


User Guide SIP-T38G IP Phone

5. (Optional.) Enter the anonymous call off code in the Call Off Code field.

Anonymous Call

.'/"
1. Line ID: Line 1

2. Anonyhroiﬁé Call: Enable
3. Call On Code:
4. Call Off Code:

5. Rejection: Disable

Back Switch

6. Press the Save soft key to accept the change or the Back soft key to cancel.

You can also configure anonymous call 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 LCD screen of phone B prompts an incoming call from anonymity.

(O Ringing
— 4 _
' Anonymous
|

anonymous

(%)

Answer Forward Silence Reject

Anonymous Call Rejection

You can use anonymous call rejection feature to reject incoming calls from anonymous
callers. Anonymous call rejection automatically rejects incoming calls from callers who

deliberately block their identities and numbers from showing up.
To configure anonymous call rejection via phone user interface:

1. Press Menu->Features->Anonymous Call.

2. Press @ or @ , or the Switch soft key to select the desired line from the Line ID
field.

Press @ or @ to scroll to the Rejection field.
Press @ or @ , or the Switch soft key to select Enable from the Rejection field.

(Optional.) Enter the anonymous call rejection on code in the Reject On Code field.

o o A~ N

(Optional.) Enter the anonymous call rejection off code in the Reject Off Code field.
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7. Press the Save soft key to accept the change or the Back soft key to cancel.

You can also configure anonymous call rejection via web user interface at the path
Account->Basic.
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Advanced Phone Features

This chapter provides operating instructions for the advanced features of the SIP-T38G IP
phone. The topics include:

e Busy Lamp Field (BLF)

e BLF List

e Shared Line

e Call Recording

e Hot Desking

e Intercom

e Automatic Call Distribution (ACD)

¢ Messages

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

system administrator.

Busy Lamp Field (BLF)

You can use the BLF feature to monitor a specific user for status changes on the phone.
For example, you can configure a BLF key on the phone for monitoring the status of a
friend’s phone (busy or idle). When the friend picks up his phone to make a call, the BLF
key (memory key) LED illuminates solid red on your phone to indicate that the friend’s
phone is in use and busy. For more BLF key LED indications, refer to LED Instructions on
page 5.

You can press a BLF key to dial out the monitored phone number when it is idle. You can
receive a visual alert and an audio alert when the monitored phone is ringing. You can
also pick up a call directly by pressing the BLF key when the monitored phone is ringing.

For more information, contact your system administrator.
To configure a BLF key via phone user interface:

1. Press Menu->Features->DSS Keys->Memory Keys (or Line Keys).

2. Select the desired DSS key.

3. Press @ or @ , or the Switch soft key to select BLF from the Type field.
4

Press @ or @ or the Switch soft key to select the desired line from the Account ID
field.

5. Enter the phone number or extension you want to monitor in the Value field.
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6. (Optional.) Enter the pickup code in the Extension field.

DSS Key 1

1. Type: -

2. Account 1D:
3. Value:

9. Extensiorr

7. Press the Save soft key to accept the change or the Back soft key to cancel.

You can also configure the BLF key via web user interface at the path DSS Key.

When the monitored phone is ringing, you can enable audio alert for BLF pickup feature
to allow the monitoring phone to play a warning tone, you can also enable visual alert
for BLF pickup feature to allow the LCD screen of the monitoring phone to display the
caller ID.

To enable the visual and audio alert feature via web user interface:

1.  Click on Phone->Features.

2. Click the “+" sign on the left of the Call Pickup to expand the feature list.
3. Select Enabled from the pull-down list of Visual Alert for BLF Pickup.
4

Select Beep once from the pull-down list of Audio Alert for BLF Pickup.

Logout

Yealink

‘ Status ‘ Account ‘}‘ Network H DSS Key | Contacts ]‘ Security |
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Features ) Do Not Disturb Forward
i This feature allows you to
+
U a General Information forward an incoming call to
pgrade & another phone nurmber.

Auto Provision
Configuration
Dial Plan

Voice

Ring

Tones

SMS

Action URL

Softkey Layout

Audio Settings

oy

Intercom Settings

+

Transfer Settings
= call Pickup
Direct Call Pickup Code
Direct Call Pickup
Group Call Pickup Code
Group Call Pickup
isual Alert for BLF Pickup
Audio Alert for BLF Pickup
+ Remote Control Security
+ Phone Lock

+  Auto Call Distribution Settings

Cancel

Target
The number to which the
incoming calls will be forwarded.

On Code
The code that will be sent to
PBX when it is switched On.

Off Code
The cade that wil be sent to
PBX when it is switched Off.

Call waiting

This call feature allows your
phone to accept other incoming
calls during the conversation.

Key As Send
Select * or # as the send key.

Hotline Number

‘When you pick up the phone, it
will dial out the hotline number
automatically.

5.

Click Confirm to accept the change.
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When the monitored phone is ringing, the following occurs on the monitoring phone:

e  The phone plays a warning tone (if enabled).
e  The BLF key LED flashes.
e The caller ID appears on the LCD screen (if enabled).

In the following figure, the phone LCD screen shows an incoming call from 2507 on the
monitored line.

Calls for Pickup
—

1.2503 <- 2507

New Call Cancel

When there is a conversation on the IP phone, you can handle the active call differently
depending on the transfer mode on DSS key.

To configure the transfer mode on DSS key via web user interface:

1. Click on Phone->Features.
2. Click the “+" sign on the left of the Transfer Settings to expand the feature list.
3. Select the desired transfer mode from the pull-down list of Transfer Mode via DSS

key. Depending on your selection:

- If you select Blind Transfer, press the BLF key to complete the blind transfer to the

monitored phone number.

- If you select Attended Transfer, press the BLF key to dial out the monitored phone

number and then you can perform the attended or semi-attended transfer.

- If you select New Call, press the BLF key, the monitored phone number displays on
the LCD screen and then you can perform the blind, attended or semi-attended
transfer.
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For more information on performing call transfer, refer to Call Transfer on page 78.

Status | Account Network DSS Key Contacts Security

Preference + Forward @ NOTE
+ .
Features DoiNotistuch Forward
%’ Ganaral Information This feature allows you to
U d forward an incoming call to
pgrade + Audio Settings anather phone number,
Auto Provision + i Target
Anitercom Setregs The number to which the
Configuration ~ Transfer Settings ER e S TR
F > On Code
Dial Plan Bl s ferion Hook [Erabled — v] @ The code that wil be sent to
SeriAttend Tancier Enabled ~ 0 PBX when it is switched On.
Voice - — -
= e = — Off Code
Attended Transfer on Hook Enabled ¥ @ The code that will be sent ta
Ring Transfer on Conference Hang Up pisaTediv 0 FEX etk suihed OfT
- — Call Waitin
Tones Transfer Mode via DSSkey | Blind Transfer v This cal feat%re alows your
i N phone to accept ather incoming
SMS Call Pickup calls during the conversation.
. + Remote Control Security Key As Send
Action URL Select * or # as the send key.
+ Phone Lock
Softkey Layout R . Hotline Number
+  Auto Call Distribution Settings When you pick up the phone, it
will dial out the hotline number
R

4. Click Confirm to accept the change.

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 user1, user2 and user3 on the
server. The BLF List keys on the IP phone can present the status of user1, user2 and user3.
The key LEDs illuminate either flashing or solid depending on the status of those users.
For more BLF List key LED indications, refer to LED Instructions on page 5.

You can use the BLF List keys in the following ways:

e  When the monitored user is idle, press the BLF List key to dial out the phone number.

e When the monitored user receives an incoming call, press the BLF List key to pick up

the call directly.
e  When there is a conversation on the monitored user, press the BLF List key to barge
in and set up a conference call.

To configure the BLF List settings via web user interface:

1. Click on Account.

Select the desired account from the Account field.
Click on Advanced.

Enter the BLF List URI in the BLF List URI field.

o M~ DN

(Optional.) Enter the BLF pickup code in the BLF List Pickup Code field.
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Note

6. Click Confirm to accept the change.

For more information about the BLF List pickup and BLF List barge in feature, contact
your system administrator.

You can configure the BLF List settings via web user interface only.

To assign BLF List keys via phone user interface:

1. Press Menu->Features->DSS Keys->Memory Keys (or Line Keys).
Select the desired DSS key.
Press @ or @, or the Switch soft key to select BLF List from the Type field.

> 0N

Press @ or @ or the Switch soft key to select the desired line from the Account ID
field.

DSS Key 1

-

e
1.Type: o BLF List
2. Account 1ID: Line 1

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

6. Repeat steps 2 to 5 to configure more BLF List keys.

You can also configure the BLF List key via web user interface at the path DSS Key.

After the above configurations, according to the response message from the BLF List
server, the IP phone will automatically assign the phone number of the BLF List users to
the BLF List keys in order.
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Shared Line

Note

96

Shared line is configured by assigning the same extension number to multiple lines. You
can use the shared line feature to share an extension number which is used on two or
more IP phones at the same time. An incoming call to that number will cause all phones
to ring simultaneously. The incoming call can be answered on one of the phones but not
all of them. This feature is very useful in the boss and secretary scenario. For example,
the secretary can share the boss' extension number on her phone. When there is an
incoming call to the extension number 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 shared line can be placed on hold or barged in.

The shared Line feature is not available on all servers. For more information, contact your
system administrator.

To place a call on public hold:

1. Press , the shared line key or the Hold soft key when there is an active call on
the shared line.

The shared line key LED illuminates flashing when the shared line call is placed on
public hold. For more Shared Line key LED indications, refer to LED Instructions on

page 5.
To retrieve a call placed on public hold:
Do one of the following:

- Press again or the Resume soft key on the hold phone when there is a public
held call on the shared line.

- Press the shared line key on any other phone that shares the line when there is a

public held call on the shared line.
To place the call on private hold, you should configure a private hold key in advance:

1. Press Menu->Features->DSS Keys->Memory Keys (or Line Keys).
2. Select the desired DSS key.
3. Press @ or @ , or the Switch soft key to select Key Event from the Type field.
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4. Press @ or @ , or the Switch soft key to select Private Hold from the Key Type
field.

DSS Key 1
1. Type: Key Event

2. Key Type: Private Hold

Switch

5. Press the Save soft key to accept the change.
You can also configure a private hold key via web user interface at the path DSS Key.
To place a call on private hold:

1. Press the private hold key when there is an active call on the shared line.

Note The private held call can be only retrieved by the hold party.

If the call is placed on private hold, and you attempt to retrieve the call by pressing the
shared line key, the retrieve will fail and the LCD screen will prompt “Forbidden”.

To barge in a shared line call:

1. Press the shared line key on any other phone that shares the line when there is an

active call on the shared line.

For more shared line key LED instructions, refer to LED Instructions on page 5.

Call Recording

You can record calls by pressing a record key on the SIP-T38G IP phone. There are 2

different ways of configuring call recording and they even work differently:

e Record: The phone sends SIP INFO message containing a specific header to trigger

a recording.

e URL Record: The phone sends HTTP URL request to trigger a recording. Contact your

system administrator for the predefined URL.

Note The record feature is not available on all servers. Contact your system administrator for
more information.

97



User Guide SIP-T38G IP Phone

98

To configure a Record key via phone user interface:

1. Press Menu->Features->DSS Keys->Memory Keys (or Line Keys).

2. Select the desired DSS key.

3. Press @ or @ , or the Switch soft key to select Key Event from the Type field.
4, Press @ or @ , or the Switch soft key to select Record from the Key Type field.

DSS Key 1

1. Type: Ny ‘Key Event

2. Key Type: Record

Switch

5. Press the Save soft key to accept the change or the Back soft key to cancel.
To configure a URL Record key via phone user interface:

1. Press Menu->Features->DSS Keys->Memory Keys (or Line Keys).

2. Select the desired DSS key.

3. Press @ or @ , or the Switch soft key to select URL Record from the Type field.
4. Enter the URL (e.g. http://10.1.2.224/phonerecording.cgi) in the URL Record filed.
5

Press the Save soft key to accept the change or the Back soft key to cancel.

You can also configure the Record or URL Record keys via web user interface at the path
DSS Key.

The Record/URL Record keys control the recording and are available:

e During an active call

e  When calls are on hold or mute

e During a blind or attended transfer
e During a conference call

e When the phone prompts you to answer an incoming call
The Record/ URL Record keys are not available:

e  When there are no connected calls on your phone

e When you place a new call
To record a call:

1. Press a Record or URL Record key during a call.
If the recording starts successfully, there cording icon appears on the LCD screen


http://10.1.2.224/phonerecording.cgi
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Note

and the Record or URL Record key LED flashes green.

2. Press the Record or URL Record key again to stop recording.
The recording icon disappears from the LCD screen and the Record or URL Record
key LED turns off.

Recording status indications you need to know:

Circumstance Icons on the LCD screen

A recording is started @ appears on the LCD screen

A recording cannot be started @ appears for 1 second

A recording cannot be stopped IEI appears for 1 second, then goes back

The recording box is full @ appears for 1 second
The cannot be recorded 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.

The way listening to the recordings may be different on different servers. Contact your
system administrator for more information.

Hot Desking

Note

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 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 at all,
which means actual personal offices would be often vacant, consuming valuable space

and resources.

You can use Hot Desking on the SIP-T38G IP phone to log out the existing accounts and
then log in a new account, that is, many users can share the phone resource in different

time. To use this feature, you need to configure a Hot Desking key in advance.

The hot desking feature is not available on all servers. Contact your system administrator
for more information.

To configure a hot desking key via phone user interface:

1. Press Menu->Features->DSS Keys->Memory Keys (or Line Keys).
Select the desired DSS key.
Press @ or @ or the Switch soft key to select Key Event from the Type field.

> 0N

Press @ or @ or the Switch soft key to select Hot Desking from the Key Type
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field.

5. Leave the Value field blank.

DSS Key 1

1. Type: Key Event

2. Key Type: Hot Desking

3. Value:

6. Press the Save soft key to accept the change or the Back soft key to cancel.

You can also configure a hot desking key via web user interface at the path DSS Key.
To use hot desking:

1. Press the hot desking key when the phone is idle.

The phone prompts the following warning:

Wed Apr 18 10:01:10
., A
@ Warning

Clear all account config?

A
)

Cancel

2. Press the OK soft key, all currently configured accounts will be unregistered
immediately and their configuration data will be removed from the phone.

The login wizard will be shown as below:

Set Hot Desking

1. User Nan;e:
2. Password:

3. Server:

3. Enter the Login information in each filed.
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Intercom

Note

Intercom is a useful feature in an office environment to quickly connect with the operator
or the secretary. You can press the intercom key to automatically connect with a remote
extension for outgoing intercom calls, and the remote extension will automatically

answer the incoming intercom calls.

The intercom feature 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:

1. Press Menu->Features->DSS Keys->Memory Keys (or Line Keys).

2. Select the desired DSS key.

3. Press @ or @ or the Switch soft key to select Intercom from the Type field.
4

Select the desired line from the Account ID field.

DSS Key 1

1. Type: - “Intercom
2. Account 1D: Line 1

3 Value: 2201

5. Enter the remote extension number in the Value field.
6. Press the Save soft key to accept the change or the Back soft key to cancel.

You can also configure an intercom key via web user interface at the path DSS Key.
To place an intercom call:

1. Press the intercom key when the phone is idle.
The phone is automatically connected to the extension specified in the Value field.

2. Press the intercom key again or the Cancel soft key to end the intercom call.
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Incoming Intercom Calls

By default, the SIPT38G IP phone supports to answer an incoming intercom call
automatically. 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 placed on hold.

Intercom features you need to know:

Intercom features Description

Allows you to enable or disable the IP phone to
Accept Intercom . . o
automatically answer an incoming intercom call.

Allows you to enable or disable the microphone on
Intercom Mute
the IP phone for Intercom calls.

) Allows you to enable or disable a warning tone when
Warning Tone . . L
the phone receives an incoming intercom call.

Allows you to enable or disable the IP phone to

Allow Barge In automatically answer an incoming intercom call

while there is already an active call on the phone.

To configure intercom features via phone user interface:

1. Press Menu->Features->Intercom.

2. Make the desired changes.

Intercom

1. Accept Intercom Enable

2. Intercom Mute Disable
3. Warning Tone Enable

4. Allow Barge In Disable

Switch

3. Press the Save soft key to accept the change or the Back soft key to cancel.

You can also configure these specific parameters via web user interface at the path

Phone->Features->Intercom Settings.
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Accept Intercom

You can enable or disable the phone to automatically answer an incoming intercom call.
If Accept Intercom is enabled, the phone automatically answers an incoming intercom
call. If Accept Intercom is disabled, the phone rejects incoming intercom calls and sends
a busy signal to the caller. Accept Intercom is enabled by default.

Note Your administrator can set a time period delay before the phone automatically answers.
Contact your system administrator for more information.

Intercom Mute

You can mute or un-mute the microphone on the phone for intercom calls automatically.
If Intercom Mute is enabled, the microphone is muted for intercom calls. If Intercom
Mute is disabled, the microphone is un-muted for incoming calls. Intercom Mute is
disabled by default.

Warning Tone

You can enable or disable the phone to play a warning tone when receiving an
intercom call. If Warning Tone is enabled, the phone plays a warning tone to alert you
before answering the intercom call. If Warning Tone is disabled, the phone
automatically answers the intercom call without warning. Warning Tone is enabled by
default.

Allow Barge In

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 Allow Barge In is enabled, the
phone automatically answers the intercom call and places the active call on hold. If
Allow Barge In is disabled, the phone handles an incoming intercom call like a waiting
call. Allow Barge In is disabled by default.

Automatic Call Distribution (ACD)

ACD feature is often used in offices for customer service, such as call center. The ACD
system handles large volumes of incoming calls from callers who have no need to talk
to a specific person but who require assistance from any of multiple persons at the
earliest opportunity. The ACD feature on the SIP-T38G IP phone allows the ACD system to
distribute calls from large volumes of incoming calls to the registered IP phone users. To

use this feature, you should configure an ACD key in advance.
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To configure an ACD key via phone user interface:

1.

2
3.
4

5.

Press Menu->Features->DSS Keys->Memory Keys (or Line Keys).
Select the desired DSS key.
Press @ or @ , or the Switch soft key to select ACD from the Type field.

Press @ or @ , or the Switch soft key to select the desired line from the Account
ID field.

DSS Key 1

1. Type: ACD
2. Account 1D: Line 1

Switch

Press the Save soft key to accept the change or the Back soft key to cancel.

You can also configure an ACD key via web user interface at the path DSS Key.

To use the ACD feature:

1.

2.

Press the ACD key when the phone is idle.

The phone LCD screen prompts you the following information:

User ID: the phone number used to log in the queue.
Password: the password used to log in the queue.

1. User ID:. .

2. Password:

Press the Log In soft key to login.

Contact your system administrator for the User ID and Password to access the ACD
system.

After configuring an ACD key, you can press the ACD key to log in the ACD system. After

logging in, you are ready to receive calls from the ACD system. You can press the ACD

key to show your current phone status. You can press the Available/Unavailable soft key
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to change your phone status. The system server monitors your phone status. When you
set the phone status to available, the ACD key LED illuminates solid green, and then the
server begins distributing calls to your phone. When you set the phone to unavailable,
the ACD key LED illuminates flashing green, and then the server temporarily stops
distributing calls to your phone. To logout the ACD system, press the Log Out soft key.

Note It is recommended you configure no more than one ACD key per phone. At any time, at
most one ACD key can be in progress on your phone.

Messages

Short Message Service (SMS)

You can send and receive text messages using the SIPT38G IP phone. New text
messages can be indicated both acoustically and visually. When receiving a new text
message, the phone LCD screen will prompt receiving new text messages with the
number of waiting messages (example: 3 New Text Message) and a flashing icon.

"Fri Apr 27 10:27:54

Note The SMS feature is not available on all servers. Contact your system administrator for
more information.

To read a text message:

1. Press Menu->Messages->Text Message->Inbox.

Inbox

Wed Apr 18 11:01
Wed Apr 18 11:00
Wed Apr 18 10:59

Delete
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2.

Select the desired message and press the View soft key.

If the phone prompts receiving new text messages, you can also read the new messages
directly.

To send a text message:

5.
6.

Press Menu->Messages->Text Message->New Message.

Compose the new text message. You can press the abc soft key to change the input
mode.

Press the Send soft key.

(Optional.) Press @ or @ , or the Switch soft key to select the desired account
from the From field.

Enter the number you want to send the message to in the To field.

Press the Send soft key to send the message or the Back soft key to cancel.

You can also send a text message via web user interface at the path Phone->SMS.

To reply a text message:

1.
2.

4.

Press Menu->Messages->Text Message->Inbox.
Select the desired message and press the Reply soft key.

Compose the new text message. You can press the abc soft key to change the input

mode.

To:111@10.2.1.199

o

Y _

Press the Send soft key after completing the content.

To delete a text message:

1.

Press Menu->Messages->Text Message->Inbox (Sentbox, Outbox or Draftbox).
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2. Select the desired message and then press the Delete soft key.

Inbox

-

el - =
Wed Apr 18 11:04

Wed A Delete This

Wed A Delete All
Wed Apr 18 10:59

3. Select Delete This to delete the desired message.

The LCD screen prompts "Delete Message?".

4. Press the Yes soft key to delete this message or the No soft key to cancel.

Note You can also delete all text messages by pressing the Delete soft key and then select
Delete All. You can refer to the above steps.

You can also delete a specific message after retrieving by pressing the Delete soft key.

Voice Mail

You can leave voice mails for someone else on the SIP-T38G IP phone. You can also listen
to the voice mails stored in a centralized location. When receiving a new voice mail, the
phone will play a warning tone and the MESSAGE key LED will illuminate.
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The phone LCD screen will prompt receiving a new voice mail and a flashing icon.

— _
Fri Apr 27 10:30:53

(3606

|

,""w gas*-J

Connect 1

Note Voice Mail feature is not available on all servers, contact your system administrator for
more information.

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 the voice mail,

and then hang up after completing the voice mail.
To configure voice mail access codes via phone user interface:

1. Press Menu->Messages->Voice Mail->Set Voice Mail.

Set Voice Mail

1. Account1 No. *97..
2. Account2 No.
3. Account3 No.
4. Account4 No.
5. Account5 No.

Back

2. Press the navigation keys to highlight the account which you want to set.

3. Press the 123soft key to select the proper input mode and then enter the voice mail
access code (e.g. *97).

4. Press the Save soft key to accept the change or the Back soft key to cancel.

Note Voice mail access code must be predefined on the system server. Contact your system
administrator for the more information.

To listen to the voice mails:

1. When the phone user interface prompts receiving new voice mails, press gm) or
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the Connect soft key to dial out the access voice mail code.

2. Follow the voice prompt to listen to the voice mails.

Note Before listening to the voicemails, make sure the voice mail access code has been
configured.

When all new voice mails are retrieved, the MESSAGE key LED will turn off.

To view the voicemail via phone user interface:

1. Press Menu->Messages->Voice Mail->View Voice Mail.

The phone LCD screen displays the amount of the voice mails that includes new or
old voice mails.

View Voice Mail

4 e
1. 3606: 2 new 0 old Mail

2. Account2: Unregistered
3. Account3: Unregistered
4. Account4: Unregistered

5. Account5: Unregistered

Back Connect

2. Select an account and then press the Connect soft key to listen to the voice mails.

Message Waiting Indicator (MWI)

The SIP-T38G IP phone supports MWI feature when receiving a new voice message. If
someone leaves you a voicemail, you will receive a message waiting indicator. MWI will
be indicated in three ways: a warning tone, the MESSAGE key LED illuminates solid
green and an indicator message (including a voice mail icon) appears on the LCD

screen. This is cleared only when you retrieve all voicemails or delete them.

For some particular servers, the MWI service is unsolicited. So the SIP-T38G IP phone just
need to handle the MWI messages sent from the server. But for some servers, the MWI
service is solicited. In this case, the SIP-T38G IP phone must enable the MWI Subscription

for MWI messages.

Note MWI service is not available on all servers. Contact your system administrator for more
information.
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The MWI Subscription parameters you need to know:

Options Description

Subscribe for MWI Enable or disable a subscription for MWI service.

L. . Period of MWI subscription. The IP phone re-sends a
MWI Subscription Period

MWI subscription before expiring.

To enable MWI subscription via web user interface:

1. Click on Account->Advanced.
2. Select Enabled from the pull-down list of Subscribe for MWI.

3. Enter the period time (in seconds) in the MWI Subscription Period (Scope:0~84600)
(seconds) field.

4. Click Confirm to accept the change.
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Troubleshooting

This chapter provides general troubleshooting information to help you solve the
problems you might encounter when using your SIP-T38G IP phone.

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

system administrator.

Why is the phone LCD screen blank?

e Ensure your phone is properly plugged into a functional AC outlet.
e Ensure that the phone isn’t plugged into a plug controlled by a switch that is off.

e If the phone is plugged into a power strip, try plugging it directly into a wall outlet

instead.

e If your phone is powered from PoE, ensure you use a PoE compliant switch or hub, or

contact your system administrator for more information.

e Check that the power LED is on to ensure the phone is powered on.

Why does the phone display "Network Unavailable"?

e Ensure that the Ethernet cable is plugged into the Internet port on the phone and
the Ethernet cable is not loose.

e Ensure that the switch or hub in your network is operational.

e Contact your system administrator for more information.

Why does the phone display "No Service"?

The phone LCD screen prompts "No Service" message when the SIP accounts do not
register successfully. Contact your system administrator for more information on account

settings.

Why can't | get a dial tone?

Check for any loose connections and that the phone has been installed properly. For the

installation instructions, refer to Phone Installation on page 13.

Check whether dial tone is present on one of the audio modes.

e Switch between the Handset, Headset (if present) or Hands-Free Speakerphone to
check whether dial tone is present for one of the audio modes.

e If the dial tone exists on another audio mode, connect a different handset or

headset to isolate the problem.
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Why doesn’t the phone ring?

Check the ringer volume on your phone. To adjust the ringer volume setting, press the
Volume key when the phone is on-hook and idle. For more information, refer to Volume
on page 31.

Why can't | receive calls?

e Check the SIP registration with your system administrator.

e Check DND (Do Not Disturb) mode is turned off on your phone. Refer to Do Not
Disturb (DND) on page 75.

e Check call forward feature is disabled on the phone. Refer to Call Forward on page
76.

e Check whether the caller number is stored in the blacklist directory. Refer to Blacklist
on page 39.

Why is my handset not working?

Check to ensure that the handset cord is fully connected to both the handset jack on the

phone and handset. Refer to Phone Installation on page 13.

Why is my headset not working?
e Check to ensure that the headset cord is fully connected to the headset jack on the
phone. Refer to Phone Installation on page 13.

e Check to ensure that the headset mode is activated. Refer to Headset Use on page
47.

e Check to ensure that the headset volume is adjusted to an appropriate level. Refer
to Volume on page 31.

How to change the user password?

You can change the user password via web user interface:

1. Click on Security->Password.

2. Enter the current user password in the Current Password field.

3. Enter the new user password in the New Password field and Confirm Password field.
4

Click Confirm to accept the change.

You can also contact your system administrator for help.
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Note

Note

How to reboot the phone?
To reboot the IP phone via web user interface:

1. Click on Phone->Upgrade.
2. Click Reboot to reboot the IP phone.

Any reboot of your phone may take a few minutes.

How to reset your phone?

Reset your phone when other Troubleshooting suggestions do not correct the problem.
You need to note that all customized settings will be overwritten after resetting. We

recommend asking your system administrator for advice before resetting your phone.
To reset your phone via phone user interface:

1. Press Menu->Setting->Advanced Settings (password: admin).
2. Press @ or @ to scroll to Reset to factory, and then press the Enter soft key.

The LCD screen prompts the following message:

Advanced Settings

3. Set Passhﬂ\ ‘/

PR (D Warning

Reset to factory settings?
7. Auto Provision

Cancel

3. Press the OK soft key.

Reset of your phone may take a few minutes.

How to Export PCAP Trace?
We may need you to provide a PCAP Trace to help analyze your problem.
To export a PCAP Trace via web user interface:

1. Click on Phone->Upgrade.

2. Click Start to begin recording signal traffic.

3. Recreate the error to be documented in the trace.
4. Click Stop to end recording.
5

Click Export to open file download window, and then save the file to your local
system.
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How to Export System Log?
We may need you to provide a System Log to help analyze your problem.
To export a System Log via web user interface:

1. Click on Phone->Configuration.
2. Select 6 from the pull-down list of Log Level.
3. Click Confirm to accept the change.
The web user interface prompts “Do you want to restart your machine?”.
4. Click OK to reboot the phone.

After rebooting the phone, you can export a 6 level system log through the
following steps.

5. Mark the Local radio box in the Export System Log field.

6. Click Export to open file download window, and then save the file to your local

system.
You can also export the system log to a Syslog Server, contact your system administrator
for more information.
How to Export/ Import phone configurations?

We may need you to provide your phone configurations to help analyze your problem.

In some instance, you may need to import configurations to your phone.
To export your phone configurations via web user interface:

1. Click on Phone->Configuration.

2. Click Export to open file download window, and then save the file to your local

system.
To Import phone configurations via web user interface:

1. Click on Phone->Configuration.
2. Click Browse to select a configuration file from your local system.

3. Click Import to import the configuration file.

Note The file format of configuration file must be “.bin".

How to make the call using SRTP?

You can enable SRTP to encrypt the audio stream(s) of phone calls. The parties
participating in the call should enable SRTP. You can enable SRTP on per-account basis.

To enable SRTP via web user interface:

1. Click on Account.

2. Select the desired account from the pull-down list of Account.
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3. Click on Advanced.
4. Mark the On radio box in the Voice Encryption (SRTP) field.

Note The SRTP feature is not available on all servers. Contact your system administrator for
more information.
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Regulatory Notices

Service Agreements

Contact your Yealink Authorized Reseller for information about service agreements
applicable to your product.

Limitations of Liability

TO THE FULL EXTENT ALLOWED BY LAW, YEALINK EXCLUDES FOR ITSELFAND ITS
SUPPLIERS ANY LIABILITY, WHETHER BASED IN CONTRACT OR TORT
(INCLUDINGNEGLIGENCE), FOR INCIDENTAL, CONSEQUENTIAL, INDIRECT, SPECIAL,
OR PUNITIVE DAMAGES OFANY KIND, OR FOR LOSS OF REVENUE OR PROFITS, LOSS
OF BUSINESS, LOSS OF INFORMATION ORDATA, OR OTHER FINANCIAL LOSS ARISING
OUT OF OR IN CONNECTION WITH THE SALE,INSTALLATION, MAINTENANCE, USE,
PERFORMANCE, FAILURE, OR INTERRUPTION OF ITS PRODUCTS,EVEN IF YEALINK OR ITS
AUTHORIZED RESELLER HAS BEEN ADVISED OF THE POSSIBILITY OF SUCHAMAGES,
AND LIMITS ITS LIABILITY TO REPAIR, REPLACEMENT, OR REFUND OF THE
PURCHASERICE PAID, AT YEALINK’S OPTION. THIS DISCLAIMER OF LIABILITY FOR
DAMAGES WILL NOT BEAFFECTED IF ANY REMEDY PROVIDED HEREIN SHALL FAIL OF
ITS ESSENTIAL PURPOSE.

Safety Instructions

Save these instructions. Read these safety instructions before use!

The following basic safety precautions should always be followed to reduce risk of fire,
electrical shock, and other personal injury.

A General Requirements

e  Before you install and use the device, read the safety instructions carefully
and observe the situation during operation.

e  During the process of storage, transportation, and operation, please always
keep the device dry and clean.

e During the process of storage, transportation, and operation, please avoid
collision and crash of the device.

e  Please attempt not to dismantle the device by yourself. In case of any
discrepancy, please contact the appointed maintenance center for repair.

e Without prior written consent, no organization or individual is permitted to
make any change to the structure or the safety design of the device. Yealink
is under no circumstance liable to consequences or legal issues caused by
such changes.

e  Please refer to the relevant laws and statutes while using the device. Legal
rights of others should be respected as well.

A Environmental Requirements

e  Place the device at a well-ventilated place. Do not expose the device under
direct sunlight.
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Keep the device dry and free of dusts.
Place the device on a stable and level platform.

Please place no heavy objects on the device in case of damageand
deformation caused by the heavy load.

Keep at least 10 cm between the device and the closest object for heat
dissipation.

Do not place the device on or near any inflammable or fire-vulnerable object,
such as rubber-made materials.

Keep the device away from any heat source or bare fire, such as a candle or
an electric heater.

Keep the device away from any household appliance with strong magnetic
field or electromagnetic field, such as a microwave oven or a refrigerator.

A Operating Requirements

Do not let a child operate the device without guidance.

Do not let a child play with the device or any accessory in case of accidental
swallowing.

Please use the accessories provided or authorized by the manufacturer only.

The power supply of the device shall meet the requirements of the input
voltage of the device. Pleaseuse the provided surge protection power socket
only.

Before plugging or unplugging any cable, make sure that your hands are
completely dry.

Do not spill liquid of any kind on the product or use the equipment near
water, for example, near a bathtub, washbowl, kitchen sink, wet basement
or near a swimming pool.

Do not tread on, pull, or over-bend any cable in case of malfunction of the
device.

During a thunderstorm, stop using the device and disconnect it from the
power supply. Unplug the power plug and the Asymmetric Digital Subscriber
Line (ADSL) twisted pair (the radio frequency cable) to avoid lightning strike.

If the device is left unused for a rather long time, disconnect it from the
power supply and unplug the power plug.

When there is smoke emitted from the device, or some abnormal noise or
smell, disconnect the device from the power supply, and unplug the power
plug immediately. Contact the specified maintenance center for repair.

Do not insert any object into equipment slots that is not part of the product or
auxiliary product.

Before connecting a cable, connect the grounding cable of the device first.
Do not disconnect the grounding cable until you disconnect all other cables.

A Cleaning Requirements

Before cleaning the device, stop using it and disconnect it from the power
supply.
Use a piece of soft, dry and anti-static cloth to clean the device.

Keep the power plug clean and dry. Using a dirty or wet power plug may
lead to electric shock or other perils.
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Appendix A - Time Zones

Time Zone Time Zone Name
-11:00 Samoa
—10:00 United States-Hawaii-Aleutian
—10:00 United States-Alaska-Aleutian
—09:00 United States-Alaska Time
—08:00 Canada(Vancouver, Whitehorse)
—08:00 Mexico(Tijuana, Mexicali)
—08:00 United States-Pacific Time
—07:00 Canada(Edmonton, Calgary)
—07:00 Mexico(Mazatlan, Chihuahua)
—07:00 United States-Mountain Time
—07:00 United States-MST no DST
—06:00 Canada-Manitoba(Winnipeg)
—06:00 Chile(Easter Islands)
—06:00 Mexico(Mexico City, Acapulco)
—06:00 United States-Central Time
—05:00 Bahamas(Nassau)
—05:00 Canada(Montreal, Ottawa, Quebec)
—05:00 Cuba(Havana)
—05:00 United States-Eastern Time
—04:30 Venezuela(Caracas)
—04:00 Canada(Halifax, Saint John)
—04:00 Chile(Santiago)
—04:00 Paraguay(Asuncion)
—04:00 United Kingdom-Bermuda(Bermuda)
—04:00 United Kingdom(Falkland Islands)
—04:00 Trinidad&Tobago
—03:30 Canada- New Foundland(St.Johns)
—03:00 Denmark-Greenland(Nuuk)
—03:00 Argentina(Buenos Aires)
—03:00 Brazil(no DST)
—03:00 Brazil(DST)
—02:00 Brazil(no DST)
—01:00 Portugal(Azores)
0 GMT
0 Greenland
0 Denmark-Faroe Islands(Torshaven)
0 Ireland(Dublin)
0 Portugal(Lisboq, Porto, Funchal)
0 Spain-Canary Islands(Las Palmas)
0 United Kingdom(London)
0 Morocco
+01:00 Albania(Tirana)
+01:00 Austria(Vienna)
+01:00 Belgium(Brussels)
+01:00 Caicos
+01:00 Chatam
+01:00 Croatia(Zagreb)
+01:00 Czech Republic(Prague)
+01:00 Denmark(Copenhaven)
+01:00 France(Paris)
+01:00 Germany(Berlin)
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Time Zone Time Zone Name
+01:00 Hungary(Budapest)
+01:00 Italy(Rome)
+01:00 Luxembourg(Luxembourg)
+01:00 Macedonia(Skopje)
+01:00 Netherlands(Amsterdam)
+01:00 Namibia(Windhoek)
+02:00 Estonia(Tallinn)
+02:00 Finland(Helsinki)
+02:00 Gaza Strip(Gaza)
+02:00 Greece(Athens)
+02:00 Israel(Tel Aviv)
+02:00 Jordan(Amman)
+02:00 Latvia(Riga)
+02:00 Lebanon(Beirut)
+02:00 Moldova(Kishinev)
+02:00 Russia(Kaliningrad)
+02:00 Romania(Bucharest)
+02:00 Syria(Damascus)
+02:00 Turkey(Ankara)
+02:00 Ukraine(Kyiv, Odessa)
+02:00 Syria(Damascus)
+03:00 East Africa Time
+03:00 Iraq(Baghdad)
+03:00 Russia(Moscow)
+03:30 Iran(Teheran)
+04:00 Armenia(Yerevan)
+04:00 Azerbaijan(Baku)
+04:00 Georgia(Tbilisi)
+04:00 Kazakstan(Agtau)
+04:00 Russia(Samara)
+05:00 Kazakstan(Agtobe)
+05:00 Kyrgyzstan(Bishkek)
+05:00 Pakistan(lslamabad)
+05:00 Russia(Chelyabinsk)
+05:30 India(Calcutta)
+06:00 Kazakhstan(Astana, Almaty)
+06:00 Russia(Novosibirsk, Omsk)
+07:00 Russia(Krasnoyarsk)
+07:00 Thailand(Bangkok)
+08:00 China(Beijing)
+08:00 Singapore(Singapore)
+08:00 Australia(Perth)
+09:00 Korea(Seoul)
+09:00 Japan(Tokyo)
+09:30 Australia(Adelaide)
+09:30 Australia(Darwin)
+10:00 Australia(Sydney, Melbourne, Canberra)
+10:00 Australia(Brisbane)
+10:00 Australia(Hobart)
+10:00 Russia(Vladivostok)
+10:30 Australia(Lord Howe Islands)
+11:00 New Caledonia(Noumea)
+12:00 New Zeland(Wellington, Auckland)
+12:45 New Zeland(Chatham Islands)
+13:00 Tonga(Nukualofa)
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