) including a list of userl, user2 on the server. The BLF List keys on the IP
phone can present the status of userl and user2. The key icons illuminate flashing or solid
depending on the status of those users. For more BLF List key icon indicator, refer to Icon
indicator (associated with BLF/BLF List) on page 23.

You can use the BLF List keys in the following ways:

e  When the monitored user is idle, tap the BLF list key to dial out the phone number.

e  When there is already an active call on the IP phone, you can transfer the active call to the
monitored user by tapping the BLF List key. The phone handles the active call differently
depending on the configuration of the transfer mode via dsskey. For more information on

the transfer mode via dsskey, refer to Configuring Transfer Mode via Dsskey on page 232.

e When the monitored user receives an incoming call, tap the BLF list key to pick up the call
directly. Before picking up an incoming call, ensure that the BLF List Pickup Code has been
configured in advance. If the code is not configured, the phone will place a call to the
monitored user instead of picking up the incoming call of the monitored user when you

tap the BLF List key.

e When there is a conversation on the monitored user, tap the BLF list key to barge in and
set up a conference call. Before barging in an active call, ensure that the BLF List Barge In
Code has been configured in advance. If the code is not configured, the phone will place a
call to the monitored user instead of barging in an active call of the monitored user when

you tap the BLF List key.

e  When a call is being parked against the monitored phone, tap the BLF List key to retrieve
the parked call from the monitored user. Before retrieving the parked call, ensure that the
BLF List Retrieve Call Parked Code has been configured in advance. If the code is not
configured, the phone will place a call to the monitored user instead of retrieving the

parked call when you tap the BLF List key.
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Note

Note

To configure BLF List settings via web user interface:

Click on Account->Advanced.
Select the desired account from the pull-down list of Account.
Enter the BLF List URI in the BLF List URI field.

1.

2

3

4. (Optional.) Enter the directed pickup code in the BLF List Pickup Code field.
5. (Optional.) Enter the barge-in code in the BLF List Barge In Code field.

6

(Optional.) Enter the call park retrieve code in the BLF List Retrieve Call Parked Code
field.

Yealink | e

S - ! : . | = |
Keep Alve Type Defauk v
o eep Alve Type @ @ s :
S L 1ced par: tars f
Keep Alive Intenval(Seconds) 30 0 :;::g;:;gf PIRATELRE LV
Codec RPOI Disabled M (7]
N ) You can click here to get
Advanced Subscribe Period(Seconds) 1800 0 more guides.
DTMF Type RFC2833 v 9
.
.
.
PTime(rrs) 20 v (7]
BLF List URI 4609@yeaink.com (7]
BLF List Pickup Code g7 9
BLF List Barge In Code *33 (7]
BLF List Retrieve Cal Parkad Code ~8g (7]
Out Dialog BLF Disabled v @
VQ RTCP-XR Colector name @
VQ RTCP-XR Colector address 0
VQ RTCP-XR Colector port 5060 7]
Confrm Cancel

7.  Click Confirm to accept the change.

For more information on BLF List URI/BLF List Pickup Code/BLF List Barge In Code/BLF List
Retrieve Call Parked Code, contact your system administrator.

According to the response message from the server, the IP phone will automatically configure
the BLF List keys beginning from the first unused DSS key. Once any DSS key is seized, the IP
phone will skip to configure the next DSS key.

You can receive a visual or/and an audio alert (if enabled) on your phone when the monitored
user receives an incoming call. For more information, refer to Configuring Visual and Audio Alert

for BLF pickup on page 230.

The pickup code is used in the following order of preference: BLF List Pickup Code
(Account->Advanced)>Directed Call Pickup Code (Account->Advanced)>Directed Call Pickup
Code (Features->Call Pickup). If all of them are not configured, tapping the BLF List key will
directly call the monitored user when he/she receives an incoming call. For more information on
pickup code, refer to Call Pickup on page 217.
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Call and Conference Recording Using a USB Flash Drive

Note

238

When you insert a USB flash drive into the USB port on your phone, you can record active calls

or conferences (audio-only or video calls) by tapping the Record soft key on your phone.

The recorded video calls are saved in *.mkv format and include a date & time stamp and the
other party’s number/IP address/name (or the first person’s number/IP address/name you
called), for example, 20150731-1630-Mishoel.mkv was created on July 31, 2015, at 16:30 and
you have a call with Mishoel. The recorded audio-only calls are saved in *.aac format. The

recorded calls are stored at the path &:&« ->USB, you can play it back on your phone.

The approximate time remaining for recording (the free space for the USB device) is shown at

the path Menu->USB->Storage Space.

If you use a record key to record a call, the recorded file will be stored in servers. For more
information, refer to Call Recording Using a Record Key on page 245.

There is a limit of the single recording file size: 2G.

Before recording any call, especially those involving PSTN, it is necessary to know about the rules
and restrictions of any governing call-recording in the place you are in. It is also very important to
have the consent of the person you are calling before recording the conversation.

The Record soft key controls the recording function, and is available (you need to tap the

More soft key to see it):

When there are one or more calls connected to your phone

During an active call

When calls are on hold or muted

e During a semi-attended or attended transfer

e During a conference call
The Record soft key is not available:

e When there are no connected calls on your phone
e When you place a new call (to transfer or to conference)

e When the phone prompts you to answer an incoming call
The recording is not be paused when the following occurs:

e You place a call on hold.

e You mute a call.

e You set up a conference call

e You perform the semi-attended or attended transfer

e Anincoming calls arrives on your phone
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Call Recording

To record a call via phone user interface:

1. Tap the More soft key and then tap the Record soft key during a call.

15 57 Thu, Aug 18

]

Habas Duo

=% DSS Key

If the recording starts successfully, the recording icon @ and recording time will appear

on the status bar of the touch screen.

15 57 Thu, Aug 18

S

Habas Duo

L%
2% DSS Key

If you tap the Hold soft key while recording, only you are recorded. If you press @while

recording, only the callee is recorded.

Note You can hold, transfer or set up a conference call while recording.

When you end a call while recording, the recording will be stopped and saved to USB flash drive

automatically.
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To stop recording while the phone records, do one of the following:

- Tap the More soft key and then tap Stop during a call.

Habas Duo

LY
»Z DSS Key

Hab3s Duo

=% DSS Key

- When there is only a call on the phone, tap the More soft key and then tap the EndCall soft
key.
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The LCD screen prompts “Call has been recorded on USB device successfully”, the recording

icon and recording duration disappear, and the phone returns to the idle screen.

@

Call has been recorded on USB device
successfully.

The recording will be stored as a new file on the USB flash drive when the phone starts recording

again.

Conference Recording

You can record conference calls in the same way as other calls with the following exceptions:

e All conference participants are recorded while recording. If one of the participants taps the
Hold soft key, only that participant is recorded. When a conference call is placed on hold,
recording of the conference is paused. You can place or answer other calls, which will be
recorded in the same file. When the conference call is resumed, recording of the

conference resumes.

e  All conference participants are recorded while recording. If one of the participants

resses | # , only that participant is not recorded.
p @ y that particip

Recorded Calls Playback

If you insert a USB flash drive into the USB port on your phone, you can play back recorded calls

on your phone.

You can also browse and delete the recorded files on the USB flash drive.

Note Playback can occur on either the phone itself or on a computer using an application capable of
playing *.mkv and *.aac files.

To browse the recorded audio-only files via phone user interface:

1. Tap m ->USB->Browse Audio.

The touch screen shows all recorded audio files in the Browse Audio list. The filename

241



User Guide for SIP VP-T49G IP Phone

consists of the recording time & date, the other party’s number/IP address/name (or the

first person’s number/IP address/name you called).
2. Drag to scroll through the recorded files if required.
3. Tap the desired audio or @ to play.

The touch screen shows the recording duration and the size of the recorded file.

51000 Browse Audio

@ 32.2KB 00:00:01/00:00:04 @

= Browse Video 20151022-1007-1002.aac

65.3KB

15 57 Thu, Aug 18

<) Browse Audio

= Browse Photo
@ 20151021-1511-10.10.20.33.aac

© Storage Space

=)

During the recording playback, you can do the following:

- Tap @ to pause the playback. Then @appears on the touch screen.
To continue the playback, tap @ .

- Drag the slider to skip forward the playback or rewind the playback.
- Press to adjust the volume of the speakerphone.
- Tap (=) to stop the playback.

To browse the recorded video files via phone user interface:

1. Tap m ->USB->Browse Video.

The touch screen shows all recorded video files in the Browse Video list. The filename
consists of the recording time & date, the other party’s number/IP address/name (or the

first person’s number/IP address/name you called).
2. Drag to scroll through the recorded files if required.

3. Tap the desired video or @ to play the video.
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The touch screen shows the recording duration of the recorded file.

20150728-1658-10.10.20.31(1).mkv

During the recording playback, you can do the following:

- Tap @ to pause the playback. Then @ appears on the touch screen.
To continue the playback, tap @

- Drag the slider to skip forward the playback or rewind the playback.
- Press to adjust the volume of the speakerphone.

- Tap @ to stop the playback. The phone returns to the Browse Video screen.
If you are playing back a recorded call and an incoming call arrives on your phone, the playback

pauses and the phone rings.

To delete a recorded file:

1. Tap E] ->USB.

2. Do one of the following:
- Tap Browse Audio.

Tap ﬁ after the audio recording you want to delete. (Drag to scroll through the

recorded audio files if required.)
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The phone prompts “Delete this audio?”.

Delete this audio?

Cancel OK

- Tap Browse Video.

Tap ﬁ after the video recording you want to delete. (Drag to scroll through the
recorded video files if required.)

The phone prompts “Delete this video?".

Delete this video?

Cancel OK

3. Tap OK to accept the change or Cancel to cancel.

Storage Space

You can check the storage space of the USB flash drive on the IP phone. And if you want to

record active call or conference using a USB flash drive, there must be enough free space
(greater than 2 minutes) on the USB flash drive.
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To check the storage space of the USB flash drive via phone user interface:

1. Tap m ->USB->Storage Space.

= 1000 Storage Space 15 56 Thu, Aug 18
) Browse Audio 1. Total Storage: 7.0GB
= Browse Video 2. Used Space: 4.9GB(69.9% Used Space)
& Browse Photo 3. Available Space: 2.1GB(30.1% Available Space)

5. Available Video Record: 4.56hr

o Sforage Space 4. Available Audio Record: 86.02hr
o

Call Recording Using a Record Key

Note

You can record calls by tapping a record key on the phone. The SIP VP-T49G IP phone supports

record and URL record.
Two ways of call recording:

e Record: The phone sends a SIP INFO message containing a specific header “Record: on/off"

to trigger a recording.

e URL Record: The phone sends an HTTP URL request to trigger a recording. Contact your

system administrator for the predefined URL.

If you record a call using a USB flash drive, the recorded file will be stored in the USB flash drive.
For more information, refer to Call and Conference Recording Using a USB Flash Drive on page
238.

Before recording any call, especially those involving PSTN, it is necessary to know about the rules
and restrictions of any governing call-recording in the place you are in. It is also very important to
have the consent of the person you are calling before recording the conversation.

Call recording is not available on all servers. Contact your system administrator for more
information.

To configure a record key via phone user interface:

Tap m ->Features->DSS Keys.
Tap the desired line key.

Tap the Type field.

d w N+

Tap Key Event in the pop-up dialog box.
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5. Tap the Key Type field.
6. Tap Record in the pop-up dialog box.

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

DssKey 5 13 35 Fri, Aug 19

Q Call Forward 1. Type: Key Event

& Call Waiting 2. Key Type: Record

Ay Auto Answer 3. Label:

@ DSS Keys

© DND

8 Intercom

4 Anonymous

8. Tap the Save soft key to accept the change or to cancel.

To configure a URL record key via phone user interface:

1. Tap m ->Features->DSS Keys.
2. Tap the desired line key.
3. Tap the Type field.
4. Tap URL Record in the pop-up dialog box.
5. (Optional.) Enter the string that will appear on the touch screen in the Label field.
6. Enter the URL (e.g., http://10.1.2.224/phonerecording.cgi) in the URL Record field.
DssKey 2 16:32 Thu, Aug 18
1. Type: URL Record 4
2. Label:
3. URL Record: \ 1.2.224/phonerecording.cgi ‘
7. Tap the Save soft key to accept the change or to cancel.

Record and URL record keys are configurable via web user interface at the path DSSKey->Line
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Key.
The Record and URL Record keys control the recording function, and are available:

e  During an active call
e  When calls are on hold or muted
e  During a blind or attended transfer

e  During a conference call
The Record and URL Record keys are not available when:

e  There are no connected calls on your phone

e  You place a new call
To record a call:

1. Tap the Record key or URL Record key during a call.

If the recording starts successfully, the recording icon will appear at the bottom right corner
of the contact avatar and the icon indicators of the Record key or URL Record key changes
tO \-).

2. Tap the Record key or URL Record key again to stop recording.

The recording icon disappears from the bottom right corner of the contact avatar and the icon

indicators of the Record key or URL Record key changes to

Recording status indications you need to know:

Circumstance Icons on the touch screen
A recording is started @ appears on the touch screen
A recording cannot be started .Ej appears for 1 second
A recording cannot be stopped uzi' appears for 1 second, then goes back
The recording box is full ﬁ' appears for 1 second
The call cannot be recorded bi- appears for 1 second

You can listen to the recordings stored on your server system. For example, you can dial an

access code to listen to the recordings.

Note The way in which you listen to the recordings may be different depending on the server. Contact
your system administrator for more information.

Hot Desking

Hot desking originates from the definition of being the temporary physical occupant of a work

station or surface by a particular employee. A primary motivation for hot desking is cost
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Note

248

reduction. This feature is regularly used in places where not all the employees are in the office at
the same time, or not in the office for very long, which means that actual personal offices would

be often vacant, consuming valuable space and resources.

You can use hot desking on the SIP VP-T49G IP phone to log out of existing accounts and then
log into a new account. As a result, many users can share the phone resource at different times.

To use this feature, you need to configure a hot desking key in advance.

Hot desking is not available on all servers. Contact your system administrator for more
information.

To configure a hot desking key via phone user interface:

1. Tap m ->Features->DSS Keys.
2. Tap the desired line key.
3. Tap the Type field.
4. Tap Key Event in the pop-up dialog box.
5. Tap the Key Type field.
6. Tap Hot Desking in the pop-up dialog box.
7. (Optional.) Enter the string that will appear on the touch screen in the Label field.
DssKey § 13 38 Fri, Aug 19
2 Call Forward 1. Type: Key Event 7
& Call Waiting 2. Key Type: Hot Desking o
A Auto Answer 3. Label:
@ DND
@ Intercom
£ Anonymous
8. Tap the Save soft key to accept the change or to cancel.

Hot desking key is configurable via web user interface at the path DSSKey->Line Key.
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To use hot desking:

1. Tap the hot desking key when the phone is idle.

The touch screen prompts the following warning:

Clear all account config?

Cancel OK

2. Tap OK.
Registration configurations of all accounts on the phone will be cleared immediately.

The login wizard will be displayed as below:

Hot Desking 13 39 Fri, Aug 19

2 No Service

1. User Name: ‘

2. Password:

Enter the login information in each field.
to cancel.

4. Tap the Save soft key to login or
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Intercom

Intercom is a useful feature in an office environment to quickly connect with the operator or the
secretary. You can tap the intercom key to automatically connect with a preconfigured target
extension for outgoing intercom calls, and the target extension will automatically answer

incoming intercom calls by default.

Note Intercom is not available on all servers. Contact your system administrator for more information.

Outgoing Intercom Calls

To configure an intercom key via phone user interface:

Tap m ->Features->DSS Keys.

Tap the desired line key.

Tap the Type field.

Tap Intercom in the pop-up dialog box.

Tap the Account ID field.

Tap the desired line in the pop-up dialog box.

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

® N o v A W N H

Enter the target extension number in the Value field.

@ No Service DssKey 5 13:40 Fri, Aug 19

2 Call Forward 1. Type: Intercom
¥ Call Waiting 2. Account ID: Line 1
A Auto Answer 3. Label:

4. Value: | 2001

@ DND 5. Extension:

B Intercom

4 Anonymous

9. Tap the Save soft key to accept the change or to cancel.

Intercom key is configurable via web user interface at the path DSSKey->Line Key.
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Incoming Intercom Calls

Note

The SIP VP-T49G IP phone supports automatically answering an incoming intercom call by
default. The phone automatically plays a warning tone when it receives an incoming intercom
call. In addition, you can enable the phone to mute the microphone when it automatically
answers an incoming intercom call. You can also enable the phone to automatically answer an
incoming intercom call while there is already an active call on the phone. The active call is then

placed on hold.

Intercom features you need to know:

Intercom Feature Description

Enable or disable the IP phone to automatically answer an
Accept Intercom ) o
incoming intercom call.

Enable or disable the IP phone’s microphone for intercom
Intercom Mute I
calls.

Enable or disable the IP phone to play a warning tone
Intercom Tone ) . ) o
when it receives an incoming intercom call.

Enable or disable the IP phone to automatically answer an

Intercom Barge incoming intercom call while there is already an active call

on the phone.

Accept Intercom

You can enable or disable the phone to automatically answer an incoming intercom call. If
Accept Intercom is enabled, the phone will automatically answer an incoming intercom call. If
Accept Intercom is disabled, the phone will reject incoming intercom calls and send a busy

message to the caller. Accept Intercom is enabled by default.

Your administrator can set a period of delay time before the phone automatically answers
intercom calls. Contact your system administrator for more information.

Intercom Mute

You can mute or un-mute the phone’s microphone for intercom calls automatically. If Intercom
Mute is enabled, the microphone will be muted for intercom calls. If Intercom Mute is disabled,

the microphone will work for intercom calls. Intercom Mute is disabled by default.
Intercom Tone

You can enable or disable the phone to play a warning tone when receiving an intercom call. If
Intercom Tone is enabled, the phone will play a warning tone before answering the intercom call.
If Intercom Tone is disabled, the phone will automatically answer the intercom call without

warning. Intercom Tone is enabled by default.
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Intercom Barge

You can enable or disable the phone to automatically answer an incoming intercom call while
there is already an active call on the phone. If Intercom Barge is enabled, the phone will
automatically answer the intercom call and place the active call on hold. If Intercom Barge is
disabled, the phone will handle an incoming intercom call like a waiting call. Intercom Barge is
disabled by default.

Note To enable the phone to receive a new incoming call when it has an active call, make sure that call
waiting feature is enabled on the phone in advance. For more information, refer to Call Waiting
on page 211.

To configure intercom features via phone user interface:

1. Tap u ->Features->Intercom.

2. Make the desired changes.

Intercom 13:41 Fri, Aug 19
% Call Forward 1. Accept Intercom: ®on Off
& Call Waiting 2. Intercom Mute: On ®oOff
A Auto Answer 3. Intercom Tone: @®0n off
@ DSS Keys 4, Intercom Barge: On ®off
© DND
£ Anonymous

3. Tap the Save soft key to accept the change or to cancel.

These specific parameters are configurable via web user interface at the path

Features->Intercom.

Using Intercom

To place an intercom call when the target phone is idle:

1. Tap the intercom key when the phone is idle.

The called destination plays a warning tone and automatically answers the call in the

hands-free (speakerphone) mode by default.

2. To end the intercom call, tap the intercom key again or the EndCall soft key.
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Multicast Paging

You can use multicast paging to quickly and easily broadcast time sensitive announcements out
to people who are listening to a specific multicast group. You can configure a multicast paging
key or a paging list key on the phone, which allows you to send a Real Time Transport Protocol
(RTP) stream to the pre-configured multicast address(es) without involving SIP signaling. You
can configure the phone to receive an RTP stream from pre-configured multicast listening
address(es) without involving SIP signaling. You can specify up to 10 multicast listening

addresses.

Sending RTP Stream

To configure a multicast paging key via phone user interface:

Tap m ->Features->DSS Keys.

Tap the desired line key.

Tap the Type field.

Tap Key Event in the pop-up dialog box.

Tap the Key Type field.

Tap Multicast Paging in the pop-up dialog box.

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

®@ N o v A W N H

Enter the multicast IP address and port number (e.g., 224.5.6.20:10008) in the Value field.
The valid multicast IP addresses range from 224.0.0.0 to 239.255.255.255.

DssKey 5 13 43 Fri, Aug 19

2 Call Forward 1. Type: Key Event

& Call Waiting 2. Key Type: Multicast Paging
A Auto Answer 3. Label:

4. Value: 224.5.6.20:10008
@ DND

B Intercom

4 Anonymous

9. Tap the Save soft key to accept the change or to cancel.
Multicast paging key is configurable via web user interface at the path DSSKey->Line Key.
To configure a paging list key via phone user interface:

1. Tap m ->Features->DSS Keys.
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2. Tap the desired line key.
3. Tap the Type field.
4. Tap Key Event in the pop-up dialog box.
5. Tap the Key Type field.
6. Tap Paging List in the pop-up dialog box.
7. (Optional.) Enter the string that will appear on the touch screen in the Label field.
DssKey 5 13:44 Fri, Aug 19
2 Call Forward 1. Type: Key Event p
¥ Call Waiting 2. Key Type: Paging List J
A Auto Answer 3. Label:
@ DND
§ Intercom
4 Anonymous
8. Tap the Save soft key to accept the change or to cancel.

Paging list key is configurable via web user interface at the path DSSKey->Line Key.
To configure paging list via phone user interface:

1. Tap the paging list key when the phone is idle.
2. Tap a desired paging group.

The default tag is Empty if it is not configured before.

1000 Paging List 17:07 Fri, Aug 05

1. (Empty)

2. (Empty)

3. (Empty)

4. (Empty)

5. (Empty)

6. (Empty)

7. (Empty)
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3. Tap the Edit soft key.

Edit Paging Address 13:45 Fri, Aug 19
1. Number: 1
2. Address: 224.5.6.20:10008
3. Label: | salel

4. Enter the multicast IP address and port number (e.g., 224.5.6.20:10008) in the Address
field.

The valid multicast IP addresses range from 224.0.0.0 to 239.255.255.255.
5.  Enter the paging group name in the Label field.
6. Tap the Save soft key to accept the change.
7. Repeat steps 2 to 6, you can add more paging groups.

Paging list is configurable via web user interface at the path Directory->Multicast IP.
To delete paging group via phone user interface:

1. Tap the paging list key when the phone is idle.
2. Tap a desired paging group.
3. Tap the Delete soft key.

Delete selected paging group?

Cancel oK

4. Tap OK to accept the change or Cancel to cancel.

If you want to delete all paging groups, you can tap the Delete All soft key.
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Note

You can also configure the phone to use a default codec for sending multicast RTP stream via

web user interface.

To configure a default codec for multicast paging via web user interface:

1. Click on Features->General Information.

2. Select the desired codec from the pull-down list of Multicast Codec.

The default codec is G722.

Yealink | 146

General Information @ NOTE
Forward&DND
Cal Waitn: Enabled
Seneral Tk ; 2 © Call Waiting
General Information Cat Wating On Code 7 This cal feature alows your
phone to accept other ncoming
Audio Call Waiting Off Code Q cals durng the conversation,
% o Key As Send
et - Select ™ or # as the send key.
.
Transfer Hotline Number
Auto Redil Tmes (1~300) 10 (7] When you pick up the phone, &
Call P wil dal out the hotine number
Call Pickup DTHF Repettion 3 (7] sutomaticaly.
Rentore Control Mutticast Codec 6722 9 |
> = @ You can dick here to get
Phone Lock Ry okt Tow s Q more guides.
Play Hold Tone Deby 30 Q
ACD
Downink Bandwidth Auto - (7]
Action URL
Confirm Cancel |

3.  Click Confirm to accept the change.

If G722 codec is used for multicast paging, the touch screen will display the icon to indicate

that it is providing high definition voice.

Default codec for multicast paging is configurable via web user interface only.

Receiving RTP Stream
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You can configure the phone to receive a Real Time Transport Protocol (RTP) stream from the
pre-configured multicast address(es) without involving SIP signaling. You can specify up to 10

multicast addresses that the phone listens to on the network.

How the phone handles incoming multicast paging calls depends on Paging Barge and Paging

Priority Active parameters configured via web user interface.
Paging Barge

The paging barge parameter defines the priority of the voice call in progress. If the priority of an
incoming multicast paging call is lower than that of the active call, it will be ignored
automatically. If Disabled is selected from the pull-down list of Paging Barge, the voice call in
progress will take precedence over all incoming multicast paging calls. Valid values in the

Paging Barge field:
e 1 to 10: Define the priority of the active call, 1 with the highest priority, 10 with the lowest.

e Disabled: The voice call in progress will take precedence over all incoming paging calls.
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Paging Priority Active

The paging priority active parameter decides how the phone handles incoming multicast paging
calls when there is already a multicast paging call on the phone. If enabled, the phone will
ignore incoming multicast paging calls with lower priorities, otherwise, the phone will answer
incoming multicast paging calls automatically and place the previous multicast paging call on

hold. If disabled, the phone will automatically ignore all incoming multicast paging calls.
To configure multicast listening addresses via web user interface:

Click on Directory->Multicast IP.
Select the desired value from the pull-down list of Paging Barge.

Select the desired value from the pull-down list of Paging Priority Active.

P w N PRF

Enter the multicast IP address(es) and port number (e.g., 224.5.6.20:10008) which the

phone listens to for incoming RTP multicast in the Listening Address field.

5. Enter the label in the Label field.

Label will appear on the touch screen when receiving the multicast RTP stream.

Yealink | s . : : , _
| || Accoumt || MNetwork | DSSKey Features | ISl | Security | ‘

. NOTE -
Local Directory _
Multicast [P
Hemote Phone The mukicst P garmeters for
Book admnstrator.
Phone Call Info e : [F You can click here ta get
Sagng mara quides,
e 2 P Andress 2
Multicast 1P 3P Apdress 3
Selting 4 I Addrecs 4
5 1P Address 5
6T Addrece &
7 IF Andress 7
8 F Acdiess B
9 TP Address 9
10 P Acdress | | 10

6. Click Confirm to accept the change.

Note The priorities of listening addresses are predefined: 1 with the highest priority, 10 with the lowest.

Multicast listening addresses are configurable via web user interface only.

Using Multicast Paging

To send RTP stream via a multicast paging key when the receiver’s phone is idle:

1. Tap the multicast paging key when the phone is idle.
The phone sends RTP to a preconfigured multicast address (IP: Port).

Both the sender’s and receiver's phones play a warning tone and the receiver automatically

answers the multicast RTP session in the hands-free (speakerphone) mode.
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The multicast paging key icon indicator will become \. and solid.

The following figure shows a multicast RTP session on the phone:

o) 15 57 Thu, Aug 18

“2* 1000

%, 224.5.6.20:...

224.5.6.20:10008

w»
=% DSS Key

2. Your can do the following:

e  Tap the Hold soft key to place the current multicast RTP session on hold.

The sender’s phone places the multicast RTP session on hold and receiver’'s phone

releases the session.
To resume the held multicast RTP session, tap the Resume soft key.

The multicast RTP session is established again.

e  Tap the EndCall soft key to cancel the multicast RTP session.

Note Multicast RTP is one way only from the sender to the multicast address(es) (receiver). For
outgoing RTP multicasts, all other existing calls on the phone will be placed on hold.

To send RTP stream via a paging key list when the receiver’'s phone is idle:

1. Tap paging list key when the phone is idle.
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2. Tap the desired paging group.

Paging List 13:47 Fri, Aug 19

1. sale

2. (Empty)

3. (Empty)

4. (Empty)

5. (Empty)

6. (Empty)

7. (Empty)

3. Tap the Paging soft key to send RTP.

4. Your can do the following:

e  Tap the Hold soft key to place the current multicast RTP session on hold.

The sender’s phone places the multicast RTP session on hold and receiver’'s phone
releases the session.
To resume the held multicast RTP session, tap the Resume soft key.

The multicast RTP session is established again.

e  Tap the EndCall soft key to cancel the multicast RTP session.

Music on Hold

Music on hold (MoH) is the business practice of playing recorded music to fill the silence that
would be heard by the party placed on hold. To use this feature, you should specify a SIP URI
pointing to a Music on Hold Server account. When a call is placed on hold, the phone will send a
SIP INVITE message to the Music on Hold Server account. The Music on Hold Server account
automatically answers the SIP INVITE messages and immediately plays audio from some source
located anywhere (LAN, Internet) to the held party. Contact your system administrator for the
SIP URL

To configure music on hold server 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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Note

3.  Enter the SIP URI (e.g., sipimoh@sip.com) in the Music Server URI field.

Log Out

Yealink |+

Network DSSKey || Features Sellings Directory Security

Account 1 ? NOTE
Register _
Keep Alve Type VDefaut v O Adv
Keep Alve IntervaiSaconds) 3¢ (7] ;r::v?gt"r:ggf.ﬁ parameters for
Codex RPort Osabed v (7]
: 8 You can click here to get
Advanced Subscribe Period(Seconds) 1800 (7] WS tleR
DTMF Type RFC2833 v (7]
.
.
.
ACD Subscribe Period(120~3600) 3600 (7]
Early Meda Disabled v @
SIP Sarver Type Oefauk v (7]
Music Server URT sip:mohi@s.com (7] I
Directed Cal Pickup Code @
Out Dizlog BLF Dsabled v (7]
VQ RTCP-XR Cobactor name 7]
VQ RTCP-XR Coliector address (7]
VQ RTCP-XR Colector port S060 (7]
Confirm Cancel

4. Click Confirm to accept the change.

When you place a call on hold, music will be played to the held party.

For this feature to function, all involved parties cannot use encrypted RTP (SRTP).

Music on hold server is configurable via web user interface only.

Shared Call Appearance (SCA)
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You can use SCA feature to share an extension which can be registered on two or more IP

phones at the same time. The shared line is indicated by a different line icon.

In the following figure, the first line is shared and the second line is private:

09:14

Fri, Aug 19

If two phones share a line, an incoming call to this extension will cause both phones to ring
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simultaneously. The incoming call can be answered on either phone but not both.

This feature is very useful in the boss and secretary scenario. For example, the secretary can
share the boss's extension on her phone. When there is an incoming call to the extension of the
boss, both the phones of the boss and the secretary will ring simultaneously. Either the boss or
the secretary can answer the call. Calls on the shared line can be placed on hold, barged in or

retrieved from another shared phone.

Configuring SCA Feature on the IP Phone

You can configure a primary account on the IP phone and other alternate accounts on the other
IP phones. In a SCA Hybrid Key System scenario, you can automatically assign multiple DSS keys
with Line type for a registered shared line on the phone (If auto linekeys feature is enabled). For
example, party A, party B share the account 4603, phone A registers the primary account 4603
and assigns line key 1 and line key 2 for the account 4603, phone B registers the alternate
account 4603_1 and assigns line key 1 and line key 2 for the account 4603_1, phone C registers
the account 4604.

Server

@D .é -
Phone A (line 1 and Phone B (line 1 and
Party A line 2):4603 line 2):4603 1

Party C Phone C: 4604

To configure the auto linekeys feature via web user interface:

1. Click on Features->General Information.

2. Select Enabled from the pull-down list of Auto LineKeys.
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If Auto LineKeys is enabled, you can automatically assign multiple DSS keys with Line type

for a registered shared line on the phone.

Yealink | 11

General Information (@

Forward&DNLD

Cal waitin Enablad v
General Informat) : I @ calwaurtelng :
seneral T sation i This call fzature zlows your
£k Metmo Ort Fods 2 phone to accept other ncomng
A ol Walting OFF Code @ cals during the convarsation.
) - Key As Send
Intercom Auta Redal Disabled 0 Q select * or # as the send key.
Auto Redisl Interval [1~300s) 10 0 Hotline Number
Transfer When you pick up the phons, £
Auto Redel Times {1~300) 1n [7] wil dial out the hatina numbar
= = o aufomatcaky.
Call Pickup Key As Send 3 v Q
Remote Control Reserva & i1 User Name Enzblad v Q [ You can dick here to get
mare guides.
Phone Haotline Mumbsar e
Hotine Daiav(0-108) 4 9
ACD
Busy Tone Dby {S2conds) i v Q
5MS Retum Cods When Refuse 486 [Busy Here) v ]
Action URL Retum Code When DND 480 (Temporank Lnzva ¥ Q
.
Bluetooth =
-
Power LED
Auto Lnzkeys Enal:;led - i
Notification Popups o
Sita Hame ‘Yeaink SIP VP-T496 e

3. Click Confirm to accept the change.
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To configure the shared line settings and the number of line key on phone A via web user

interface:
1. Register the primary account 4603.

Log Out

Yealink | vsss

Network DSSKey Features || Settings Directory || Security

Register Status Ragistered N "
Basic - - SDI?ph‘r becriber’
Li i Eng v sarvca subsariber’s nama
SAiE e IS o wihich vl be ysad for Caller |
display.
Codec Labet 4603 7} sy
) Regictar Kame
[, ey Disply Name 4503 (7] SIP SeErvice Subscriner’s 10 usad
far authentication.
Regiitar Hama 4503 [7]
Usar Name
LIser Tiarme 3605 [7] User account, proviced by YoP
= sarvice provider.
Password e 0
NAT Traversal
SIP Servar 1 @) Defnes the STUN server wil be
active or net.
Saner Hase oox.yezink.com POt | 3060 (9]
Tremspert uoe = [] You can click here to get
Sanvar Expiras 3500 9 mare guides,
Sarvar fatry Covrits z [7]
SIP Server 2. )
Server Host Port|5060 | @
Trarspert uoe v [7]
Sarvar Expiras 2600 7]
Seqver Retry Counts 3 7]
Ensble Dutbound Proxy Server Enabled v [7]
Outhound Froxy Server 1 10.1.8.11 Fort | 5060 (7]
Outbound Praxy Serrer 2 Part | 5060 (7]
Prowy Falback Interval 2600 [7]
HAT Dsabled v o
_ Confim | L Ganeel

2. Click on Advanced, and then select Share Call Appearance from the pull-down list of
Shared Line.

3.  Enter the desired number in the Number of line key field.

This field appears only if Auto Linekeys feature is enabled.
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The default value is 1. In this example, the value is set to 2.

=]

Log Out

Yealink | v«

| Metwork I || Sewtings || Directory Security |

Kaap Alve Tvpe Defauk LA 7 ] AR
Basic Kezp Abve [tenal{Secands] 3 [} ;:;ﬁg"uffd parameters for
Codec RPOTE Dzabled | @
Advanced Subscrive Penod[Seconds) 1‘30‘07 0 r%rveo;ufi;:ld( Pt
DTHF Tyoe RFC2833 v @
DTME Infa Type DM @
DTHF Payload Tyne(06-127) 10t (7]
Rerransmission  Deabled @
.
.
shared Line | share Call Appearance (7] |
Cal Pull Faztuira Access Code (7]
out Dk BLF DEbled @
V) RTCP-XR Colactar name 7]
VQ RTCP-XR Colectar address (7]
Ve RTCD-R Calectar part 5060
Hurmber of ina kay 2 Q—|
| confim cancel

4. Click Confirm to accept the change.

The phone A will automatically configure the line keys from the first unused DSS key, according

to the configured number in the Number of line key field.

To configure the shared line settings and the number of line key on phone B via web user

interface:

1. Register the alternate account 4603_1.
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(Enter the primary account 4603 in the Register Name field.)

Yealink | s
| Network DSSKey Features Settings

Register _
Regiscar Stacls Regsterad Display
Basic 3 pmpre SIF service subsoilber’s name
MR Sudikt @ wich el e uaed or Cler D
Codec Lebe! | 4503_1 Q i
e Register Hame
Advanond Dipley Nzma 4603_1 [ 7] SIF service subscriber’s ID used
for authentication,
Regicmar Name 4603 [7]
user Name
User Name 4603_1 7] Usar 2ccount, provided by VoP
i sanyica provider.
Password e [7]
NAT Traversal
SIP Server | ) Defines the STUN server wil be
active or not.
Server Hos pox.yealnk.com ParT 5060 | @
Tensport uo? ) [ You cen click here to get
Server Expires 3600 0 frnes SHMe
Sarvar Retry Counts £l [7]
SIP server 2 i
Server Hoso Fort 5060 | @
Transport IJDP K 0
Sarvar Bxpras 3500 Q@
Servar Retry Counts El [7]
Enzbie Outhound Proxy Server Enzbled M 7]
Dutbaund Proxy Server 1 10.1L.E.11 Port| 3060 [7]
Outbound Proxy Server 2 [ Port | 5060 1 (7]
Proky Falback Interval 3600 [7]
HAT Disabled v [7]
_ Confim | _ Cancel |

2. Click on Advanced, and then select Shared Call Appearance from the pull-down list of
Shared Line.

3.  Enter the desired number in the Number of line key field.
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This field appears only if Auto Linekeys feature is enabled.

The default value is 1. In this example, the value is set to 2.

Log Out

Yealink |

[ metwork || DSSKey - Features || Sestings || pirectory || Security |

Kaap Alve Tvpe Defauk LA 7 ] e
Bask Kezp Abve [tenal{Secands] an [} ;;‘;i‘ngd parameters for
Codeac RPOTE Dzabled | @
Advanced Subscrive Penod[Seconds) -IEOU [7] EEFY:;I:E;:U Pt
DTHF Tyoe RFC2833 v @
DTMF Infa Tyne THF-Risity @
DTMF Payload Type(96-127) 10t (7]
Retransmission  Deabled M ]
.
.
shared Line | share Call Appearance = (7] |
=l Pull Feature Access Code 0
out Dk BLF DEbled @
V) RTCP-XR Colactar name 7]
VQ RTCP-XR Colectar address (7]
Ve RTCD-R Calectar part S0 7]
Hurmber of ina kay 2 0—]
| confim cancel

4. Click Confirm to accept the change.

The phone B will automatically configure the line keys from the first unused DSS key, according

to the configured number in the Number of line key field.

Configuring Private Hold Soft Key or Private Hold Key
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Public hold allows any shared line to retrieve the held call. Private hold only allows the hold
party to retrieve the held call. For example, you can retrieve the held call on either phone A or
phone B when you place a call on public hold; you can retrieve the held call only on phone A
when you place a call on private hold on phone A. By default, the private hold soft key isn't
displayed on the touch screen. You need to configure either the private hold soft key or a

private hold key before you place the call on private hold.
To configure the private hold soft key via web user interface:

Click on Settings->Softkey Layout.
Select Enabled from the pull-down list of Custom Softkey.

Select On Talk from the pull-down list of Call States.

d W N H

Select Private Hold from the Unselected Softkeys column and then click [__._].
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Note

The Private Hold appears in the Selected Softkeys column.

Yealink |

statis | [ Accoest | [

| | Network || DSSKey || Featres |
Custom Softkey Enzbled v @
Preference
ol sates on ok -l @
Time & Date e
S Theys [Orders
Unselected Softkeys it aaton
Call Display [Mute |Transfar
|Sweap 1He
|Mewr Call |Confersncs
Uipgrade [ = | |edea
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Auto Provision |Reject | o
|RTP stztus T —
Ganit tic |5creenshat = ——
nnfiguration Racord
Dial Plan
confirm | |  cancal | Resat to defaut
Vaoice
Ring
Tones
Softkey Layout

Softkey Layout
The coftkey Ryout parRmatars
for admenistrator.

[ You can dick here to get
mare guidss.

5.  Click Confirm to accept the change.

Configuring the private hold soft key may affect the softkey layout in the Talking state. Contact

your administrator for more information.

To configure a private hold key via phone user interface:

Tap w ->Features->DSS Keys.
Tap the desired line key.
Tap the Type field.

Tap the Key Type field.

1.

2.

3.

4. Tap Key Event in the pop-up dialog box.

5.

6. Tap Private Hold in the pop-up dialog box.
7.

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

“Z* 1000

DssKey 4

13:52 Fri, Aug 19

2 Call Forward
¢ Call Waiting

A Auto Answer

@ DND

@ Intercom

)

i Anonymous

1. Type:
2. Key Type:

3. Label:

© DSS Keys

Key Event

Private Hold

8. Tap the Save soft key to accept the change or

to cancel.
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Configuring Call Pull Feature

Call pull feature allows users to retrieve an existing call from another shared phone that is in

active or public hold status.
To configure the call pull feature access code via web user interface:

1. Click on Account->Advanced.
2. Select the desired account from the pull-down list of Account.
3

Enter the call pull feature access code (e.g., *11) in the Call Pull Feature Access Code field.

Loy Ot

Security |

Keap Allva Tyoe | Default @ T
Bask: Heep Alve IntenslSeconds) 30 [ 7] ;‘S;?xg;?d parameters for
Codec RPort | Disabled | @
Advanced Subsebe Penad(Seconds) 1800 [ 7] %;ﬂ;uﬁ::lm ot et
DTHF Typa | RrC2E33 @
OTMF [nfa Tyne [DTMFReEy "_E [7]
DTMF Payload Type(96~127) | 101 a9
Rstransmsson [ Dissbled @
.
.
.
Shared Lne E:acsa"' ‘:EA '- e
Call Pul Featura Access Code | =11 (]
Delag Infa Czl Pickup Disabled A (7]
SIP Sanid MAC Disabled v 7]
V3 RTCPR Collector zddress (7]
V0 ATCP-¥R, Collector part | 5060 7]
Nurmbrer of Inz key 2 a
Confirm | Cancel |

4. Click Confirm to accept the change.

The phone will dial out "*11" automatically when you tap the CallPull soft key.

Using SCA Feature on the IP Phone

268

This section provides you with detailed information on using the SIP VP-T49G IP phone in a SCA
Hybrid Key System scenario. In a SCA Hybrid Key System scenario, the status of the line key icon
which associates with a shared line will change. For more information on line key icon indicator,
refer to Icon Instructions on page 20. You can do the following using the IP phone in a SCA
Hybrid Key System scenario:

e  Placing calls

e Answering calls

e Placing a call on hold

e Retrieving a held call

e Barging in an active call
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e CallPull

Placing Calls
You can have one call or multiple calls on the shared line.
To place a call on the shared line:
Do one of following:

- Enter the desired number.

Press , or tap Send.

The phone will dial the entered number using the first line key.

- Tap the line key when the phone is idle to enter the dialing screen.
Enter the desired number and then press , or tap Send.

The phone will dial the entered number using the selected line key.
To place multiple calls on the shared line:

You can have more than one call on the shared line. To place a new call when there is an active

call on the line key 1 of phone A, do one of the following on phone A:

- Press [ & |or tap the Hold soft key. The original call is placed on hold.
Tap the NewCall soft key to enter the dialing screen.

Enter the desired number.

Press , or tap Send.

Phone A will dial the entered number using the line key 2 automatically.

- Tap the line key. The original call is placed on hold.

Enter the desired number.

Press , or tap Send.

Phone A will dial the entered number using the selected line key.

Answering Calls

You can have one call or multiple calls on the shared line. Incoming calls will be distributed

evenly among the available line keys.
To answer a call on the shared line:

When an incoming call arrives on the shared line, the phone A and phone B will ring
simultaneously, and the icon indicators of the line key 1 on both phone A and phone B will
become ezj‘and flashing. You can answer the incoming call on either phone A or phone B but

not both.
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Note

270

Do one of the following on phone A or phone B:

- Taptheline key 1, or tap the Answer soft key on phone A.

o . . T .
The icon indicators of the line key 1 on phone A and phone B will become Land solid.

- Tap the line key 1, or tap the Answer soft key on phone B.

o . : e .
The icon indicators of the line key 1 on phone A and phone B will become Land solid.
To answer multiple calls on the shared line:

An incoming call arrives on the shared line when there is an active call on phone A’s line key 1.
The icon indicators of the line key 2 on both phone A and phone B will become“j‘and flashing.
You can answer the incoming call on either phone A or phone B. The touch screen of phone A

displays the information of the incoming call (e.g., “Incoming call 4604 Yealink").

15 57 Thu, Aug 18

4603

Talking
Incoming call

4603 3] 01:32
‘

Ringing 3 4604 Yealink

4605 Yealink
4605

L]
« % DSS Key

Make sure call waiting feature is enabled on phone A. For more information, refer to Call Waiting
on page 211.

Do one of the following on phone A:
- Tap the line key 2. Phone B stops ringing.
- Tap the Answer soft key. Phone B stops ringing.

- Tap the incoming call prompt box.
Tap the Answer soft key. Phone B stops ringing.

The incoming call is answered and the original call is placed on hold. The icon indicators of the
line key 1 on phone A and phone B will become f‘}o and solid indicating that there is the held

call on the line key 1. The icon indicators of the line key 2 on phone A and phone B will become

Land solid indicating that there is an active call on the line key 2.
You can also answer the call on phone B. Do one of the following on phone B:

- Tap the line key 2. Phone A stops ringing.
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- Tap the Answer soft key. Phone A stops ringing.

S . . e .
The icon indicators of the line key 2 on phone A and phone B will become Land solid
indicating that there is an active call on the line key 2. Meanwhile, the icon indicators of the

line key 1 phone A and phone B will become f‘)o and solid indicating that there is the held
call on the line key 1.

Note If the number of incoming calls is greater than the configured line keys, the line keys will be used

by sequence circulation.

Placing a Call on Hold

To place a call on public hold:

1. Press || or tap the Hold soft key on phone A when party A and party C are talking.

<)

15 57 Thu, Aug 18

4603
Public Hold

9 4603

4605 Yealink
4605

=7 DSS Key

The icon indicators of line key 1 on phone A and phone B will become f‘)o .

271



User Guide for SIP VP-T49G IP Phone

To place a call on private hold:

1. Press the PriHold soft key or private hold key on phone A when there is an active call on

the shared line (You may need to press the More soft key to see the PriHold soft key).

o) 1557 Thu, Aug 18

4603

Private Hold

9 4603

@ rrivate Hold

4605 Yealink
4605

=1 DSS Key

The icon indicators of line key 1 on phone A will become l'}% when the shared line call is

placed on private hold.

The icon indicators of line key 1 on phone B will become L when the shared line call is
placed on private hold.
Retrieving a Held Call
To retrieve a call placed on public hold:
You can retrieve the public held call on either phone A or phone B.

To retrieve the call on phone A:

1. Tap f‘)o , press || tap the Resume soft key.

The conversation between phone A and phone C is retrieved.
To retrieve the call on phone B:

Do one of the following:

- Tapf‘?o .
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- Long tap the desired line key. The Cancel, CallPull, NewCall and Retrieve soft keys appear

on the touch screen.

B 4603

4603

Public Hold
Shared Calls

“® 4603
1, SCA Held 4604 Yealink

L
=% DSS Key

"

Tap the Retrieve soft key to retrieve the call.

The conversation is established between phone B and phone C, phone A disconnects the call.
And the line key icon on phone A and phone B will become ‘.‘1

To retrieve a call placed on private hold:
The private held call can be only retrieved by the hold party (party A).

Do the following:

1. Tap "30 , press or tap the Resume soft key on phone A.

The conversation between phone A and phone C is retrieved.

Barging In an Active Call
To interrupt the active call on the shared line:

If phone A has only one active call, do the following:

1. Long tap the desired line key on phone B.
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The Cancel, CallPull, NewCall and Barge In soft keys appear on the touch screen of phone
B.

4603

Talking
Shared Calls

9 4603

1. SCA Active 4604 Yealink

(¥
= % DSS Key

2. Tap the Barge In soft key to interrupt the active call of phone A.
Party B will set up a conference call with the other parties in the active call.

3. Press , tap the Hold soft key or the EndCall soft key.

- If any party in the conference call presses or taps the Hold soft key, two-way
voice can be heard between the remaining parties.

- If party A or party B taps the EndCall soft key, the remaining parties are still connected.
If the other party (not the shared line party) taps the EndCall soft key, the conference

call is ended.

You can also tap the line key with the solid red icon indicator on phone B to set up a conference

call with the other parties in the active call.
If phone A has more than one call, do the following:
1. Long tap the desired line key on phone B.

The list of calls appears on the touch screen of phone B.

o° 4603

4603

Public Hold
Shared Calls
4603

Talking 1. SCA Held 4604 Yealink

2. SCA Active 4605 Yealink

" »
& DSS Key

"
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2. Tap the item to select the active call.

The Cancel, CallPull, NewCall and Barge In soft keys appear when the active call is
highlighted.

B 4603

4603

Public Hold
Shared Calis
4603

Talking 1. 5CA Held 4604 Yealink

2. SCA Active 4605 Yealink

» ~
2% DSS Key

3. Tap the Barge In soft key to interrupt the active call of phone A.

Party B may hear a warning tone and then set up a conference call with the other parties of

the active call.

4. Press , tap the Hold soft key or the EndCall soft key.

- If any party in the conference call presses , taps the Hold soft key, two-way voice

can be heard between the remaining parties.

- If party A or party B taps the EndCall soft key, the remaining parties are still connected.
If the other party (not the shared line party) taps the EndCall soft key, the conference

call is ended.

Call Pull

Call pull feature allows users to retrieve an existing call from another shared phone that is in
active or hold status. For example, when there is a call between phone A and phone C, you can
use call pull feature on phone B to retrieve this call from phone A. Then the call is established

between phone B and phone C.
To retrieve a call from another shared phone:

If there is an active call between phone A and phone C, do the following:

1. Long tap the desired line key on phone B.
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The Cancel, CallPull, NewCall and Barge In soft keys appear on the touch screen of phone
B.

o 4603

4603
Talking haredEaiie
2r
“® 4603

1. SCA Active 4604 Yealink

=% DSS Key

2. Tap the CallPull soft key.

The active call has been retrieved from the phone A successfully.
If there is a held call between phone A and phone C, do the following:

1. Long tap the desired line key on phone B.

The Cancel, CallPull, NewCall and Retrieve soft keys appear on the touch screen of phone

4603

Public Hold
Shared Calls
“® 4603
1. SCA Held 4604 Yealink

LY
« w DSS Key

®

2. Tap the CallPull soft key.

The held call has been retrieved from the phone A successfully.
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Messages

Short Message Service (SMS)

You can send and receive text messages using the SIP VP-T49G IP phone. New text messages
can be indicated both acoustically and visually. When receiving a new text message, the phone
will play a warning tone. The power indicator LED will slowly flash red, and the touch screen will

prompt “n New Text Message(s)” ("n” indicates the number of unread text messages. e.g., 1 New

Text Message(s)) and display an icon

Note When the phone receives a text message, the text message prompt window will pop up by
default, if you want to disable the feature, contact your system administrator for more
information.

1 New Text Message(s)

You can store text messages in your phone’s Inbox, Sentbox, Outbox or Draftbox. Each of the
boxes can store up to 100 text messages. If the number of the text messages in one box is more

than 100, the phone will directly delete the oldest text message in the box.

Note SMS is not available on all servers. Contact your system administrator for more information.
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To read a text message:

1. Tap iﬁ ->Message->Text Message->Inbox.

& Voice Mail N 1038 ‘ 3

B Text Message

2. Tap the desired text message to read.

Note If the phone prompts receiving new text messages, you can also tap the View soft key to read the
new messages directly.

To send a text message:

1. Tap E ->Message->Text Message->New Text Message.
2. Tap the From field.

3. Tap the desired account in the pop-up dialog box.
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4. Enter the number you want to send the message to in the To field.

1000 New Text Message 14 02 Fri, Aug 19

& Voice Mail 1. From: 1000

B Text Message 2. To: 1038

5.

New Text Message

& Voice Mail 2. To: 1038

B Text Message hi

6. Tapto hide the onscreen keyboard.

7. Tap the Send soft key to send or to cancel.

You can also tap the Save soft key to save the text message to the draftbox.
Sending a text message is configurable via web user interface at the path Features->SMS.
To reply a text message:

1. Tap m ->Message->Text Message->Inbox.

2. Select the desired message and tap the Reply soft key.
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3. Compose the new text message. You can tap E&kAE} to change the input mode.

14 03 Fri, Aug 19

Y Voice Mail 2. To: 1038

B Text Message

| hello

4. Tap to hide the onscreen keyboard after completing the content.

5. Check the From and To fields, and then tap the Send soft key.
To delete a text message:

1. Tap Ej ->Message- >Text Message->Inbox (Sentbox, Outbox or Draftbox).

2. Tap the desired message and then tap the Delete soft key.

14 05 Fri, Aug 19

& Voice Mail

B Text Message Time : Fri, Aug 19 14:01:02

hi
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The touch screen prompts “Delete this message?”.

Delete this message?

3. Tap OK to delete this message or Cancel to cancel.

You can also delete all text messages by tapping the Delete All soft key. For more information,

refer to the above steps.

Note You can also delete a specific message after retrieving by tapping the Delete soft key.

Video/Voice Mail
You can leave video/voice mails for someone else using the SIP VP-T49G IP phone. You can also
access the video/voice mails that are stored in the voice mailbox. The usage of video mail is the

same as that of voice mail, the following takes voice mail as an example.

Note Video/voice mail is not available on all servers and differs from different servers. Contact your
system administrator for more information.
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Note

282

When receiving a new voice mail, the phone will play a warning tone. The power indicator LED
will slowly flash red, and the touch screen will prompt “n New Voice Mail(s)” ("n” indicates the

number of unread voice mails, e.g., 5 New Voice Mail(s)) and display an icon Q0.

5 New Voice Mail(s)

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 re-registers the account that has unread voice mail(s).

You can configure the phone not to display the pop-up prompt, contact your system
administrator for more information.

The icon ) on the status bar has a counter indicating the number of messages you haven't
heard yet.

To leave a voice mail:

You can leave a voice mail for someone else when he/she is busy or inconvenient to answer the

call. Follow the voice prompt from the system server to leave a voice mail, and then hang up.
To configure voice mail access codes via phone user interface:

1. Tap m->Message->Set Voice Mail.
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2.  Enter the voice mail access code (e.g., *88) in the desired account field.

Set Voice Mail 14:07 Fri, Aug 19

1. Accountl Code: *88

2. Account2 Code:

3. Account3 Code:

4. Account4 Code:

5. Account5 Code:

6. Account6 Code:

7. Account? Code:

3. Tap the Save soft key to accept the change or to cancel.

Note Voice mail access codes must be predefined on the system server. Contact your system
administrator for the more information.

To listen to voice mails:

1. When the touch screen prompts that the phone receives a new voice mail, press or tap

Connect to dial out the voice mail access code.

2. Follow the voice prompt to listen to your voice mails.

Note Before listening to voice mails, ensure that the voice mail access code has been configured.

To view the voice mail via phone user interface:

1. Tap m ->Message->View Voice Mail.
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The touch screen displays the amount of new and old voice mails.

5* 1000 View Voice Mail 14:08 Fri, Aug 19

& Voice Mail 1. 1000 0 New 0 old Mail >
B Text Message 2. 104 17 New 9 old Mail >
3. Account3 Unregistered >
4. Account4 Unregistered >
5. AccountS Unregistered >
6. Accountb Unregistered >
7. Account? Unregistered >
S #H

You can tap the account to listen to voice mails.

Message Waiting Indicator (MWI)

The SIP VP-T49G IP phone supports MWI when receiving a new voice mail. If someone leaves
you a voice mail, you will receive a message waiting indicator. MWI will be indicated in three
ways: a warning tone, an indicator message (including a voice mail icon) on the touch screen,
and the power indicator LED slowly flashes red. This will be cleared when you retrieve all voice

mails or delete them.

The MWI service is unsolicited for some servers, so the SIP VP-T49G IP phone only handles the
MWI messages sent from the server. But for other servers, the MWI service is solicited, so the SIP
VP-T49G IP phone must enable subscription for MWL

Note MWI service is not available on all servers. Contact your system administrator for more
information.
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Note

The MWI subscription parameters you need to know:

Options

Description

Subscribe for MWI

Enable or disable a subscription for MWI service.

MWI Subscription Period

Period of MWI subscription. The IP phone sends a refresh
SUBSCRIBE request before initial subscription expires.

Subscribe MWI To Voice

Mail

Enable or disable a subscription to the voice mail number

for MWI service.

To use this feature, you should also configure the voice

mail number.

The phone will send SUBSCRIBE messages for MWI service to the account or the voice number
MWI service depending on the server. Contact your system administrator for more information.

To configure subscribe for MWI via web user interface

P w N e

Yealink |vsc =
|

Reqlister
Basic
Coden

Advanced

Click on Account->Advanced.
Select the desired account from the pull-down list of Account.
Select Enabled from the pull-down list of Subscribe for MWI

Enter the period time in the MWI Subscription Period(Seconds) field.

Log Oul

| Newwork || Dsskey || Featues || Settings || Directory || Security |

BT

Ksep Alve Tyoe Dafauk v [7] A

Keep Alve Interval{ Seconds) |30 [7] :;E‘:;ﬁggfﬂ PaaTEEEt et
RRort Disabled v [7]

Subscribe Perod Seconds) 1800 [7] Er?:uﬁzzgitk I
DTHF Type RFC2833 v [

DTMF Info Tyoe OTHFRe v [7)

DTMF Payosd Type(06~127) 101 (7]

RETTENSMSSON Diabled v [7]

Subscrive Register Diszbled v (7]

subscnbe far MWT Enzblzd v [7]

MW Subscrition Pariod{ Seconds) 3600 (7]

subscrbe MW To Vace Mal DEabled * [7]

Voice Mai @

Voice Mal Diplay Enzhlzd v [7]

Caler ID Source F‘RDI;~1. v Q

5. Click Confirm to accept the change.

The IP phone will subscribe to the account number for MWI service by default.

To enable subscribe MWI to voice mail via web user interface:

1. Click on Account->Advanced.

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

3. Select Enabled from the pull-down list of Subscribe for MWI.
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4. Select Enabled from the pull-down list of Subscribe MWI To Voice Mail.

5. Enter the desired voice mail number in the Voice Mail field.

Log Out

Yealink | s

| Network DSSKey Features || Settings [ Directory || Security |

== :
Keep Afve Type Defauk M ] T
Dsn: Kaeg Alva IntervalSaconds) ED] [7] E;-,?E;ﬁ:éf_d parameters for
Codec RPot psanks v| @
Ferm Subscrba Perlod(Seconds) 1800 [7] E:;:i;:;"d( e et
DTHE Tyme = 1@
DTHF Info Type DTMERely @
DTHF Payioad Tyoe(96~127) Lim 7]
Rebransmission Deablc Y a
Subserbe Tor MYl Enzoled v el
MW Subsnption Period{Seconds) [ iEUIJ- 6
Subserba MWI To Voice Mal Enzbled " a9
Voice Mail 68 [ 7]
Volce Mail Disolay Enabled | a

6. Click Confirm to accept the change.

The IP phone will subscribe to the voice mail number for MWI service using Subscribe MWI
To Voice Mail.

Note MWI subscription is configurable via web user interface only.

Video Conferencing Features

Video Conferencing

You can enable video conferencing feature to be able to configure or use the following features:
e Setup Wizard

e Video Conference Platform

e H.323 Settings

e SIPIP Call Settings

e  (Call Stats Key

e Videoconferencing Key
To enable the video conferencing feature via phone user interface:

1. Tap EH ->Basic->Video Setting.

2. Tap the Video Conferencing Features field.
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3. Tap Enabled in the pop-up dialog box.

Video Setting
& Change PIN 1. Video Enable: Enabled p
© Bluetooth 2. Auto Start Video: Enabled 2
2 Wi-Fi 3. Auto Answer Video Mute:  Disabled r
@ Camera Setting 4. Uplink Bandwidth: Auto y

5. Downlink Bandwidth: Auto 4
[ Site Name 6. Video Conferencing Fe... | Enabled )
¥ HDMI

4. Tap the Save soft key.

Video conferencing feature is configurable via web user interface at the path Settings->Video.

Setup Wizard

If you enable the video conferencing feature (refer to Video Conferencing) and there is no
account registered on the phone (the account information is empty), the setup wizard will
appear on the LCD screen after startup. You can use the setup wizard to register a Yealink
Cloud/YMS/Custom/Zoom/Pexip/Mind/BlueJeans/StarLeaf account.

To configure the setup wizard:

1. Tap the desired platform.

Select Account

YMS StarlLeaf Zoom

BlueJeans A Mind Custom

2.  Enter the desired value in the corresponding field.
3. Tap the Log in soft key.

During the setup wizard, you can tap Skip>> to skip the setup wizard and go to the idle screen.
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Video Conference Platform

The IP phone is compatible with Yealink VC Cloud Management Service/Yealink Meeting Server
(YMS)/StarLeaf/Zoom/Pexip/BlueJeans/Mind platform. You can log into the desired platform,

and use the corresponding features.

Yealink VC Cloud Management Service Platform

The Yealink VC Cloud Management Service is a value-added cloud-based service platform for
Cloud endpoints. It offers significant convenience and cost-savings to integrators and business

customers in terms of deployment, configuration and usage.

Logging into Yealink VC Cloud Management Service Platform

Note

288

You can register a Yealink Cloud account to log into Yealink VC Cloud Management Service

platform. There are two methods of registering a Yealink Cloud account:

e  PIN code: This method uses the PIN code to register the Yealink Cloud account.

° Account: This method uses the username (Cloud number) and password to register the

Yealink Cloud account.

You can obtain the Yealink Cloud account information from your Yealink Cloud enterprise
administrator. You can register one Yealink Cloud account on up to five Cloud endpoints

simultaneously.

The touch screen will have the following changes:

e  The background color of four shortcut key is changed.

e  The idle screen displays a Meet Now shortcut key. For more information, refer to Meet
Now on page 299.

e  The idle screen displays the daily latest conference schedule and the menu screen displays
a Schedule menu. For more information, refer to Viewing Scheduled Conference
Information on page 293.

e  The notification center displays an Ongoing Conference tab. For more information, refer to
Joining a Scheduled Conference from Notification Center on page 296.

You can only register one Yealink Cloud account/YMS account. It means you cannot log into the
Yealink Cloud or Yealink Meeting Server platform at the same time.

PIN Code
To log into Yealink VC Cloud Management Service platform using the PIN code:

Tap & ->Advanced (default password: admin) ->VC Account->Cloud Account.
Tap the desired account.

Tap the Type field.

A

Tap Yealink Cloud in the pop-up dialog box.
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5. Tap the PIN Code radio box.
6. Enter the PIN code in the Please input 9-digit pincode field.

7. Enter the desired value in the Server field.

Account 1

‘S Account Type Yealink Cloud P
@®PIN Code Account

& Network Please input 9-digit pincode 123456789

5 Phone Lock Server yealinkve.com

8 Set Password

@« Set AES Key

< Auto Provision

8. Tap the Log in soft key.

Note If you fail to register a Yealink Cloud account by using PIN code, you can re-enter the PIN code
according to the pop-up prompt or contact your Yealink Cloud enterprise administrator.

The PIN code can be used only once.

Account
To log into Yealink VC Cloud Management Service platform using an account:

Tap m ->Advanced (default password: admin) ->Account.
Tap the desired account.

Tap the Type field.

Tap Yealink Cloud in the pop-up dialog box.

Tap the Account radio box.

@ v A w N+

Enter the desired value in User Name, Password and Server field respectively.
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7. (Optional.) Tap the Remember the Password checkbox.

Account 2

e Account Type Yealink Cloud p
PIN Code ®Account

@ Network User Name 5842362228

¥ Phone Lock Password sessssas

& Set Password Server yealinkve.com

Q,  Set AES Key [“] Remember the Password

+ Auto Provision

8. Tap the Log in soft key.

Yealink Cloud account is configurable via web user interface at the path Account->Cloud

Account.

Note If you fail to register a Yealink Cloud account by using an account, you can re-enter the account
information according to the pop-up prompt or contact your Yealink Cloud enterprise
administrator.

Using Yealink VC Cloud Management Service Platform

After logging into Yealink VC Cloud Management Service platform, you can:

e  Sync the Yealink Cloud contact.
° Dial the other Yealink Cloud account to establish a conversation.

. Use the Yealink Cloud video conference feature.

Yealink Cloud Directory
If you log into the Yealink VC Cloud Management Service platform, Yealink Cloud contacts
which are created by your Yealink Cloud enterprise administrator, appear in your IP phone.
There are three types of Yealink Cloud contact:

e  Contact: The users with Yealink Cloud accounts. The Yealink Cloud enterprise

administrator can create departments for users.

e  Room system: The devices with Yealink Cloud accounts registered in the video meeting

room.

e VMR:ltis also called the Permanent VMR. The Yealink Cloud enterprise administrator can

determine whether to synchronize the permanent VMR to the IP phone.

Note that only the Yealink Cloud enterprise administrator has the permission to add, edit and
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delete Yealink Cloud contacts. Contact your Yealink Cloud enterprise administrator for more
information.

You can place calls to or search for the Yealink Cloud contacts. For more information on the

Yealink Cloud directory, please refer to Yealink VC Cloud Management Service Administrator
Guide.

To place a call to a Yealink Cloud contact:

1. Tapﬁ ->Cloud Directory.

T 739162228 Directory
Q L 2 K Yealink Network Technology Co.,Ltd(63)
search Acd Setting
98| Virtual Meeting Room(5 >
Cloud Directory @ . ©)
Local Directory 1Y Room System(3) >
Blacklist UR9| Contact(55) ”

3

History Directory

2. Tap the desired contact type, do one of the following:
- Tap the desired contact.

- Tap @ after the desired contact.
Tap Send.

TR7391622

Contact Details

, Name: 2228
‘ Number: 739162228

Dialing Yealink Cloud Accounts

If you want to place a call to a Yealink Cloud contact who is in the same Yealink Cloud directory
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as you, you can enter the 9-digit Cloud number or the extension (the last four Cloud number) to
place a call. If you want to place a call to a Yealink Cloud contact who is in different Yealink

Cloud directory from you, you should enter the 9-digit Cloud number to place a call.
To dial a Yealink Cloud account:

1. Pick up the handset, press the Speakerphone key or tap the line key.
2. Enter the desired Yealink Cloud account number.

3. Tap Send.

Yealink Cloud Video Conference

There are three types of Yealink Cloud video conference:

e  Scheduled conference: You should schedule the conference using the Yealink VC Cloud

Management Service or Microsoft Outlook software.
e  Meet Now: You can initiate a meet now conference at any time, without a reservation.

e  Permanent Virtual Meeting Room: The permanent VMR is created by your Yealink Cloud
enterprise administrator. You can join the permanent VMR at any time without a

reservation.
With the Yealink Cloud video conferencing feature, you can:

e View and join scheduled conferences.
e Initiate and join meet now conferences.
e Join the permanent VMR.

e Manage conferences.

Scheduled Conference

You can schedule a conference using the Yealink VC Cloud Management Service or Microsoft
Outlook software. After you schedule the conference, the scheduled conference will be added to
all invitees' IP phone. And invitee whose Yealink Cloud account is associated with an email

address, will receive an email about how to join the conference.

For more information on how to schedule a conference, refer to Yealink VC Cloud Management

Service Administrator Guide.
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Viewing Scheduled Conference Information

If you register a Yealink Cloud account successfully, the idle screen will display your upcoming or

ongoing conference schedules for today.

T 739162228

13:40

Fri, Jan 05
Next Conference ( 20 minutes left )
Subject : Group Discussion
Time : 2018/1/5 14:00-16:00

Organizer : 2228

< DSS Key

And there will be a Schedule menu on the menu screen. You can view all scheduled conference
information in Schedule menu. The IP phone will not display the expired scheduled conference
information. The scheduled conference information contains subject, conference ID, time,
password, organizer and participants. If the conference organizer edits the conference content
(e.g. time and participants) or cancel the conference via Yealink Meeting Server or Microsoft
Outlook software after you have sent the invitation, the conference schedule will update in real

time.
To view scheduled conference information in the Schedule menu:

1. Do one of the following:
- Tap the Next Conference box on the idle screen.
- Tap w ->Schedule.

The daily conference information will display as a list on the right of the touch screen.
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2. (Optional.) Tap a desired date on the calendar to view the schedule of selected day.

Switch to previous month Switch to next month
Schedule 11:53 fri, Jan 05
£ . a
4 LR ! 2an, 2018 LR ! ’ _ Daily information [f&¢?
Sun Mon Tue Wed Thu Fri Sat Group Discussion

2z Read information m

o Technical Seminar

22 Unread information{ieall

Has read upcoming Has unread upcoming
conference conference

3. Tap Detail to view the conference details.

Conference Details 11:54 Fri, Jan 05
Subject : Group Discussion
ID: 7391683523
Time ! 2018/1/5 (Fri) 14:00-16:00
Password : 766455
Organizer : X 2228
Participants : & 2549 2 2552 R 2228

Joining a Scheduled Conference
You can join the scheduled conference in following ways:
e  Joining a scheduled conference from a conference reminder
e Joining a scheduled conference from notification center
e Joining a scheduled conference from the Schedule

e Dialing to join a scheduled conference
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Joining a Scheduled Conference from a Conference Reminder

A pop-up reminder is displayed 5 minutes before the conference starts.

Group Discussion

2018/ 1/5 14:00-16:00
Organerer : 2228

To join a conference from a conference reminder:

1. Do one of the following:

- Tap Join to join the conference.

- Tap Details.

‘T 739162228 Conference Details 11:54 Fri, Jan 05
Subject : Group Discussion
ID: 7391683523
Time 2018/1/5 (Fri) 14:00-16:00
Password : 766455
Organizer : X 2228
Participants : & 2549 2 2552 2| 2228

Tap the Join soft key to join the conference.

If you do not want to join the conference, you can tap Ignore to permanently remove the

reminder from the screen and stop all future reminders for this schedule.

Note If the IP phone is during a call, the touch screen will not pop up the reminder. In this case, if the
scheduled conference is still ongoing when the call ends, the touch screen will pop up the
reminder. If the scheduled conference has ended before the call ends, the touch screen will not
pop up the reminder.
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Joining a Scheduled Conference from Notification Center

If you register a Yealink Cloud account successfully, the notification center will display an

Ongoing Conference tab.

By default, when the conference is about to take place in 5 minutes, the status bar displays the
icon . . and the notification center displays the conference information. You can tap the
desired conference notification to join the conference in advance. Or during the conference, you

can tap the desired conference notification to join the conference.

Note Theicon .- .. on the status bar has a counter indicating the number of ongoing conferences.
For example, indicates there are 3 ongoing conferences.

The Yealink Cloud enterprise administrator can configure the time for the participants to join the
conference in advance. For more information, refer to your Yealink Cloud enterprise
administrator.

To join a conference from notification center during the conference duration:

1. Swipe down from the top of the screen to enter the notification center.

n Group Discussion

n 22280

2. Under the Ongoing Conference tab, tap the desired conference notification to join the
conference.

Joining a Scheduled Conference from Schedule

By default, you can join a scheduled conference that is about to take place in 5 minutes or less.

Note The Yealink Cloud enterprise administrator can configure when participants can join the
scheduled conference. For more information, refer to your Yealink Cloud enterprise
administrator.
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To join a conference from Schedule:

1. Do one of the following:

The daily conference information will display as a list on the right of the touch screen.

Tap the Next Conference box on the idle screen.

Tap m ->Schedule.

2. Tap adesired date on the calendar to view the schedule of selected day.

T 739162228 Schedule 11:53 Frl, Jan 05
<4 Jan 2018 > Today
Sun Mon Tue Wed Thu Fri Sat Group Discussion
14.00:16:00
Yrganirer - 2228 Detail
1 2 3 4 6 oot
- * Technical Seminar
7 8 9 10 11 12 13 16:00-18:00
14 1‘5 16 17 18 19 20
21 22 23 24 25 26 27
28 29 30 31
= ®

3. Do one of the following:

- Tap Join to join the conference.

- Tap Detail to view the conference details.

“Ta739162228

Conference Details 11:54 Fri, Jan 05

ID:

Subject :

Time !
Password :
Organizer :

Participants :

=

Group Discussion

7391683523

2018/1/5 (Fri) 14:00-16:00

766455

A 2228

R 2549 2] 2552 2 2228

Tap the Join soft key to join the conference.
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Note

298

Dialing to Join a Scheduled Conference

If you schedule a conference or you are invited to join a scheduled conference, you can obtain

the conference information in following ways:

e Invitee whose Yealink Cloud account is associated with an email address will receive an
email, which includes the domain name, conference ID, conference password and the way

of joining a scheduled conference.

e The IP phone displays conference information, which includes the conference ID and
conference password. For more information, refer to Viewing Scheduled Conference

Information on page 293.
e  Contact the conference participants.

The IP phone will fail to join the conference in the following scenario:

e  The conference is expired.
e  You enter the wrong conference information.

° The current time is more than 5 minutes before the scheduled start time.

The Yealink Cloud enterprise administrator can configure the time for the participants to join the
conference in advance. For more information, refer to your Yealink Cloud enterprise
administrator.

To dial into a conference:
1. Do one of the following:

- Ifyou register a Yealink Cloud account, dial the conference ID to join the conference.

Obtain the conference information from your IP phone, your email or the other

conference participants.

- Ifyou do not register a Yealink Cloud account, dial the server address to join the

conference.

Obtain the conference information from the other conference participants.

- Tojoin from a SIP device, dial conference ID**conference password@server

address to join the conference.

Obtain the conference information from the conference participants or your email

address.
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Meet Now

If you register a Yealink Cloud account successfully, the idle screen will display a Meet Now

shortcut key.

“Taa 739162228

13:40

Fri, Jan 05

Next Conference ( 20 minutes left )

Subject : Group Discussion
Time : 2018/1/5 14:00-16:00

Organizer : 2228

- D55 Key

~

You can initiate a meet now conference by tapping at any time.

Initiating a Meet Now Conference

To initiate a meet now conference:

1. Tap 4 .

The conference is initiated successfully.
<)
Y- 739162228

Sr 1036

R228's video conference(1D:7395639025)

=+ DSS Key

Joining a Meet Now Conference

In the ongoing meet now conference, you can dial to join the conference. And you can obtain

the conference information from the participants of meet now conference.
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To dial to join a meet now conference, do one of the following:

- Ifyou register a Yealink Cloud account, you can dial the conference ID to join the

conference.

—  Tojoin from a SIP device, dial conference ID**@server address to join the conference.

Permanent Virtual Meeting Room

Permanent VMR is a permanent virtual meeting room created by Yealink Cloud enterprise
administrator. The conference ID of the permanent VMR is fixed, you can join the permanent
VMR at any time.

You can join the permanent VMR in following ways:

e Joining a permanent VMR from Yealink Cloud directory

e Dialing to join a permanent VMR

Joining a Permanent VMR from Yealink Cloud Directory

You can search and check the permanent VMR information then place a call to the permanent
VMR from Yealink Cloud directory.

Note The Yealink Cloud enterprise administrator can determine whether to synchronize the permanent
VMR to the IP phone. For more information, please refer to Yealink VC Cloud Management
Service Administrator Guide.

To join a permanent VMR from enterprise directory:

1. Tap ﬁ ->Cloud Directory->Virtual Meeting Room.

Ta 739162228 Directory
Q 1° jo Yealink Network Technology Co.,Ltd > Virtual Meeting Room(13)
Search Add Setting
i""" T49 Project )
Cloud Directory AL =
Local Dectiey \vur| VCD Project ©)
Blacklist vur| VCM Project @®
VCS Project @
632 -
wmr| YMS Project @

-

<

History Directory

2. Do one of the following:
- Tap the desired permanent VMR.

- Tap @ after the desired permanent VMR.

Tap Send to dial out the conference ID.
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Dialing to Join a Permanent VMR

Do one of the following to dial to join a permanent VMR:

- Ifyou register a Yealink Cloud account, you can dial the conference ID to join the

permanent VMR.

- For SIP devices, if you do not register a Yealink Cloud account and the permanent VMR

requires no password, dial conference ID**@server address to join the permanent VMR.

- For SIP devices, if you do not register a Yealink Cloud account and the permanent VMR
requires a password, dial conference ID**conference password@server address to join

the permanent VMR.

Yealink Cloud Video Conference Management

Inviting Conference Participants

During the Yealink Cloud video conference, you can invite other Yealink Cloud account to join

the conference.

Note You are not allowed to invite other Yealink Cloud account to join the conference if you join the
conference by dialing a URL

To invite conference participants during the Yealink Cloud video conference:

L D)

% 739162228

" 1036

S Group Disalssion(1D:7391683523)

1. Tap Invite.
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2. Do one of the following:

- Select the desired Yealink Cloud contacts.

“T& 739162228 Directory
Q Yealink Network Technology Co.,Ltd(63)
Search
_ e ! XHJVI;
Cloud Directory
Room System(3) >

Q8 Contact(35) >

Directory

(Optional.) After selecting the desired Yealink Cloud contacts, tap Selected on the

top-right of the touch screen to view the selected Yealink Cloud contacts.
Tap Invite on the top-right of the touch screen to send the invitation.

- Tap Select All checkbox to select all Yealink Cloud contacts.
Tap Invite on the top-right of the touch screen to send the invitation.

- Tap the Keypad soft key.

o \
2550 J
S e i e
9, 2549
@ 733162549
%, _— 5 6

2551 | ' T
e, o | so | on
9, 2552 1 : | Keyboard
S 30157553 | +

*ae 0 #

J‘ 22%8“ ! £ |

Directory

Enter the desired number.

Press , or tap Invite to send the invitation.

The invitees will join the conference as soon as they answer the call.

Note If you fail to send invitation, you can re-send the invitation according to the prompt or contact
your enterprise administrator.

302



Advanced Phone Features

Applying for Speaking

Note

Not all conference participants need apply for speaking. If you join the Training mode
scheduled conferences/permanent VMRs, all guests are muted automatically except moderators
(or the organizer), guests need to wait for the moderator to appoint lecturers. If guests want to
speak, they should apply for speaking. Only when the moderator allows the application, can
they speak freely.

For more information on these two modes, refer to Vealink VC Cloud Management Service

Administrator Guide.

In meet now conference, participants can speak freely.

To apply for speaking:

After joining a conference as a guest, the status bar prompts “Please press Mute to apply for

speaking” in first 30 seconds.

o) Please press Mute to apply for speaking

% 739162552 |

| Jannle

Gidup DisclSSIon(1D: 7391653528)

= DSS Key

=,
i
1. Press (___g_ PR
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The status bar prompts “You are applying for speaking”, and the icon @ appears on

top-left of the local-site video window.

o) You are applying for speaking

& 739162552

y |

Broup DisctSion(1D:7391683523)

The moderator will deal with the application on Yealink VC Cloud Management Service platform.

For more information, refer to Yealink VC Cloud Management Service Administrator Guide.

Hold/Resume

To place a conference on hold:

1. Press || or tap the Hold soft key during a call.
The phone will beep softly every 30 seconds to remind you that you still have a conference on
hold.

To resume a held conference:

1. Press || tap the Resume soft key.
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Leaving Conference
All participants can leave the conference at any time.

To leave a conference:

- For the moderator (or organizer), tap the EndCall soft key.

Do you want to end or leave this
conference?

Tap the Leave, others keep going.
- For other participants, tap the EndCall soft key.

Other participants remain connected.

Ending Conference

If you are the moderator (or organizer) of the Yealink Cloud video conference, you can end the

conference. After ending the conference, all participants are disconnected.
To end a conference:

1. Tap the EndCall soft key.

Do you want to end or leave this
conference?
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2.

Tap End conference.

All participants are disconnected.

Yealink Meeting Server

The Yealink Meeting Server (YMS) is a distributed cloud-based video conferencing infrastructure

tailored for HD video conferencing collaboration in the modern workplace. With the YMS, you

can bring people together at any time from any location.

Logging into Yealink Meeting Server

Note

306

You can register a YMS account to log into Yealink Meeting Server. YMS account information

contains account, password and server address. You can obtain the YMS account information by

emails from enterprise administrator. You can register one YMS account on up to five Cloud

endpoints simultaneously.

The touch screen will have the following changes:

The background color of four shortcut key is changed.

The idle screen displays a Meet Now shortcut key. For more information, refer to Meet
Now on page 317.

The idle screen displays the daily latest conference schedule and the menu screen displays
a Schedule menu. For more information, refer to Viewing Scheduled Conference
Information on page 310.

The notification center displays an Ongoing Conference tab. For more information, refer to
Joining a Scheduled Conference from Notification Center on page 313.

You can only register one Yealink Cloud account/YMS account. It means you cannot log into the
Yealink Cloud or Yealink Meeting Server platform at the same time.

To log into Yealink Meeting Server:

i & W N H

Tap &;m ->Advanced (default password: admin) ->VC Account->Cloud Account.
Tap the desired account.

Tap the Type field.

Tap Yealink Meeting Server in the pop-up dialog box.

Enter the desired value in Account, Password and Server field respectively.
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6. (Optional.) Tap the Remember the Password checkbox.

“B°No Service Account 1 15.04 Wed, Mar 01
‘S Account Type Yealink Meeting Server y
P so2 .
@ Network Password secsee
5 Phone Lock Server mcu.leucs.com
8 Set Password [/] Remember the Password
@« Set AES Key Advanced Settings >
+ Auto Provision

7. (Optional) Tap » after Advanced Settings.
Enter the IP address or domain name of the proxy server in Outbound Proxy Server field.
8. Tap the Log in soft key.

YMS account is configurable via web user interface at the path Account->Cloud Account.

Using Yealink Meeting Server

After logging into Yealink VC Cloud Management Service platform, you can:

e Sync the YMS contact.
. Dial the other YMS account to establish a conversation.

° Use the YMS video conference feature.

Enterprise Directory
If you log into the Yealink Meeting Server, enterprise directory which is created by your
enterprise administrator, appears in your IP phone.
There are four types of YMS contact:

e  User: The users with YMS accounts. The enterprise administrator can create departments

for users.
e  Room system: The devices with YMS accounts registered in the video meeting room.
e  Third party device: The devices without YMS accounts.

e VMR:ltis also called the Permanent VMR. The enterprise administrator can determine

whether to synchronize the permanent VMR to the IP phone.

Note that only the enterprise administrator has the permission to add, edit and delete YMS

contacts. Contact your enterprise administrator for more information.

You can place calls to or search for the YMS contacts. For more information on Yealink Meeting

Server, please refer to Yealink Meeting Server Administrator Guide.
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To place a call to a YMS contact from enterprise directory:

1.

2.

Tap u ->Enterprise Directory.

Directory 10:24 Thu, Nov 23
Q P 2 Yealink Network Technology Co.,Ltd(236)
Search Add Setting ==
(90| Marketing(3 >
Enterprise Directory l' 9B3)
Local Directory 2% Room System(4) >
Blacklist (R9| virtual Meeting Room(13) >
Q0 Third Party Device(7) >
Ton
L O :

G

History Directory

Do one of the following:
- Tap the desired contact.

- Tap @ after the desired contact.
Tap Send.

51000 Contact Details 11:25 Thu, Aug 04

Name: testl

Number: 584922345

Dialing YMS accounts

308

To dial a YMS account:

1.
2.
3.

Pick up the handset, press the Speakerphone key or tap the line key.
Enter the desired YMS account number.

Tap Send.
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YMS Video Conference

When you log into Yealink Meeting Server platform, you can use video conference feature.

There are three types of YMS video conference:

e  Scheduled conference: You should schedule the conference using the Yealink Meeting

Server or Microsoft Outlook software.
e  Meet Now: You can initiate a meet now conference at any time, without a reservation.

e  Permanent Virtual Meeting Room: The permanent VMR is created by your enterprise

administrator. You can join the permanent VMR at any time without a reservation.
With the YMS video conferencing feature, you can:

e View and join scheduled conferences.
e Initiate and join meet now conferences.
e Join the permanent VMR.

e Manage conferences.

Note If more than one IP phone registered the same YMS account join the same conference, the
former IP phone which joined the conference will leave the conference automatically. The
conference only allows one of them to join the conference.

Scheduled Conference

You can schedule a conference using the Yealink Meeting Server or Microsoft Outlook software.
After you schedule the conference, the scheduled conference will be added to all invitees' IP
phone. And invitee whose YMS account is associated with an email address, will receive an email

about how to join the conference.

For more information on how to schedule a conference, refer to Yealink Meeting Server User
Guide.
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Viewing Scheduled Conference Information

310

If you register a YMS account successfully, the idle screen will display your upcoming or ongoing

conference schedules for today.

09:42

Wed, Mar 29

Next Conference (18 minutes left )
Subject : Group Discussion
Time : 2017/3/29 10:00-10:30

Organizer ; hqz

= DSS Key

And there will be a Schedule menu on the menu screen. You can view all scheduled conference
information in Schedule menu. The IP phone will not display the expired scheduled conference
information. The scheduled conference information contains subject, conference ID, time,
password, organizer and participants. If the conference organizer edits the conference content
(e.g., time and participants) or cancel the conference via Yealink Meeting Server or Microsoft
Outlook software after you have sent the invitation, the conference schedule will update in real

time.
To view scheduled conference information in the Schedule menu:

1. Do one of the following:
- Tap the Next Conference box on the idle screen.
- Tap w ->Schedule.

The daily conference information will display as a list on the right of the touch screen.
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2. (Optional.) Tap a desired date on the calendar to view the schedule of selected day.

Switch to previous month Switch to next month

Schedule 09:34 Thu, Mar 02

4 HaK 203/ > Daily information Trge
Sun Mon Tue Wed Thu Fri Sat ® Technical Seminar
! 5w : Unread information sl

Group Discussion

A S A 1 L0014 o 20 Read information [

Has read upcoming  Has unread upcoming
conference conference

3. Tap Detail to view the conference details.

& 9882 Conference Details 09:52 Thu, Mar 02
Subject Group Discussion
1D: 53321
Time : 2017/3/2 (Thu) 11:30-12:30
Password : 912587
Organizer : A 2550
Participants : u 2550 L hqz

Joining a Scheduled Conference
You can join the scheduled conference in following ways:
e  Joining a scheduled conference from a conference reminder
e  Joining a scheduled conference from a conference invitation
e Joining a scheduled conference from notification center
e  Joining a scheduled conference from the Schedule

e Dialing to join a scheduled conference
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Joining a Scheduled Conference from a Conference Reminder

A pop-up reminder is displayed 5 minutes before the conference starts.

To join a conference from a conference reminder:
1. Do one of the following:

- Tap Join to join the conference.

- Tap Details.

Conference Details 09:59 Wed, Mar 29
Subject : Group Discussion
ID: 55723
Time ! 2017/3/29 (Wed) 10:00-10:30
Password : 967842
Moderators : 1 hgz
Participants : 2| hgz L ane

Tap the Join soft key to join the conference.

If you do not want to join the conference, you can tap Ignore to permanently remove the

reminder from the screen and stop all future reminders for this schedule.

Note If the IP phone is during a call, the touch screen will not pop up the reminder. In this case, if the
scheduled conference is still ongoing when the call ends, the touch screen will pop up the
reminder. If the scheduled conference has ended before the call ends, the touch screen will not
pop up the reminder.
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Joining a Scheduled Conference from a Conference Invitation

When the scheduled conference begins, the IP phone will receive a call that invites you to join

the conference.

Note This feature is available only if the enterprise administrator enables the automatic dialing
feature. For more information on automatic dialing feature, refer to
Yealink_Meeting_Server Administrator.

To join a conference from a conference invitation:

u,«b

Jannie) invites you to join conference(Gr
1D:33312

-+ DsS Key

1.  When receiving the invitation, tap Answer to join the conference.

You can also do one of the following:

- Tap FWD to forward the incoming call to another contact.
- Tap Silence to stop the phone from playing ring tone.

- Tap Reject to decline the incoming call.

Note If you enable the auto answer feature, the IP phone will join the scheduled conference
automatically once you receive a conference invitation.

Joining a Scheduled Conference from Notification Center

If you register a YMS account successfully, the notification center will display an Ongoing

Conference tab.

By default, when the conference is about to take place in 5 minutes, the status bar displays the
icon . . and the notification center displays the conference information. You can tap the

desired conference notification to join the conference in advance. Or during the conference, you

can tap the desired conference notification to join the conference.

Note The icon * *._on the status bar has a counter indicating the number of ongoing conferences.
For example, indicates there are 3 ongoing conferences.

The enterprise administrator can configure the time for the participants to join the conference in 3
advance. For more information, refer to your enterprise administrator.
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To join a conference from notification center during the conference duration:

1. Swipe down from the top of the screen to enter the notification center.

n Group Discussion

n hqz's video conference

2. Under the Ongoing Conference tab, tap the desired conference notification to join the
conference.

Joining a Scheduled Conference from Schedule

By default, you can join a scheduled conference that is about to take place in 5 minutes or less.

Note The enterprise administrator can configure when participants can join the scheduled conference.
For more information, refer to your enterprise administrator.

To join a conference from Schedule:

1. Do one of the following:
- Tap the Next Conference box on the idle screen.
- Tap m ->Schedule.

The daily conference information will display as a list on the right of the touch screen.
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2. Tap adesired date on the calendar to view the schedule of selected day.

Schedule 10 06 Wed, Mar 29

b Mar 2017 i Today

Sun Mon Tue Wed Thu Fri Sat Group Discussion
10:00-10: 30 Ongoing
W B B [ o0 ]

® hqz's video conference

5 6 7 8 9 10 11 I' ")T,_“\‘lrr”,lvh?u‘- g n m

12 13 14 15 16 17 18

19 20 21 22 23 24 25

26 27 2830 31

=] #H

3. Do one of the following:

- Tap Join to join the conference.

- Tap Detail to view the conference details.

“Ta 8882 Conference Details 09:59 Wed, Mar 29
Subject : Group Discussion
ID: 55723
Time ! 2017/3/29 (Wed) 10:00-10:30
Password : 967842
Moderators : L hqz
Participants : j_j hqz |2 Jane

Tap the Join soft key to join the conference.

Dialing to Join a Scheduled Conference

If you schedule a conference or you are invited to join a scheduled conference, you can obtain

the conference information in following ways:

e Invitee whose YMS account is associated with an email address will receive an email, which
includes the IP address, conference ID, conference password and the way of joining a

scheduled conference.
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The following is an example of the email:

Hzlle,

Test invites you to join video conference!

Subject: Test

Time: 2017-11-24 15:30:00 ~ 2017-11-24 16:00:00 (UTC+08:00)
Location:

iD: 72620

Fassword: 355321

The way to jeoin conference:

1) One-button to join conference from Yealink VC device which receives
conference reminder.

2} The device which has regiztered YMS account, please follow the voice
prompt to enter conference ID 72620 & password 355321 , and end with &
key.

3) The device which hasn't registered YM5 sccount, please dial

110, B7. 96. 13 or I0.86.0.199 first, then follow the voice prompt to enter

conference ID 72620 & password 333321, and end with = key.

4) Te join from a SIP device, please dial T

12820e+355321810, 686, 0, 199 and join the conference.

e

5 To join from a H.323 device, plesse dial 110, 87,96, 13:372620++355321

or 10. BA. 0. 199%2355321%+355321 and join the conference.

B} Te join from a browser, plesss access

https: /7110, BT, 96, 13:8442/8/ lozin?t=g0WaOHN] SERx I0uPh+Zall— or

hrepes /10, 86, 0, 1993442 /2 ToxinPe=o0We(iF] SERxZ0uPh+FaN0== and join the

conference,

Yealink Team www, yealink. com cn

e The IP phone displays conference information, which includes the conference ID and
conference password. For more information, refer to Viewing Scheduled Conference

Information on page 310.
e Contact the conference participants.

The IP phone will fail to join the conference in the following scenario:

e  The conference is expired.
e  You enter the wrong conference information.

. The current time is more than 5 minutes before the scheduled start time.

Note The enterprise administrator can configure the time for the participants to join the conference in
advance. For more information, refer to your enterprise administrator.

To dial into a conference:
1. Do one of the following:

- Ifyou register a YMS account, dial the conference ID to join the conference.

Obtain the conference information from your IP phone, your email or the other

conference participants.
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- If you do not register a YMS account, dial the server address to join the conference.
Obtain the conference information from the other conference participants.
- Tojoin from a SIP device, dial conference ID**conference password@server

address or server address##conference ID**conference password to join the

conference.

—  Tojoin from a H.323 device, dial server address##conference ID**conference

password to join the conference.

Obtain the conference information from the conference participants or your email

address.

Meet Now

If you register a YMS account successfully, the idle screen will display a Meet Now shortcut key.

11 14

Thu, Mar 30

Next Conference (16 minutes left )

Subject : Group Discussion
Time : 2017/3/30 11:30-12:00

Organizer | hgz

You can initiate a meet now conference by tapping at any time.
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Initiating a Meet Now Conference

To initiate a meet now conference:

1. Tap .

The conference is initiated successfully.

10:56 Thu, Mar 30

Talking

hz's video torference (10,62628)

+ DSS Key

Joining a Meet Now Conference

In the ongoing meet now conference, you can dial to join the conference. And you can obtain

the conference information from the participants of meet now conference.
To dial to join a meet now conference, do one of the following:
- If you register a YMS account, you can dial the conference ID to join the conference.

- Tojoin from a SIP device, dial conference ID**@server address or server

address#i#conference ID to join the conference.

- Tojoin from a H.323 device, dial server address##conference ID to join the conference.

Permanent Virtual Meeting Room

318

Permanent VMR is a permanent virtual meeting room created by enterprise administrator. The

conference ID of the permanent VMR is fixed, you can join the permanent VMR at any time.

You can join the permanent VMR in following ways:

e  Joining a permanent VMR from enterprise directory

e Dialing to join a permanent VMR
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Joining a Permanent VMR from Enterprise Directory

You can search and check the permanent VMR information then place a call to the permanent

VMR from Enterprise directory.

Note The enterprise administrator can determine whether to synchronize the permanent VMR to the IP
phone. For more information, please refer to Vealink Meeting Server Administrator Guide.

To join a permanent VMR from enterprise directory:

1. Tap E ->Enterprise Directory->Virtual Meeting Room.

Directory 10 31 Thu, Now 23

Q 2 2 Yeallnk Network Technology Co.,Ltd > Virtual Meeting Room(13)
S Aoa

T49 Project

[vmm| VCD Project

Local Directory

Blacklist |vmn| VCM Project @

VCS Project

‘ vmr YMS Project ©)

2. Do one of the following:
- Tap the desired permanent VMR.

- Tap @ after the desired permanent VMR.

Tap Send to dial out the conference ID.

Dialing to Join a Permanent VMR

Do one of the following to dial to join a permanent VMR:

If you register a YMS account, you can dial the conference ID to join the permanent VMR.

If you do not register a YMS account and the permanent VMR requires no password:

® To join from a SIP device, dial conference ID**@server address or server

address##conference ID to join the permanent VMR.
® To join from a H.323 device, dial server address##conference ID to join the
permanent VMR.
- If you do not register a YMS account and the permanent VMR requires a password:

® Tojoin from a SIP device, dial conference ID** conference password@server address
or server address##conference ID**conference password to join the permanent
VMR.
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® Tojoin from a H.323 device, dial server address##conference ID**conference

password to join the permanent VMR.

YMS Conference Management

Inviting Conference Participants

During the YMS video conference, you can invite other YMS contacts to join the conference.

Note You are not allowed to invite other YMS contacts to join the conference if you join the conference
by dialing a URL

To invite conference participants during the YMS video conference:

10:56 Thu, Mar 30

EL

haz's video tonference (10162628)

1. Tap Invite.
2. Do one of the following:

- Select the desired YMS contacts.

Directory 10 33 Thu, Nov 23
Q Yealink Network Technology Co.,Ltd(236)
Seath

Select All (3/3028) 1 x‘n,:
Enterprise Directory -
(/] 1& Marketing(3) ?
:m Room System(4) >
Q¥ Third Party Device(7) >
L’o TOF‘Y 2

Directory Keypad
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(Optional.) After selecting the desired YMS contacts, tap Selected on the top-right of

the touch screen to view the selected YMS contacts.
Tap Invite on the top-right of the touch screen to send the invitation.
— Tap Select All checkbox to select all YMS contacts.

Tap Invite on the top-right of the touch screen to send the invitation.

- Tap the Keypad soft key.

o) 1nvite 10:57 Thu, Mar 30

,. ‘1‘107

9, 118 :

= 1| 2 3

’. 1109 ‘ |

= 1109 ‘— { 0
A 7, SO (R

3, 110 i

e L7l B =
,‘ 1111 _ 4 L o
,. 3;1;}1“ | * 0 #s&uo

Directory

Enter the desired number.

Press , or tap Invite to send the invitation.

The invitees will join the conference as soon as they answer the call.

Note If you fail to send invitation, you can re-send the invitation according to the prompt or contact
your enterprise administrator.

Applying for Speaking

Not all conference participants need apply for speaking. If you join the Training mode
scheduled conferences/permanent VMRs, all guests are muted automatically except moderators
(or the organizer), guests need to wait for the moderator to appoint lecturers. If guests want to
speak, they should apply for speaking. Only when the moderator allows the application, can

they speak freely.

For more information on these two modes, refer to Vealink Meeting Server User Guide.

Note In meet now conference, participants can speak freely.
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To apply for speaking:

After joining a conference as a guest, the status bar prompts “Please press Mute to apply for

speaking” in first 30 seconds.

Please press Mute to apply for speaking 13 40 Thu, Mar 02

Conference 53321

+ DSS Key

f:“\I
1. Press {({{ )
The status bar prompts “You are applying for speaking”, and the icon @ appears on

top-left of the local-site video window.

You are applying for speaking 13:50 Thu, Mar 02

[
' Talking

Conference 53321

The moderator will deal with the application on Yealink Meeting Server. For more information,

refer to Yealink Meeting Server User Guide.

Hold/Resume

To place a conference on hold:

1. Press || or tap the Hold soft key during a call.

The phone will beep softly every 30 seconds to remind you that you still have a conference on
hold.
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To resume a held conference:

1. Press [ & Jor tap the Resume soft key.

Leaving Conference

All participants can leave the conference at any time.
To leave a conference:

- For the moderator (or organizer), tap the EndCall soft key.

Do you want to end or leave this
conference?

Tap the Leave, others keep going.
- For other participants, tap the EndCall soft key.

Other participants remain connected.

Ending Conference

If you are the moderator (or organizer) of the YMS video conference, you can end the

conference. After ending the conference, all participants are disconnected.
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To end a conference:

1. Tap the EndCall soft key.

Do you want to end or leave this
conference?

2. Tap End conference.

All participants are disconnected.

Third-Party Platform

Logging into Third-Party Platform

StarLeaf Cloud Platform

To log into StarLeaf Cloud platform:

Tap @ ->Advanced (default password: admin) ->VC Account->Cloud Account.
Tap the desired account.

Tap the Type field.

P W N H

Tap StarLeaf in the pop-up dialog box.
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5. Enter the quick access code in QCP field. Contact your Cloud enterprise administrator for

more information.

=¥ 1000 Account 1 08:47 Wed, Nov 22

@ Account Type StarLeaf

@ VC Account Qcp 235164268471

W Network

@5 Phone Lock
6 Set Password

@, Set AES Key

+ Auto Provision

6. Tap the Log in soft key.

Note The QCP code can be used only once.

StarLeaf Cloud account is configurable via web user interface at the path Account->Cloud

Account.

Zoom Cloud Platform

To log into Zoom Cloud platform:

Tap m ->Advanced (default password: admin) ->VC Account->Cloud Account.
Tap the desired account.
Tap the Type field.

Tap Zoom in the pop-up dialog box.

i & W N M

(Optional.) Enter the desired value in Label field.
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6. Enter the desired value in Server field. Contact your Cloud enterprise administrator for

more information.

Account 3 16 52 Thu, Aug 18
@ Account Type Zoom p
@ Network Server zoomcrc.com

5 Phone Lock
8 Set Password

Q,  Set AES Key

< Auto Provision

7. Tap the Log in soft key.

Zoom Cloud account is configurable via web user interface at the path Account->Cloud

Account.

Pexip Platform

To log into Pexip platform:

Tap m ->Advanced (default password: admin) ->VC Account->Cloud Account.
Tap the desired account.

Tap the Type field.

Tap Pexip in the pop-up dialog box.

(Optional.) Enter the desired value in Alias field.

@ v A w N+

Enter the desired value in User Name, Password and Server field respectively. Contact

your Cloud enterprise administrator for more information.
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Features

7.

8.

(Optional.) Tap the Remember the Password checkbox.

1000

Account 3

16:54 Thu, Aug 18

@ Account Type Pexip

@ Network User Name 111

T3 Phone Lock Password eoe

8 Set Password Server 110.2.1.171
@, Set AES Key (] Remember the Password

& Auto Provision

Tap the Log in soft key.

Pexip account is configurable via web user interface at the path Account->Cloud Account.

BlueJeans Cloud Platform

To log into BlueJeans Cloud platform:

7.

1
2
3
4.
5
6

Tap m ->Advanced (default password: admin) ->VC Account->Cloud Account.

Tap the desired account.
Tap the Type field.
Tap BlueJeans in the pop-up dialog box.

(Optional.) Enter the desired value in Label field.

Enter the desired value in Server field. Contact your Cloud enterprise administrator for

more information.

Account 2

1613 Mon, Aug 29

@ Account Type | BlueJeans
i Network Server bjn.ve
& Phone Lock

& Set Password

@ Set AES Key

& Auto Provision

Tap the Log in soft key.
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BlueJeans Cloud account is configurable via web user interface at the path Account->Cloud

Account.

Mind Platform

To log into Mind platform:

7.

o v M w N+

Tap m ->Advanced (default password: admin) ->VC Account->Cloud Account.
Tap the desired account.

Tap the Type field.

Tap Mind in the pop-up dialog box.

(Optional.) Enter the desired value in Label field.

Enter the desired value in Server field. Contact your Cloud enterprise administrator for

more information.

4 1000 Account 3 16 55 Thu, Aug 18

VC Account
@ Network Server _mind.iotl.yealink.comv
¥ Phone Lock

& Set Password

@ Set AES Key

& Auto Provision

Tap the Log in soft key.

Mind account is configurable via web user interface at the path Account->Cloud Account.

Custom Platform
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To log into Custom platform:

i A wWw N H

7.

Tap m ->Advanced (default password: admin) ->VC Account->Cloud Account.
Tap the desired account.

Tap the Type field.

Tap Custom in the pop-up dialog box.

Enter the desired value in Label, User Name, Register Name, Password and Server field

respectively. Contact your Cloud enterprise administrator for more information.
(Optional.) Tap the Remember the Password checkbox.

Tap the Log in soft key.

Custom account is configurable via web user interface at the path Account->Cloud Account.
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Using Third-Party Platform

For StarLeaf/Pexip account, you are allowed to dial other account and join meetings. For

Zoom/BlueJeans/Mind account, you are only allowed to join meetings.

For a custom account, you can use the corresponding platform feature.

Dialing StarLeaf/Pexip Account

To dial StarLeaf/Pexip accounts:

1. Tap the StarLeaf/Pexip line key.
2. Enter the desired account number.

3. Tap Send.

Joining the Third-Party Platform Meeting
You can join the third-party platform meeting in following ways:
e Dialing to join the third-party platform meeting

e Joining the third-party meeting by 3rd-party VMR key

Dialing to Join the Third-Party Platform Meeting

You can dial out the meeting ID to join the meeting.
To join a meeting:

1. Tap the StarLeaf/Zoom/BlueJeans/Pexip/Mind line key.

o) Zoom 17:12 Thu, Aug 18
[I Yeallnk SIP... | Enter the meeting ID
[@ | 99999 i
. 1 y 8 "
1038 | )
!L 1038
’I 10)2{086 4GHI 5 K 6MNO
T | 8w | O |

J Keyboard

History Directory

2.  Enter the meeting ID (for StarLeaf/Zoom/BlueJeans/Mind platform) or conference alias/URI

(for Pexip platform).

3. Press ,ortap Send.
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Note

Then you join to the meeting.

For Zoom/BluelJeans platform, if you enter nothing or enter wrong information, you can still be
sent to the Zoom/Blueleans welcome screen. Follow the voice prompt to join the meeting.

Joining the Third-Party Meeting by 3rd-party VMR Key
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If you haven't logged into the third-party platform or you only log into the Yealink VC Cloud
Management Service platform/Yealink Meeting Server, you can configure a 3rd-party VMR key

to quickly join a meeting. It is only applicable to Zoom/BlueJeans/Custom platform.

To configure a 3rd-party VMR key via phone user interface:

1. Tap m»Features»DSS Keys.
2. Tap the desired line key.
3. Tap the Type field.
4. Tap 3rd-party VMR in the pop-up dialog box.
5. Tap the Platform field.
6. Tap the desired platform in the pop-up dialog box.
7. (Optional.) Enter the string that will appear on the touch screen in the Label field.
8. Enter the ID for the meeting room in the Meeting ID field.
9. Enter the IP or FQDN of the platform in the IP/FQDN field.
7 1000 DssKey 3 20:21 Tue, Dec 06
2 Call Forward 1. Type: 3rd-party VMR 3
¢  Call Waiting 2. Platform: Zoom 4
A Auto Answer 3. Label: Zoom
4. Meeting ID: 955488426
@ DND 5. IP/FQDN: | zoomerc.com
B Intercom
£ Anonymous
10. Tap the Save soft key to accept the change or to cancel.

3rd-party VMR key is configurable via web user interface at the path DSSKey->Line key.
To join a meeting by using a 3rd-party VMR key:

1. Tap the 3rd-party VMR key.

Then you join to the meeting.
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Receiving Presentations

During the video call, the IP phone supports receiving presentations to meet the requirements
of different conference scenarios, such as training or medical consultation. You can see the
contents that the presenter wants to show you. To receive presentations, you should enable the
BFCP protocol (for YMS/Zoom/Pexip/BlueJeans/Mind/Custom account) or H.239 protocol (for
StarLeaf account) first. The Yealink Cloud account supports receiving presentations by default,

and it cannot be configured.

The following figures show an example of phone screen display during a video call when

receiving presentation (H.239 or BFCP protocol is enabled):

o) 15 57 Thu, Aug 18

1000

109 6
10.2.5:141 =7 DSS Key

The shared contents are shown on the second screen, you can swipe to return to the video call

screen.

17:38 Fri Jul 22

]

=% DSS Key
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The following figures show an example of phone screen display during a video call when

receiving presentations (both H.239 and BFCP protocols are disabled):

i Jul 22

]

(%)
=% DSS Key

To configure BFCP protocol via web user interface:

1. Click on Account->Cloud Account.
2. Select the desired account from the pull-down list of Account.
3. Select Enabled from the pull-down list of BFCP.

Log Our

Yealink | visc

| Status | Newwork || DSSKey | | Features || Settings | | Directory. | | Security |
‘General Account Account 3 NOTE -
Cloud Account S
= ail

et account-coud-note

Rapbkter S@Ws Repktered
Bask Labl P (7] 13 You can chick kere to gat

more guides.

Codec Senver Host TODMCTC.COm

Trensport TE‘P - e
Advanced

Advanced Setting
VC Account

Cloud Account OTMETee AtLabds = @

DTMF Info Type DTMF-Reky (7]
H.323

DTMF Paylad Type(96~127) 101 (7]
SIP TP Call Keep Alve Interval Szconds) 0 [7]

BECP Enabled - 5|

Log Qut Account | Log Out |

Confim Cancel

4. Click Confirm to accept the change.

Note BFCP is configurable via web user interface only.

To configure H.239 protocol via web user interface (for StarLeaf Cloud account):

1. Click Account->Cloud Account.
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2. Select a desired value from the pull-down list of H.239.

=]
Log Ot

Yealink | s

Network ': DSSKey Features || Selttings | Directory || Security |

General Account 1 | Account 1 ‘“ Star.eal " NOTE
Clouwd Account T
- -
Register acount-doud-note
REgister STatus Regetered
Basic fole:] 324435546234 @ [Tl ou can dhick here to get
more guidss.
Coden Advanced Setting
H.323 Tunnelng Disabled - [7]
Advanced
H.235 Encryption Dsanled - (7]
> Account
Cloud Account CALURE L AU = L2
Local Early Madia Disablad - [7]
H.O023
l H.239 Enabled - p
SIP TP Call Log Out Account | Log Dut |
Confim Cancel

3. Click Confirm to accept the change.

H.239 for StarLeaf Cloud account is configurable via web user interface only.

H.323 Settings

The SIP VP-T49G IP phone only support SIP protocol by default, after enabling the video
conferencing feature (refer to Video Conferencing), the IP phone can also support H.323 call

protocols. You can register an H.323 account to directly communicate with H.323 endpoints.

Registering a H.323 Account

To register an H.323 account via phone user interface:

1. Tap ﬂj ->Advanced (default password: admin) ->VC Account->H.323.

2.  Enter the desired value in the corresponding field respectively. Contact your system

administrator for more information.

1000 16 59 Thu, Aug 18

@ Account 2. H.323 Protocol: Enabled 2

3. H.323 Account: Enabled p
i@ Network 4. H.323 Name: 9008
5 Phone Lock 5. H.323 Extension: 9008
& Set Password 6. Gatekeeper Mode: Manual Mode p
Q,  Set AES Key 7. Gatekeeper Serverl: 10.2.1.43
< Auto Provision 8. Gatekeeper Port 1: . 17179 i

- B
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3. Tap the Save soft key to accept the change or to cancel.

H.323 account is configurable via web user interface at the path Account->H.323.

After successful registration, you can configure a line key for H.323 account. For more

information, refer to Line on page 139.

Allow H.323 IP Call

You can configure H.323 protocol to enable or disable the IP phone to place/receive H.323 IP
call. If SIP/H.323 IP call is both enabled, the IP phone will select desired type according to this
priority: H.323 IP call>SIP IP call.

To enable H.323 protocol via phone user interface:

1. Tap m ->Advanced (default password: admin) ->VC Account->H.323.
2. Tap the H.323 Protocol field.

3. Tap Enabled in the pop-up dialog box.

4.

Tap the Save soft key to accept the change or to cancel.

Auto Answer

You can configure the H.323 Auto Answer feature to enable or disable the IP phone to
automatically answer the incoming H.323 calls. Auto answer is only applicable when there is no

other call in progress on the phone.
To configure H.323 auto answer feature via phone user interface:

1. Tap m ->Features->Auto Answer.
2. Tap the On radio box in the H.323 field.

This field appears only if you enable the video conferencing feature (refer to Video

Conferencing).

Auto Answer 09 19 Fri, Aug 19
€2 Call Forward 11. Line 11: On ®off
¢ Call Waiting 12. Line 12: On ®off
@ DSS Keys 14. Line 14: On ®off
@ DND 15. Line 15: On ®O0ff
B Intercom 16. Line 16: On ®off
4 Anonymous 17. H.323: @®0n Off

3. Tap the Save soft key to accept the change or to cancel.

H.323 auto answer is configurable via web user interface at the path Account->H.323.
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Receiving Presentations

During the video call, the IP phone supports receiving presentations to meet the requirements
of different conference scenarios, such as training or medical consultation. You can see the
contents that the presenter wants to show you. To receive presentations, you should enable the

H.239 protocol first.

The following figures show an example of phone screen display during a video call when

receiving presentation (H.239 is enabled):

15 57 Thu, Aug 18

1095
10.2.5:141 =% DSS Key

The shared contents are shown on the second screen, you can swipe to return to the video call

screen.

Ergl

=% DSS Key
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The following figures show an example of phone screen display during a video call when

receiving presentations (H.239 is disabled):

17:38 Fri Jul 22

]

(%)
=% DSS Key

To configure H.239 via phone user interface:

1. Tap m ->Advanced (default password: admin) ->VC Account->H.323.
2. Tap the H.239 field.

3. Tap the desired value in the pop-up dialog box.

17:46 Thu, Aug 18

@ Account 14. H.460 Active: Disabled p
15. H.323 Tunneling: Disabled y

@ Network 16. H235 Encryption: Disabled !

5 Phone Lock 17. Protocol Monitor Port: 1720

& Set Password 18. DTMF Type: Auto P

@, Set AES Key 19. Local Early Media: Disabled p

2 Auto Provision 20. H.239: Enabled —

4. Click Confirm to accept the change.

H.239 is configurable via web user interface at the path Account->H.323.

SIP IP Call Settings

The IP phone supports SIP IP call by default, and it cannot be configured. After enabling the
video conferencing feature (refer to Video Conferencing), the IP phone support configuring SIP

IP call feature.
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Allow SIP IP Call

The IP phone supports SIP IP call by default. You can disable the SIP IP call feature, and the IP
phone cannot place or receive SIP IP call. If SIP/H.323 IP call is both enabled, the IP phone will
select desired type according to this priority: H.323 IP call>SIP IP call.

To configure the allow SIP IP call via phone user interface:

1. Tap m ->Advanced (default password: admin) ->VC Account->SIP IP Call.
2. Tap the IP Call field.

3. Tap the desired value in the pop-up dialog box.

SIP IP Call 14:46 Mon, Dec 19
@ Account |1. IP Call | Disabled J
2. IP Call Auto Answer: Disabled 3
@ Network 3. Transport: TCP y
@3 Phone Lock 4. SRTP: Disabled y
& Set Password 5. DTMF Type: RFC2833 J
@, Set AES Key 6. DTMF Info Type: DTMF-Relay 4
2 Auto Provision 7. DTMF Payload Type: 101

4. Tap the Save soft key.

Allow SIP IP call is configurable via web user interface at the path Account->SIP IP Call.

Auto Answer

You can configure the SIP IP Call Auto Answer feature to enable or disable the IP phone to
automatically answer the incoming SIP IP calls. Auto answer is only applicable when there is no

other call in progress on the phone.
To configure the allow SIP call IP call via phone user interface:

1. Tap m ->Advanced (default password: admin) ->VC Account->SIP IP Call.
2. Tap the IP Call Auto Answer field.
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3. Tap the desired value in the pop-up dialog box.

SIP IP Call 11 11 Thu, Nov 24
@ Account 1. IP Call: Enabled :
IzA IP Call Auto Answer: Enabled i
2 Network 3. Transport: TCcp p
@5 Phone Lock 4. SRTP: Disabled 4
& Set Password 5. DTMF Type: RFC2833 J
@, Set AES Key 6. DTMF Info Type: DTMF-Relay ?
« Auto Provision 7. DTMF Payload Type: 101

4. Tap the Save soft key.

SIP IP Call Auto Answer is configurable via web user interface at the path Account->SIP IP Call.

Receiving Presentations

During the video call, the IP phone supports receiving presentations to meet the requirements
of different conference scenarios, such as training or medical consultation. You can see the
contents that the presenter wants to show you. To receive presentations, you should enable the
BFCP protocol first.

The following figures show an example of phone screen display during a video call when

receiving presentation (BFCP protocol is enabled):

15 57 Thu, Aug 18

=7 DSS Key
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The shared contents are shown on the second screen, you can swipe to return to the video call

screen.

17:38 Fri Jul 22

i

=
© % DSS Key

The following figures show an example of phone screen display during a video call when

receiving presentations (BFCP protocols is disabled):

17:38 Fri Jul 22

1

=% DSS Key

To configure BFCP protocol for SIP IP call via phone user interface:

1. Tap m ->Advanced (default password: admin) ->VC Account->SIP IP Call.

2. Tap the BFCP field.
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3. Tap the desired value in the pop-up dialog box.

SIP IP Call 11:14 Thu, Nov 24
@ Account 4. SRTP: Disabled p
5. DTMF Type: RFC2833 )
@ Network 6. DTMF Info Type: DTMF-Relay p
5 Phone Lock 7. DTMF Payload Type: 101
8 Set Password 8. RPort: Disabled |
Q,  Set AES Key 9. NAT: Disabled 4
& Auto Provision 10. BFCP: Enabled )

4. Tap the Save soft key.

BFCP for SIP IP call is configurable via web user interface at the path Account->SIP IP Call.

Call Stats Key

340

If voice quality is poor during a call, you can tap call stats key to view the current status of the

call to find out why.

Codec, bandwidth, total packet lost and other parameters about presentation are included in
the call stats. For example, when a delay occurs or the video has a ‘mosaic’ look, you can view

the total packet loss to check whether the packet has been lost.
Before configuring a call stats key, you should enable the video conferencing feature (refer to
Video Conferencing) first.

To configure a call stats key via phone user interface:

Tap w- >Features->DSS Keys.

Tap the desired line key.

Tap the Type field.

Tap Key Event in the pop-up dialing box.
Tap the Key Type field.

o v w NP

Tap Call Stats in the pop-up dialog box.
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7. (Optional.) Enter the string that will appear on the touch screen in the Label field.

DssKey 3 15:02 Mon, Dec 19

2 Call Forward 1. Type: Key Event
% Call Waiting 2. Key Type: Call Stats
A Auto Answer 3. Label:

@ DND

§ Intercom

4 Anonymous

8. Tap the Save soft key to accept the change or to cancel.

Call stats key is configurable via web user interface at the path DSSKey->Line key.
To check call stats via phone user interface:

1. Tap the call stats key during the call.

The call stats will be displayed as below:

1000 1037 08:53 Mon, Nov 28

2 1037

Protocol ~ SIP

Device Info Yealink S

Check the call stats via web user interface at the path Status->Talk Statistics.

Videoconferencing Key
You can use videoconferencing key to make a video call, to set up a video conference or add a

party to the conference. Before configuring a videoconferencing key, you should enable the

video conferencing feature (refer to Video Conferencing) first.
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To configure a videoconferencing key via phone user interface:

Tap M—>Features—>DSS Keys.

Tap the desired line key.

Tap the Type field.

Tap Videoconferencing in the pop-up dialing box.
Tap the Account ID field.

Tap the desired line in the pop-up dialog box.

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

® N o vk W N =

(Optional.) Enter the IP/URI that will be added to the conference in the IP/URI field.

If you leave it blank, the videoconferencing key will perform the same function as

Conference soft key during a video call.

5" 1000 DssKey 4 15:20 Mon, Dec 19

2 Call Forward 1. Type: Videoconferencing |

¢ Call Waiting 2. Account ID: Line 1

A Auto Answer 3. Label:

4. IP/URI: 192.168.0.1
© DND

@ Intercom

£ Anonymous

9. Tap the Save soft key to accept the change or to cancel.

Videoconferencing key is configurable via web user interface at the path DSSKey->Line key.
To make a video call using a videoconferencing key:

1. Tap the videoconferencing key when the phone is idle.

To set up a video conferencing using a videoconferencing key:

1. Tap the videoconferencing key during the video call.

When the party (specified in the IP/URI field) answers, the three-way video conference is set up.
To add a party to the video conference using a videoconferencing key:

1. Tap the videoconferencing key during the three-way video conference call.

When the party (specified in the IP/URI field) answers, the party is added to the conference and

the call between the party and others is audio-only.
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Appendix A - Time Zones

Time Zone Time Zone Name
-11 Samoa
-10 United States-Hawaii-Aleutian, United States-Alaska-Aleutian
-9:30 French Polynesia

-9 United States-Alaska Time

8 Canada(Vancouver,Whitehorse), Mexico(Tijuana,Mexicali), United
States-Pacific Time

7 Canada(Edmonton,Calgary), Mexico(Mazatlan,Chihuahua), United
States-MST no DST, United States-Mountain Time

6 Canada-Manitoba(Winnipeg), Chile(Easter Islands), Mexico(Mexico
City,Acapulco), United States-Central Time

5 Bahamas(Nassau), Canada(Montreal,Ottawa,Quebec), Cuba(Havana),
United States-Eastern Time

-4:30 Venezuela(Caracas)
Canada(Halifax,Saint John), Chile(Santiago), Paraguay(Asuncion),

-4 United Kingdom-Bermuda(Bermuda), United Kingdom(Falkland
Islands), Trinidad&Tobago

-3:30 Canada-New Foundland(St.Johns)

3 Argentina(Buenos Aires), Brazil(DST), Brazil(no DST),

Denmark-Greenland(Nuuk)
-2:30 Newfoundland and Labrador

-2 Brazil(no DST)

-1 Portugal(Azores)

Denmark-Faroe Islands(Torshavn), GMT, Greenland, Ireland(Dublin),

0 Morocco, Portugal(Lisboa,Porto,Funchal), Spain-Canary Islands(Las
Palmas), United Kingdom(London)

Albania(Tirane), Austria(Vienna), Belgium(Brussels),
Caicos, Chad, Croatia(Zagreb), Czech Republic(Prague),

‘1 Denmark(Kopenhagen), France(Paris), Germany(Berlin),
Hungary(Budapest), Italy(Rome), Luxembourg(Luxembourg),
Macedonia(Skopje), Namibia(Windhoek), Netherlands(Amsterdam),
Spain(Madrid)

Estonia(Tallinn), Finland(Helsinki), Gaza Strip(Gaza), Greece(Athens),

2 Israel(Tel Aviv), Jordan(Amman), Latvia(Riga), Lebanon(Beirut),
Moldova(Kishinev), Romania(Bucharest), Russia(Kaliningrad),
Syria(Damascus), Turkey(Ankara), Ukraine(Kyiv, Odessa)

+3 East Africa Time, Iraq(Baghdad), Russia(Moscow)

+3:30 Iran(Teheran)

4 Armenia(Yerevan), Azerbaijan(Baku), Georgia(Tbilisi),

Kazakhstan(Aktau), Russia(Samara)
+4:30 Afghanistan(Kabul)
Kazakhstan(Aqtobe), Kyrgyzstan(Bishkek), Pakistan(Islamabad),

+5 . .

Russia(Chelyabinsk)
+5:30 India(Calcutta)
+5:45 Nepal(Katmandu)
+6 Kazakhstan(Astana, Almaty), Russia(Novosibirsk,Omsk)
+6:30 Myanmar(Naypyitaw)

+7 Russia(Krasnoyarsk), Thailand(Bangkok)

+8 Australia(Perth), China(Beijing), Russia(Irkutsk, Ulan-Ude),
Singapore(Singapore)

+8:45 Eucla
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Time Zone Time Zone Name

+9 Japan(Tokyo), Korea(Seoul), Russia(Yakutsk,Chita)
+9:30 Australia(Adelaide), Australia(Darwin)

+10 Australia(Brisbane), Australia(Hobart),

Australia(Sydney,Melboume,Canberra), Russia(Vladivostok)

+10:30 Australia(Lord Howe Islands)

+11 New Caledonia(Noumea), Russia(Srednekolymsk Time)
+11:30 Norfolk Island

+12 New Zealand(Wellington,Auckland), Russia(Kamchatka Time)
+12:45 New Zealand(Chatham Islands)

+13 Tonga(Nukualofa)
+13:30 Chatham Islands

+14 Kiribati
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Appendix B - Me

Menu =

nu Structure

— General

—  Status —r— Network

— Phone

— Accounts

—| Call Forward
— Call Waiting
— Auto Answer
— DSS Keys

— DND

— Features "~ Intercom

— Anonymous
— General

— Hot Line

— Default Account
— Auto Redial

— Call Completion

— Paging List
— Language
== Time & Date

— Display
— Basic —

— Change PIN
— Bluetooth

— Wi-Fi

— Camera Setting
— Video Setting

— Site Name

— HDMI
— Account

— W Account

— Auto Provision
— FWD International
— Reboot

— Reset to Factory
Voice Mail

— Message

Text Message

— History
Local Directory
Blacklist
— Directory Remote Phone Book
Mobile Contacts

Cloud Phone Book

Browse Audio

Browse Video

— UsB
Browse Photo

Storage Space

— Sound —E

_E Key as send
History Record

Backlight
Wallpaper
Screensaver
Idle Clock

Ring Tones

Key Tone

— WAN Port
— VLAN

— Webserver Type

= 802.1x
— Network —
— VPN
— Phone Lock
— Advanced = — LLDP
(detautc i J— Set Password
efault password: admin — P
— Set AES Key
= NAT

_E View Voice Mail
Set Voice Mail

New Text Message
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