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Conference Calls and Meetings
You can talk with several people in a single call. You can dial another person and add them to the call. If you
have multiple phone lines, you can join two calls across two lines.
When you add more than one person to a conference call, wait a few seconds between adding participants.
As the conference host, you can remove individual participants from the conference. The conference ends
when all participants hang up.
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Add Third Party to Conference
Procedure
Step 1
Step 2

Start with a connected call that is not on hold.
Press Conference

and do one of the following:

• Enter the phone number for the party you want to add and press Call.
• Press a speed-dial button.
• Press Speed Dial, enter a speed-dial number and press Speed Dial again.
• Press Active Calls and select a call.
• Select a call from the Call History.
Step 3
Step 4

Wait for the party to answer (or skip to step 4 while the call is ringing).
Press Conference.
The conference begins.

Join Calls into Conference
The conference is established on the line that had the active call.

Procedure
Step 1
Step 2
Step 3
Step 4

Start with two connected calls.
Make sure that one of the calls is active (not on hold). If both calls are on hold, resume one call.
Press Conference
.
Press the line button for the other (held) call or if the held call is on another line:
a) Press Active Calls.
b) Choose a call from the list.
c) Press Conference.
The conference begins. The conference is established on the line that had the active call.

Swap Between Calls Before You Complete a Conference
You can talk to a person before you add them to a conference. You can also swap between the conference
call and the call with the other person.
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Procedure
Step 1

Call a new conference participant, but do not add the participant to the conference.
Wait until the call is connected.

Step 2

Press Swap to toggle between the participant and the conference.

View and Remove Conference Participants
If you create a conference, you can view the details of the last 16 participants who join the conference. You
can also remove participants.

Procedure
Step 1
Step 2

While you are in a conference, press Show Details to view a list of participants.
(Optional) Highlight a participant and press Remove to drop the participant from the conference.

Remove Conference Participants
Procedure
Step 1
Step 2

While in a conference, press Show Details.
Highlight the participant that you want to remove, then press Remove.

Scheduled Conference Calls (Meet Me)
You can host or join a conference call at a scheduled time.
The conference call does not start until the host dials in, and it ends when all participants hang up. The
conference does not automatically end when the host hangs up.

Host a Meet-Me Conference
Before You Begin
Get a meet-me phone number from your administrator, and distribute the number to the conference participants.
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Procedure
Step 1
Step 2

Lift the handset to get a dial tone and press Meet Me.
Dial the meet-me phone number.

Join a Meet-Me Conference
You cannot join a meet-me conference until the conference hosts dials in. If you hear a busy tone, the host
has not dialed into the conference. Hang up and try your call again.

Procedure
Dial the meet-me phone number that the conference host provides.

Speed Dial
You can assign buttons or codes to quickly dial the numbers of people you call often. Before you can use
speed-dial features on your phone, set up speed dial in the Self Care portal.
Depending on your setup, your phone can support these features:
• Speed-dial buttons—Dial a phone number from one or more line buttons set up for speed dialing.
• Speed-dial codes—Dial a phone number from a code (sometimes referred to as abbreviated dialing).

Make a Call with a Speed-Dial Button
To check which phone model you have, press Applications
number field shows your phone model.

and select Phone information. The Model

When you add features to your phone, some features require a line button. But each line button on your phone
can support only one function (a line, a speed dial, or a feature). If your phone's line buttons are already in
use, your phone won't display any additional features.
You can see all the speed-dial numbers that you add in the Self Care portal. Use the up and down buttons in
the navigation cluster to scroll through your speed-dial numbers, then select a speed-dial number.

Before You Begin
Set up speed-dial codes in the Self Care portal.

Procedure
Press a speed-dial button

.
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Use Speed-Dial Code On-Hook
Before You Begin
Before you can use speed-dial codes on your phone, you must set up Speed Dial in the Self Care Portal.

Procedure
Enter the speed-dial code and press Speed Dial.

Use Speed-Dial Code Off-Hook
Before You Begin
Before you can use speed-dial codes on your phone, you must set up Speed Dial in the Self Care Portal.

Procedure
Step 1
Step 2

Lift the handset and press Speed Dial.
Enter the speed-dial code and press Speed Dial again to complete the call.

Pauses in Speed Dial
You can add dialing pauses, or extra digits to a speed dial. When you press the speed dial, your phone establishes
the call and sends the extra digits with dialing pauses inserted. Extra digits can include:
• A Forced Authorization Code (FAC)
• A Client Matter Code (CMC)
• A user extension
• A meeting access code
• A voicemail password
To include dialing pauses in the speed dial, include a comma (,) as part of the speed-dial string. Each comma
that you include represents an extra pause of 2 seconds. For example, two commas (,,) represent a pause of 4
seconds. A single comma also allows you to separate FAC and CMC from the other digits in the speed-dial
string.
Be aware of the following requirements when you include FAC and CMC in the speed-dial string:
• FAC must always precede CMC in the speed-dial string.
• A speed-dial label is required for speed dials with FAC and DTMF digits.
• Only one comma is allowed between FAC and CMC digits in the string.
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Your phone does not save the FAC, CMC, or extra digits from the speed dial in the call history. If you press
Redial after connecting to a destination using speed dial, the phone prompts you to enter any required FAC,
CMC, or DTMF digits manually.

Tip

Before you configure speed dial, try to dial the specified digits manually at least once to ensure that the
digit sequence is correct.

Example 1
Consider the following requirements to access your voicemail and playback the most recent message:
• The number to access voicemail is8000.
• The PIN is 123456#.
• You must wait for 6 seconds while the voicemail system prompts you.
• You must press 3 to play latest message.
In this scenario, the speed dial number is 8000,123456#,,,3.
Example 2
Consider the following call requirements:
• The called number is 95556543.
• The FAC is 1234.
• The CMC is 9876.
• You must wait for 4 seconds.
• After the call is connected, you must add 56789#.
In this scenario, the speed dial number is 95556543,1234,9876,,56789#.

Do Not Disturb
You can turn off one of the following incoming call indicators:
• Your phone ring
• Your phone ring and any visual notification that you have an incoming call
When you enable the do not disturb (DND) feature, your incoming calls forward to another number, such as
your voicemail, if it is set up. The call is not saved or listed in your call history.
The DND feature affects all lines on a phone. The feature does not affect intercom or emergency calls.
You can change your DND options from the Self Care Portal. For information on customizing your DND
options, see the Cisco Unified Communications Self Care Portal User Guide at http://www.cisco.com/en/US/
products/sw/voicesw/ps556/products_user_guide_list.html.
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Turn On Do Not Disturb
Use do not disturb (DND) to silence your phone and ignore incoming call notifications when you need to
avoid distractions.
When you turn on DND, your incoming calls are forwarded to another number, such as your voicemail, if it
is set up.
When you turn on DND, it affects all lines on your phone. However, you will always receive intercom and
emergency calls, even when DND is turned on.

Procedure
Step 1
Step 2

Press Do not disturb to turn on DND.
Press Do not disturb again to turn off DND.

Malicious Call Identification
You can use malicious call identification (MCID) to identify an active call as suspicious. MCID starts a series
of automated tracking and notification messages.

Trace a Suspicious Call
If you receive unwanted or harassing calls, use malicious call identification (MCID) to alert your administrator.
Your phone sends a silent notification message to your administrator with information about the call.

Procedure
Press MCID.

Extension Mobility
Cisco Extension Mobility (EM) allows you to configure a Cisco Unified IP Phone as your own temporarily.
After you sign in to EM, the phone adopts your user profile, including your phone lines, features, established
services, and web-based settings. Your system administrator sets up EM for you.
The Cisco Extension Mobility ChangePIN feature allows you to change your PIN from your Cisco Unified
IP Phone.

Sign In to Your Extension from Another Phone
You can use Cisco Extension Mobility to sign in to a different phone in your network and have it act the same
as your phone. After you sign in, the phone adopts your user profile, including your phone lines, features,
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established services, and web-based settings. Your administrator sets you up for the Cisco Extension Mobility
service.

Before You Begin
Get your user ID and PIN from your administrator.

Procedure
Step 1
Step 2
Step 3
Step 4

Press Applications
.
Select Extension Mobility (name can vary).
Enter your user ID and PIN.
If prompted, select a device profile.

Phone Calls with Mobile Connect
You can use your mobile phone to handle calls that are associated with your desk phone number. This service
is called Mobile Connect.
You associate your mobile phone with your desk phone in the Self Care portal, as an additional phone. You
can control which calls are sent to your mobile phone.
When you enable additional phones:
• Your desk phone and your additional phones receive calls simultaneously.
• When you answer the call on your desk phone, the additional phones stop ringing, disconnect, and
display a missed call message.
• When you answer the call on one additional phone, the other additional phones and desk phone stop
ringing and disconnect. A missed call message shows on the other additional phones.
• You can answer the call on an additional phone and switch the call to a desk phone that shares the line.
If you do so, the desk phones that share the same line display a Remote In Use message.

Enable Mobile Connect
Procedure
Step 1
Step 2

Press Mobility to display the current remote destination status (Enabled or Disabled).
Press Select to change the status.
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Turn On Mobile Connect from a Desk Phone
Procedure
Step 1
Step 2

Press Mobility or select To Mobile to display the current remote destination status (Enabled or Disabled).
Press Select to change the status.

Move a Call from Your Desk Phone to Your Mobile Phone
You can move a call from your desk phone to your mobile phone. The call is still connected to the line on
your desk phone, so you cannot use that line for other calls. The line remains in use until the call ends.

Before You Begin
You need to enable Mobile Connect on your desk phone.

Procedure
Step 1
Step 2
Step 3

Press Mobility.
Press Select to send a call to your mobile phone.
Answer the active call on your mobile phone.

Move a Call from Your Mobile Phone to Your Desk Phone
You can move a call from your mobile phone to your desk phone. The call is still connected to your mobile
phone.

Before You Begin
You need to enable Mobile Connect on your desk phone.

Procedure
Step 1
Step 2

Hang up the call on your mobile phone to disconnect the mobile phone, but not the call.
Press the line on your desk phone within 5 to 10 seconds to resume the call on your desk phone.

Cisco Unified IP Phone 8961, 9951, and 9971 User Guide for Cisco Unified Communications Manager 10.0 (SIP)
9

Advanced Calling Features
Transfer a Call from Your Mobile Phone to Your Desk Phone

Transfer a Call from Your Mobile Phone to Your Desk Phone
You can transfer a call from your mobile phone to your desk phone.

Before You Begin
You need to enable Mobile Connect on your desk phone.
Get the access code from your administrator.

Procedure
Step 1
Step 2
Step 3

On the mobile phone, enter the access code for the hand-off feature.
Hang up the call on your mobile phone to disconnect the mobile phone, but not the call.
Press Answer on your desk phone within 10 seconds and start talking on the desk phone.

Line Status
Line status indicators allow you to view the state of a phone line that is associated with a speed-dial button.
Your administrator sets up line status indicators on your phone.

Line Status Indicators
Line status indicators allow you to view the state of a phone line that is associated with a speed-dial button.
Your administrator sets up line status indicators on your phone.
Icon

Indicator
Line is in use.
Line is idle.
Line is ringing. (Applies only for the Call Pickup
feature.)
Line is in a do not disturb (DND) state.

Line status indicators can be set up on speed-dial buttons by your administrator and can be used with these
features:
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Speed Dial
Allows you to monitor the status of (and dial) a specific number on a speed-dial button. If the monitored
line is unavailable, the Line Status button changes to a normal speed-dial button.
Directed Call Park
Allows you to monitor the line status of and dial a directed call park number on a speed-dial button.
Call Pickup
Allows you to monitor the line status of (and pick up a ringing call on) a ringing call on a
speed-dial button.
Your administrator can also set up your phone to play an audible alert when a call rings on the monitored line.

Custom Line Filters
Custom Line Filters enable you to reduce alert activity by filtering it to high-priority lines by allowing you
to set the alerting call notification priority on a subset of lines covered by an alert filter. The custom filter
generates either traditional pop-up alerts or actionable alerts for incoming calls on the selected lines. For each
filter, only the subset of lines under coverage will generate an alert. If a filter is turned off, lines under its
coverage will not show alert notifications.
If this feature has been configured, there are three, selectable, filter types available to you:
• All Calls (on all lines)
• Daily schedule
• Custom user
The administrator configures the default line filter, which is visible to you as the Daily schedule filter. Even
if the administrator has not configured the default filter, the all calls filter and custom filter options are available
to you. If you have not created any custom filters all provisioned lines are covered by the default line filter if
it exists, or all calls if it does not.
You cannot edit either the All Calls filter or the Daily schedule filter, but you can use the Daily schedule filter
as a template for a new, custom filter by duplicating and then editing the duplicate filter.
You save the custom filters directly to your phone so that you can quickly select and change coverage. You
can define a maximum of 20 custom filters, but only one filter may be active at a time.

Note

If both the Custom Line Filters and the Actionable Incoming Call Alert features are enabled, actionable
call alerts apply only to the lines that are covered by filters.
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Add a Line Filter
Procedure
Step 1
Step 2

Press Applications
.
Select Preferences > Call notifications and press Select.
The current filter displays next to the option.

Step 3

Highlight Add new filter and press Select.
The maximum number of custom filters is 20. If you have already created the maximum number of custom
filters, delete a filter before continuing with this procedure.

Step 4
Step 5
Step 6

Press Select a second time to make the text editable.

Step 7
Step 8

Click Apply.
To view the filter, press Back.

Accept the default name for the new filter, or enter a new one.
Select the lines to add to the new filter.
All available lines are displayed in the list. If you require a line that is not in the list, contact your administrator.

Select an Active Line Filter
Procedure
Step 1
Step 2
Step 3
Step 4

Press Applications
.
Highlight Preferences > Call notifications and press Select.
The currently available filter options display.
Highlight the filter to apply and press Select.
To create and manage your filters, press Applications and select Preferences > Call notifications on your
phone.
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Delete a Line Filter
Procedure
Step 1
Step 2
Step 3

Press Applications
.
Highlight Preferences > Call notifications, and press Select.
Highlight the filter to be deleted and press Delete.

Duplicate a Line Filter
Procedure
Step 1
Step 2
Step 3
Step 4
Step 5
Step 6
Step 7
Step 8

Press Applications
.
Highlight Preferences > Call notifications, and press Select.
Highlight the filter to be duplicated and press Duplicate.
Highlight the duplicated filter and press Edit.
(Optional) Enter a new name for the filter.
Add or remove available lines from the filter.
Click Apply.
To view the filter, press Back.

Edit a Line Filter
Procedure
Step 1
Step 2
Step 3

Press Applications
.
Highlight Preferences > Call notifications, and press Select.
Highlight the filter to be edited and press Edit.
Note
You cannot edit the Daily schedule filter. For more information, contact your administrator.

Step 4
Step 5
Step 6
Step 7

(Optional) Enter a new name for the filter.
Add or remove available lines from the filter.
Click Apply.
To view the filter, press Back.
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Rename a Line Filter
Procedure
Step 1
Step 2
Step 3
Step 4
Step 5
Step 6

Press Applications
.
Highlight Preferences > Call notifications, and press Select.
Highlight the filter to be renamed and press Edit.
Enter a new name for the filter.
Click Apply.
To view the filter, press Back.

Hunt Groups
You can use hunt groups to share the call load in organizations that receive many incoming calls.
Your administrator sets up a hunt group with a series of directory numbers. When the first directory number
in the hunt group is busy, the system hunts for the next available directory number in the group. The system
directs the call to that phone.
If you are a member of a hunt group, you sign in to a hunt group when you want to receive calls. You sign
out of the group when you want to prevent calls from ringing on your phone.
Calls in the group call queue display the same call identification number, no matter which group phone accesses
the list.

Sign In and Out of a Hunt Group
Sign out of your hunt group to stop receiving calls from it. You continue receiving calls placed directly to
you.

Procedure

View the Call Queue in a Hunt Group
You can use the queue statistics to check the status of the hunt group queue. The queue status display provides
the following information:
• The phone number used by the hunt group
• Number of queued callers on each hunt group queue
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• Longest waiting time

Procedure
Step 1
Step 2
Step 3

Press Queue Status.
Press Update to refresh the statistics.
Press Exit.

Barge
Barge allows you to add yourself to nonprivate calls on a shared line. You can convert the call into a conference
and add new participants.

Set up Barge Alert
By default, the Barge Alert option is set to Off and you can barge into an eligible shared lined without receiving
a prompt. When the Barge Alert is set to On, an alert prompt is displayed.

Procedure
Step 1
Step 2
Step 3

Press Applications
..
Go to Preferences.
At the Barge Alert menu item, click On to enable the alert or Off to enable Barge.
By default, the barge alert prompt is toggled Off.

Add Yourself to a Call on a Shared Line
Barge allows you to add yourself to non-private calls on a shared line. You can convert the call into a conference
and add new participants.

Procedure
Press the red Line button for the shared line.
You are added to the call.
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Enable Privacy on a Shared Line
Privacy prevents others who share your line from seeing information about your calls.
Privacy applies to all shared lines on your phone. If you have multiple shared lines and privacy is enabled,
others cannot view any of your shared lines.
If the phone that shares your line has privacy enabled, you can make and receive calls using the shared line
as usual.
Visual confirmation is displayed on your phone screen for as long as the feature is enabled.

Procedure
Step 1

Press Privacy to enable the feature.

Step 2

Press Privacy again to turn off the feature.

Toggle Prompt for Barge
By default, the Barge Alert option is set to Off and you can barge into an eligible shared lined without receiving
a prompt. When the Barge Alert is set to On, an alert prompt is displayed. Select Yes to barge into the call or
No to cancel the barge.
For more information, contact your administrator.

Procedure
Step 1
Step 2
Step 3

Press Applications
.
Select Preferences.
At the Barge Alert menu item, click On to enable the alert or Off to enable Barge.
By default, the barge alert prompt is toggled Off.

Dismiss Barge Alert Prompt Window
When the Prompt for Barge feature is enabled on your phone, you see a pop-up window when you start to
barge into a call.

Procedure
Press No to cancel the barge, or press any line or session key.
The Barge Alert prompt window closes.
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Note

The alert closes automatically if the phone opens a new window, if a new alert window opens, or if
the current session is no longer available for barge.

Call Chaperone
Call Chaperone allows an authorized Call Chaperone user (the chaperone) to supervise (chaperone) and record
a call. Chaperoned calls have a minimum of three parties: the calling party, the chaperone, and the called
party. To determine if you are an authorized chaperone, contact your system administrator.
The chaperone answers a call, creates a conference call, and remains on the conference call to chaperone and
record the call. Cisco Unified IP Phones that are set up with the Call Chaperone feature also have a Record
button.
When the chaperone hangs up the call, the entire conference ends.
The chaperone can perform only the following tasks while chaperoning the call:
• Record the call.
• Conference in one participant. A chaperone can conference the first participant only; subsequent
participants can be added to the conference only by the other participants in the conference.
• End the call.

Record Chaperoned Call
Procedure
Step 1

Answer an incoming call.
The Record button

Step 2
Step 3
Step 4

displays if the system determines that the call must be chaperoned and recorded.

Press Conference
to create a conference call.
Enter the phone number for the party you want to add and press Call.
When the called party answers, press Conference.
The conference begins.

Step 5

Press Record to begin recording the conference call.
Alternatively, you can begin recording the call before the conference call is established. In this case, press
Conference after answering the incoming call. The call gets put on hold automatically, and the recording
stops while you set up the conference call. The recording restarts automatically when the conference call is
established.

Step 6

Press End Call to end the chaperoned call; all parties are disconnected.

Cisco Unified IP Phone 8961, 9951, and 9971 User Guide for Cisco Unified Communications Manager 10.0 (SIP)
17

Advanced Calling Features
Uniform Resource Identifier Dialing

Uniform Resource Identifier Dialing
You can place calls using Uniform Resource Identifier (URI) Dialing, using the alphanumeric URI address
as a directory number; for example, bob@cisco.com. You must enter the URI address to select the contact.
The phone screen displays the call information for the URI call. The phone stores the URI call information
in the Call History and the Details page. When you receive a call with a URI address, the URI address is stored
in your Call History. Press Redial to call the most recently dialed URI address.
Depending upon how the administrator configures your phone, you may see either the URI or the Directory
Number (DN) displayed for the incoming call alerts, call sessions and call history. If the phone is set to display
the DN but only the URI is available, then the URI displays. If the phone is set to display the URI and only
the DN is available, then the DN displays.

Note

URI calls cannot be placed using the soft keypad.
To place an on-hook call using a URI address, you need to press the ABC softkey to switch the keypad mode.
To place an off-hook call using a URI address, the URI address must be stored in your Call History or Speed
Dial list.

Note

When you enter a URI address to place a call, do not pause for more then 10 seconds between key presses.
After 10 seconds of inactivity, the phone assumes that it has the complete address and attempts to place
the call.
When you dial or receive a call through URI dialing, the call window and incoming call alert display the
complete URI address.
When you enter a URI address, the maximum length is 254 characters. You can enter the complete domain
name to override the default domain.
URI dialing works with the other features of your phone:
• You can configure a URI address as a speed dial entry to place a call.
• You can configure the Call Forward All destination using the Speed Dial or Call History entries.
• You can initiate a conference call and add multiple parties using URI Dialing if the URI address is stored
in the Speed Dial list or Call History.
• You cannot use URI addresses during Meet Me conferences or for Group Call Pickup.
• You can initiate a transfer call using URI dialing if the URI address is stored in the Speed Dial list or
Call History.
• You can monitor the state (in-use or idle) of a call using URI Dialing associated with Speed Dial or Call
History.
• You can initiate URI Dialing when a busy or unavailable party becomes available.
• You can hide the display of the URI address information.
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• When the phones are connected to the Cisco Unified Communications Manager Express and Survivable
Remote Site Telephony (CME/SRST), the URI Dialing functions are disabled. The ABC softkey does
not appear on the phone screen.
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