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ABOUT THIS DOCUMENT

This document provides details on the new features, enhancements to existing features, and/or issues 
resolved for the Mitel 6800 series (6863i, 6865i, 6867i, 6869i, and 6873i) SIP phones for Release 4.3.0 
SP1.

For more detailed information about features associated with each phone, and for information 
on how to use the phones, see your model-specific SIP Phone Installation Guide and the SIP 
Phone User Guide. For detailed information about more advanced features, see the 6800 Series 
SIP Phone Administrator Guide and/or the Development Guide XML API For Mitel SIP Phones.

RELEASE NOTES TOPICS

Topics in these release notes include:

• General Information

• New Features in Release 4.3.0 SP1

• Additional Information

• Contacting Mitel Support

Note: This release applies to the phone models mentioned above only.
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GENERAL INFORMATION

RELEASE CONTENT INFORMATION

This document provides release content information on the Mitel 6800 series SIP phone 
firmware.

HARDWARE SUPPORTED

This release of firmware is compatible with the following Mitel SIP portfolio products:

• 6863i

• 6865i

• 6867i

• 6869i

• 6873i

BOOTLOADER REQUIREMENTS

This release of firmware is compatible with the following Mitel SIP portfolio product bootloader 
versions:

• 6863i: Boot2 1.0.0.0 or higher

• 6865i: Boot2 1.0.0.0 or higher

• 6867i: Boot2 1.0.0.6 or higher

• 6869i: Boot2 1.0.0.6 or higher

• 6873i: Boot2 1.0.1.9 or higher

MODEL RELEASE NAME RELEASE VERSION RELEASE FILENAME RELEASE DATE

6863i Generic SIP 4.3.0 SP1 GA 58015265-REV 02 February 2017

6865i Generic SIP 4.3.0 SP1 GA 58015265-REV 02 February 2017

6867i Generic SIP 4.3.0 SP1 GA 58015265-REV 02 February 2017

6869i Generic SIP 4.3.0 SP1 GA 58015265-REV 02 February 2017

6873i Generic SIP 4.3.0 SP1 GA 58015265-REV 02 February 2017
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IMPORTANT 6800 SERIES SIP PHONE FIRMWARE UPGRADE 
INFORMATION

IMPORTANT M685I EXPANSION MODULE FIRMWARE DOWNGRADE 
INFORMATION

If you upgrade your phone from a release lower than 4.2.0 to Release 4.3.0 SP1 and an M685i 
Expansion Module is attached, the M685i Expansion Module will also upgrade to align itself 
with the new UI changes.

If downgrading the phone with an M685i Expansion Module from Release 4.3.0 SP1 to a 
firmware version of Release 4.1.0 (or below), it is required to first downgrade to a Release 4.1.0 
Hot Fix or 4.1.0 Service Pack and then to the Release 4.1.0 (or below) firmware version in such 
scenarios. 

This will ensure the UI of the M685i Expansion Module is aligned with the UI at all times.

WARNING: DO NOT ATTEMPT TO UPGRADE YOUR PHONE TO RELEASE 4.3.0 
SP1 FROM A RELEASE LOWER THAN 4.2.0 WHEN IN WEB RECOVERY MODE. 
DOING SO WILL CAUSE YOUR PHONE TO BECOME NON-OPERATIONAL.
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NEW FEATURES IN RELEASE 4.3.0 SP1

This section provides the new features in SIP Phone Release 4.3.0 SP1. The following table 
summarizes each new feature and provides a link to more information within this release note. 
Each feature also specifies whether it affects the Administrator, the User, or the XML Developer. 

This table may also provide the documentation location of features that have already been 
documented in Mitel’s documentation suite. Refer to those documents for more information 
about the applicable feature.

FEATURE DESCRIPTION

Configuration

Configurable Bluetooth Support

(For Administrators)

With Release 4.3.0 SP1, Administrators now have the option of 
enabling or disabling Bluetooth functionality on the 6873i SIP 
phone by defining the “audio bluetooth” parameter in the 
configuration file.

*New for all the 6873i phones

BroadSoft UC- One Favorite 
Softkey Support on the M685i 
Expansion Module

(For Users)

In previous releases, BroadSoft Favorite softkeys (used to view 
presence information for UC-One contacts) were only available to 
be configured on the 6867i, 6869i, and 6873i SIP phones. In 
Release 4.3.0 SP1, BroadSoft Favorite softkeys are now 
available to be configured on the M685i Expansion Module when 
attached to the 6867i, 6869i, and 6873i SIP Phones.

*New for the M685i Expansion Module with 6867i, 6869i, and 
6873i SIP Phones”

New Key Functions for 
Enabling/Disabling BroadSoft Xsi 
Features

(For Administrators and Users)

The following three new key functions have been introduced in 
Release 4.3.0 SP1 allowing users to instantly enable and disable 
the following BroadSoft Xsi features with a simple key press 
without having to access the Options menu:

• Remote Office

• Hide Number

• Simultaneous Ringing

*New for all 6800 series phones

Additional uaCSTA 
DeviceID-Related Parameters

(For Administrators)

Additional parameters ("csta user name", "sip csta tel", and "sip 
lineN csta tel") have been implemented in Release 4.3.0 SP1 
allowing Administrators the ability to specify custom uaCSTA 
deviceID login names as well as specify the tel=<ext> tag in the 
deviceID field.

*New for all 6800 series phones

SIP
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TLS SIP Enhancements

(For Administrators)

Subject Alternative Name (SAN) certificate support is now 
enabled by default in Release 4.3.0 SP1 and the phones now 
have the ability to parse IP addresses in server certificate SAN 
entries.

Additionally, a new configuration parameter "sips strict cert cn 
validation" has been created in Release 4.3.0 SP1 whereby, if 
disabled, the SIP phones will validate SIP server certificates with 
a Common Name (CN) specified as a wildcard.

*New for all 6800 series phones

DNS SRV Sticky Session and Load 
Balancing Enhancements

(For Administrators)

DNS SRV sticky sessions are now supported on the phones 
when the following three conditions are met:

• A DNS TTL expiry occurred, and

• The existing connection is still in the list, and

• The priority for the existing server has not changed higher or 
lower.

To enable the DNS SRV sticky session feature, Administrators 
must enable the "sip outbound support" parameter and the 
DNS SRV query method must be used for resolving domain 
names to servers.

*New for all 6800 series phones

User Interface (UI)

Broadsoft UC-ONE CHAT 
SUPPORT

(For Administrators and Users)

Starting with Release 4.3.0 SP1, the 6867i, 6869i, and 6873i SIP 
phones now integrate an XMPP-based BroadSoft UC-One chat 
client for one-to-one messaging with other 6867i, 6869i, and 
6873i SIP phones or with BroadSoft UC-One clients.

*New for the 6867i, 6869i, and 6873i phones

Picture ID Support for 6867i and 
6869i Directory and Call History 
Applications

(For Users)

Picture IDs (if available) are now displayed for each contact in the 
Directory and each entry in the Callers List for the 6867i and 
6869i SIP phones. 

*New for the 6867i and 6869i. (Previously available on 
the 6873i.)

BroadSoft Avatar in Place of 
Picture ID Support

(For Users)

Interoperability with XMPP-based BroadSoft UC-One services 
was implemented in Release 4.2.0 SP1. In Release 4.3.0 SP1, 
enhancements have been made allowing avatars updated via the 
BroadSoft UC-One desktop client to be used in place of picture 
IDs from an image server.

*New for the 6867i, 6869i, and 6873i phones

FEATURE DESCRIPTION
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Add, Edit, and Delete Support for 
BroadSoft Xsi Personal Contacts

(For Users)

Users are now able to manipulate contacts stored in their 
BroadSoft Xsi Personal Contacts directory (if available) using the 
phone’s native UI. Users can also copy entries from the Call 
History application to the BroadSoft Xsi Personal Contacts 
directory in Release 4.3.0 SP1.

*New for the 6867i, 6869i, and 6873i phones

BroadSoft Xsi Basic Call Log UI 
Improvement

(For Users)

In previous releases, if a call was missed that did not have the 
caller’s name associated with it, the phone would display the 
name as "Unavailable" when viewing the BroadSoft Basic Call 
Log application. In Release 4.3.0 SP1, missed calls without a 
known caller’s name are displayed with the number in place of 
"Unavailable".

*New for the 6867i, 6869i, and 6873i phones

Asynchronous LDAP Directory 
Lookup Mode Support

(For Administrators and Users)

In previous releases the LDAP directories would be downloaded 
in full, cached in the directory database and updated daily. 
Release 4.3.0 SP1 now supports a mode for the 6867i, 6869i, and 
6873i SIP phones in which the LDAP directory is no longer 
cached but available for lookup through a sub-application. This is 
accessible through the main Directory application. Users can 
perform lookups to the LDAP server directly and not the directory 
database. This allows users to access very large LDAP servers 
without overloading the SIP phones.

*New for the 6867i, 6869i, and 6873i phones

Incoming Call Deflection Support

(For Users)

A new feature has been implemented in Release 4.3.0 SP1 
whereby users can now deflect an incoming call to a number on 
a call-by-call basis. While call forwarding allows users to forward 
calls to a pre-defined number, and whereby most call transfers 
require users to first answer the incoming call, call deflection 
allows users to manually determine, while a call is incoming, what 
the destination number should be.

This feature can be enabled or disabled using the "call deflect" 
parameter.

*New for all 6800 series phones

Control of Display Element for 
BLF/List Keys

In the previous release, the LED and LCD color icon of a BLF/List 
key showed same information.

With the 4.3.0 SP1 release, the SIP phones now have the control 
over LCD color icon locally or from the server represented by 
using an integer. This is done by defining the configuration 
parameters.

*New for all 6800 series phones

FEATURE DESCRIPTION
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New soft key for Operator and 
Attendant functionality

With release 4.3.0 SP1, the SIP phones are now configured with 
a new XML soft key only for the M685 module. This key can be 
easily combined with the regular soft keys such as the BLF, XML, 
and numbers to retain their current characteristics and behavior. 
This key provides operator / attendant functionality.

*New for all 6800 series phones

6800 speakerphone double-talk 
performance

With release 4.3.0 SP1, the 6800 series phones now have 
improved duplex handsfree quality.

*New for all 6800 series phones

DNS SRV load-balancing with 
equal weight entries

With release 4.3.0 SP1, the SIP phones now support DNS SRV 
load-balancing with equal weight entries. The phone remains 
"sticky" with its existing connection when there is a DNS TTL 
expiry. The existing connection still appears in the list, and the 
priority for the existing server does not change higher or lower.

*New for all 6800 series phones

X-Aastra-Id header for MBG 
support

With release 4.3.0. SP1, the sip phones are now configured with 
the required X-Aastra-ID header on the initial requests 
(REGISTER, INVITE, SUBSCRIBE, and NOTIFY if used). On 
subsequent requests such as ACK, BYE, CANCEL, INFO, 
PRACK, REFER, and UPDATE, the known call ID allows routing 
the message without X-Aastra-ID.

*New for all 6800 series phones

Local directory entry limit support With release 4.3.0 SP1, the SIP phones have now increased the 
local directory entry limit from 200 to 1000 entries.

*New for all 6800 series phones

Set Timer for sending DHCP 
Discover

In previous release, on the 55i or 31i phones, the DHCP Discover 
request was sent with the following sequence: 4, 8, 16, 32 and 
again 4, 8, 16 seconds and so on. If a DHCP server did not 
respond to a request, the DHCP Discover request was sent every 
6 seconds, and this value was fixed on the 6867i phones.

With release 4.3.0 SP1, this behavior has changed so that if there 
is no response from the DHCP server for a certain period of time, 
the client retransmits the request after a set time interval. The 
time interval is chosen carefully to ensure that the network is not 
flooded.

*New for all 6867i phones

Support for switching audio from 
One-way to Two-way audio for 
intercom calls

With release 4.3.0 SP1, the SIP phones now have a facility to 
trigger two-way audio calls for Intercom calls, for which the Call 
Server support is required.

*New for all 6800 series phones

FEATURE DESCRIPTION
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XML

XML Color Definition Updates

(For Developers)

XML color definitions have been updated to be consistent with the 
colors used for the 6867i, 6869i, and 6873i SIP phone’s native UI.

For more information, refer to the Development Guide, XML API 
for Mitel SIP Phones.

*New for the 6867i, 6869i, and 6873i phones

Additional Icons in XML Object 
TextMenu

(For Developers)

In Release 4.3.0 SP1, the SIP phones allow more than one icon 
in a MenuItem of an XML Text Menu object.

For more information, refer to the Development Guide, XML API 
for Mitel SIP Phones.

*New for the 6867i, 6869i, and 6873i phones

New type of customizable XML 
softkeys

(For Developers)

In Release 4.3.0 SP1, the SIP phones now allow an XML 
application to control the layout of a top softkey completely 
including different elements of the key. 

For more information, refer to the Development Guide, XML API 
for Mitel SIP Phones.

*New for the 6867i, 6869i, and 6873i phones

Add additional XML Action URI 
variables

(For Developers)

In Release 4.3.0 SP1, the SIP phones support the additional XML 
Action URI variables.

For more information, refer to the Development Guide, XML API 
for Mitel SIP Phones.

*New for all 6800 series phones

Enhance XML Led Control

(For Developers)

In Release 4.3.0 SP1, the SIP phones now have the ability to 
control BLF key to support idle, ringing, hold, and connected 
states.

For more information, refer to the Development Guide, XML API 
for Mitel SIP Phones.

*New for the 6867i, 6869i, and 6873i phones

New XML object to support tiles to 
apps

(For Developers)

In Release 4.3.0 SP1, a new XML object is introduced, providing 
conceptual “Tiles” to applications.

For more information, refer to the Development Guide, XML API 
for Mitel SIP Phones.

*New for the 6867i, 6869i, and 6873i phones

FEATURE DESCRIPTION
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Expand XML prog line key support 
to include BLF states

(For Developers)

With release 4.3.0 SP1, the SIP phones now have the XML 
programmed to show all the states that are available on a BLF 
key.

For more information, refer to the Development Guide, XML API 
for Mitel SIP Phones.

*New for the 6867i, 6869i, and 6873i phones

Expand XML prog line keys to 
show superscript numbers

(For Developers)

With release 4.3.0 SP1, the SIP phones now have XML 
programmed line keys that are able to show the numbers 1-9, 
such as voice mail keys.

For more information, refer to the Development Guide, XML API 
for Mitel SIP Phones.

*New for the 6867i, 6869i, and 6873i phones

FEATURE DESCRIPTION
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ADDITIONAL INFORMATION

CONFIGURATION FEATURES

CONFIGURABLE BLUETOOTH SUPPORT

With Release 4.3.0 SP1, Administrators now have the option of enabling or disabling Bluetooth 
functionality on the 6873i SIP phone by defining the “audio bluetooth” parameter in the 
configuration file. Bluetooth functionality will be completely disabled and all Bluetooth related 
options in the 6873i SIP phone’s native UI, along with the Bluetooth-related references in the 
phone’s Web UI, will be inaccessible.

Administrators can re-enable Bluetooth functionality by defining the “audio bluetooth” 
parameter as “1” in the configuration files.

Enabling/Disabling Bluetooth Functionality Using the Configuration Files

Use the following parameter to enable or disable Bluetooth functionality on the 6873i SIP phone:

Note: Bluetooth functionality is enabled by default.

PARAMETER – 
audio bluetooth

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Enables or disables the 6873i SIP phone’s Bluetooth functionality. 
When disabled, Bluetooth functionality will be completely disabled 
and all Bluetooth-related options in the 6873i’s native UI, along with 
the Bluetooth-related references in the phone’s Web UI, will be 
inaccessible.

FORMAT Boolean

DEFAULT VALUE 1 (Enabled)

RANGE 0 - 1

0 (Disabled)

1 (Enabled)

EXAMPLE audio bluetooth: 0
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BROADSOFT UC- ONE FAVORITE SOFTKEY SUPPORT ON THE M685I 
EXPANSION MODULE

In previous releases, BroadSoft Favorite softkeys (used to view presence information for 
UC-One contacts) were only available to be configured on the 6867i, 6869i, and 6873i SIP 
phones. In Release 4.3.0 SP1, BroadSoft Favorite softkeys are now available to be configured 
on the M685i Expansion Module when attached to the 6867i, 6869i, and 6873i SIP Phones. 

Any number of favorite softkeys can be configured (limited only by the number of available 
softkeys on the M685i Expansion Module). If the number of UC-One favorite contacts exceed 
the number of Favorite softkeys, the Favorite softkeys will be populated with as many of the 
user’s UC-One favorite contacts. If the number of Favorite softkeys exceeds the number of 
UC-One favorite contacts, by default, the unused Favorite softkeys will not be populated and 
"???" labels will be displayed. 

Note: Avatars uploaded using the BroadSoft UC-One desktop client are not supported 
on the M685i Expansion module Favorite softkeys.

Note: The "keys noname hidden" parameter, originally applicable to BLF/List softkeys, 
is also applicable to Favorite softkeys. When this parameter is enabled, the labels for 
the unused Favorite softkeys will be left blank instead of question marks being displayed. 
For more information on the "keys noname hidden" parameter, see the 6800 Series 
SIP Phone Administrator Guide.

Default Display of "keys noname hidden" 
Parameter EnabledUnused Favorite Softkeys
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The phone assigns UC-One favorite contacts to the Favorite softkeys alphabetically based on 
the first name of the contact.

Users and Administrators can configure these softkeys using the phone’s Web UI. 
Administrators have the additional capability of configuring these softkeys using the 
configuration files.

Configuring Favorite Keys Using the Configuration Files

Use the following parameters to configure favorite keys on the M685i Expansion Module:

PARAMETER – 
expmodX keyN type

(where X corresponds to the 
expansion module number and 
N corresponds to the key’s 
number)

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Specifies the type of key to configure. For Favorite key functionality, 
the key must be defined as "favorite".

FORMAT Text

DEFAULT VALUE none

RANGE Refer to the Mitel 6800 Series SIP Phones Administrator Guide for 
details.

EXAMPLE expmod1 key1 type: favorite

PARAMETER – 
keys noname hidden

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION If this parameter is set to “0” (disabled), a series of question marks will 
be displayed on the screen indicating a blank Favorite softkey.

If this parameter is set to “1” (enabled) then the series of question 
marks will be hidden and nothing will be shown on the screen beside 
the affected softkeys.

FORMAT Boolean

DEFAULT VALUE 0

RANGE 0-1

0 (Disabled)

1 (Enabled)

EXAMPLE keys noname hidden: 1
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Configuring a Favorite Key Using the Mitel Web UI

Use the following procedure to configure a Favorite key on the M685i Expansion Module using 
the Mitel Web UI:

1. Click on Operation > Expansion Module X

2. Select a page.

3. Select a softkey.

4. In the Type field, select Favorite.

5. Repeat Steps 1 to 3 for any other softkeys you would like to configure as a Favorite softkey.

6. Click Save Settings.
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NEW KEY FUNCTIONS FOR ENABLING/DISABLING BROADSOFT XSI 
FEATURES

Three new key functions have been introduced for the SIP phones in Release 4.3.0 SP1 allowing 
users to instantly enable and disable the following BroadSoft Xsi services with a simple key 
press without having to access the Options menu:

• Remote Office

• Hide Number

• Simultaneous Ring

After configuring the above key types using the Web UI or by defining key types as 
"hidenumber", "remoteoffice", or "simultaneousring" in the configuration files, users can 
simply press the respective key to enable or disable the BroadSoft Xsi service. 

To indicate whether or not the service is enabled, the (if applicable) key LED and softkey icon 
colors are used as per the following table:

Users and Administrators can configure these keys using the phone’s Web UI. Administrators 
have the additional capability of configuring these keys using the configuration files.

Notes: 

1. Refer to the respective Xtended Services Platform and BroadSoft BroadWorks 
documentation for information on how to configure the above BroadSoft services 
on the BroadSoft BroadWorks call manager.

2. For information on how to configure and enable the BroadSoft Xsi services on the 
SIP phones, see the 6800 Series SIP Phone Administrator Guide.

Note: The new key types are applicable to programmable keys, top and bottom softkeys, 
hard keys, and expansion module keys.

SERVICE STATE LED SOFTKEY ICON COLOR

Enabled On Red

Disabled Off None

Unavailable Off Black

Note: An unavailable service state is indicated when the service state has not yet been 
updated by the BroadSoft call manager. Press the respective key to initiate an update.



Mitel 6800 Series SIP Phones 4.3.0 SP1 Release Notes

15

Configuring Remote Office, Hide Number, and Simultaneous Ring Keys Using the 
Configuration Files

Use the following parameters to configure Remote Office, Hide Number, and Simultaneous 
Ring keys:

PARAMETER – 
prgkeyN type

(6863i and 6865i)

softkeyN type
(6867i, 6869i, and 6873i)

topsoftkeyN type 
(6867i, 6869i, and 6873i)

hardkeyN type
(6867i, 6869i, and 6873i)

expmodX keyN type
(M680i and M685i)

(where N corresponds to 
the key’s number and X 
corresponds to the expansion 
module’s number)

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Specifies the type of key to configure.

For Remote Office, the key must be defined as "remoteoffice".

For Hide Number, the key must be defined as "hidenumber".

For Simultaneous Ring, the key must be defined as 
"simultaneousring".

FORMAT Text

DEFAULT VALUE none

RANGE Refer to the Mitel 6800 Series SIP Phones Administrator Guide for 
details.

EXAMPLE prgkey1 type: hidenumber

softkey1 type: remoteoffice

topsoftkey1 type: hidenumber

expmod1 key1 type: simultaneousring

hardkey1 type: remoteoffice
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Configuring Remote Office, Hide Number, and Simultaneous Ring Keys Using the Mitel 
Web UI

Use the following procedure to configure the Remote Office, Hide Number, and Simultaneous 
Ring keys using the Mitel Web UI:

1. Click on Operation > Programmable Keys 
(6863i and 6865i)
or
Click on Operation > Softkeys and XML > Bottom Keys or Top Keys 
(6867i, 6869i, and 6873i)
or
Click on Operation > Expansion Module <N>. (M680i and M685i)

PARAMETER – 

softkeyN label 
(6867i, 6869i, and 6873i)

topsoftkeyN label 
(6867i, 6869i, and 6873i)

expmodX keyN label (M685i)

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Specifies the text label that displays on the phone for the respective 
key.

For Remote Office keys, the default label is "Remote Office".

For Hide Number keys, the default label is "Hide Number".

For Simultaneous Ring keys, the default label is "SimRing".

FORMAT Text

DEFAULT VALUE See description.

RANGE N/A

EXAMPLE softkey1 label: Xsi Remote
topsoftkey1 label: Xsi Hide Num
exmod1 key1 label: Xsi SimRing
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Programmable Keys

2. Select a programmable key (6863i and 6865i).

3. In the Type field, select a softkey type (e.g. Remote Office, Hide Number, or 
Simultaneous Ring).

4. Click Save Settings.

Top and Bottom Softkeys

2. Select a top or bottom softkey (6867i, 6869i, and 6873i).

3. In the Type field, select a softkey type (e.g. Remote Office, Hide Number, or 
Simultaneous Ring).

4. In the Label field, enter a label to display on the phone for the key.

5. Click Save Settings.

Expansion Module Keys

2. Select from Key 1 through Key 16 (M680i) or Key 84 (M685i).

3. In the Type field, select a softkey type (e.g. Remote Office, Hide Number, or 
Simultaneous Ring).

4. In the Label field, enter a label to display on the phone for the key.

5. Click Save Settings.

ADDITIONAL uaCSTA DEVICEID-RELATED PARAMETERS

Additional parameters have been implemented in Release 4.3.0 SP1 to supplement the 
uaCSTA feature. These parameters include:

• csta user name: Used to specify a custom uaCSTA deviceID login name. The value can 
be alphanumeric. If blank (default) the uaCSTA deviceID field uses the MAC address. If 
configured, the uaCSTA deviceID field used the defined value.

• sip csta tel: Global value used to specify the tel=<ext> tag in the deviceID field. The value 
can be alphanumeric. If blank (default) the uaCSTA deviceID field does not include the 
extra tel=<ext> tag. If configured, the uaCSTA deviceID field contains the tel=<ext> tag with 
the <ext> as per the defined value.

• sip lineN csta tel: Per-line value (where N = line number) used to specify the tel=<ext> 
tag in the deviceID field. The value can be alphanumeric. If blank (default) the uaCSTA 
deviceID field does not include the extra tel=<ext> tag. If configured, the uaCSTA deviceID 
field contains the tel=<ext> tag with the <ext> as per the defined value.
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Configuring uaCSTA DeviceID-Related Options Using the Configuration Files

Use the following parameters to configure the deviceID-related uaCSTA options using the 
configuration files:

PARAMETER – 

csta user name

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Used to specify a custom uaCSTA deviceID login name. If blank 
(default) the uaCSTA deviceID field uses the MAC address. If 
configured, the uaCSTA deviceID field used the defined value.

FORMAT Text

DEFAULT VALUE N/A

RANGE Up to 20 alphanumeric characters

EXAMPLE csta user name: 4278

PARAMETER – 

sip csta tel (global)

sip lineN csta tel (per line 
where N = line number)

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Used to specify the tel=<ext> tag in the deviceID field. If blank 
(default) the uaCSTA deviceID field does not include the extra 
tel=<ext> tag. If configured, the uaCSTA deviceID field contains the 
tel=<ext> tag with the <ext> as per the defined value.

FORMAT Text

DEFAULT VALUE N/A

RANGE Up to 20 alphanumeric characters

EXAMPLE sip csta tel: 69

sip line1 csta tel: 69
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SIP FEATURES

TLS SIP ENHANCEMENTS

Two new TLS SIP enhancements have been implemented in Release 4.3.0 SP1.

SAN Support for IP Addresses

Subject Alternative Name (SAN) certificate support is now enabled by default in Release 4.3.0 
SP1 and the phones now have the ability to parse IP addresses in server certificate SAN entries. 
If the sip server certificate includes a SAN extension, the phone will match the IP addresses in 
the SAN entries against the configured sip peer name.

Wildcard Support for Common Names (CNs)

In previous releases, the SIP phones validated CNs from server certificates by exactly matching 
it against the configured sip peer name. In Release 4.3.0 SP1, a new configuration parameter 
"sips strict cert cn validation" has been created whereby, if disabled (defined as "0"), the 
phones will validate SIP server certificates with a CN specified as a wildcard.

The first label of a CN can be in the following format:

<LH>*<RH>.<Any Other Labels>.com where LH and RH can be any valid string or empty 
and the asterisk (i.e "*") is the wildcard character. For example, the CN can be:

• *.example.com

• *xyz.example.com

• xyz*.example.com

• abc*xyz.example.com

Only the first label of the CN is wildcard matched with the first label of the configured SIP peer 
name. All other labels are matched identically.

Configuring Wildcard Support for CNs Using the Configuration Files

Use the following parameter to configure wildcard support for CNs:

PARAMETER – 
sips strict cert cn validation

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Specifies whether the phone validates CNs from server certificates 
by exactly matching it against the configured SIP peer name 
(enabled) or if wildcard matching for CNs is allowed (disabled).

FORMAT Boolean

DEFAULT VALUE 1 (Enabled)

RANGE 0 - 1

0 (Disabled - Wildcards Allowed)

1 (Enabled - Identical Matching)

EXAMPLE sips strict cert cn validation: 0
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DNS SRV STICKY SESSION AND LOAD BALANCING ENHANCEMENTS

DNS Service Records (SRV) sticky sessions are now supported on the phones when the 
following three conditions are met:

• A DNS TTL expiry occurred, and

• The existing connection is still in the list, and

• The priority for the existing server has not changed higher or lower.

To enable the DNS SRV sticky session feature, Administrators must enable the "sip outbound 
support" parameter and the DNS SRV query method must be used for resolving domain names 
to servers.

Considerations

SIP Server selection based on priority/weight

When establishing a SIP outbound connection, the SIP server selection is based on 
priority/weight:

• Servers with top priority are selected first.

• Servers with same priority are further selected based on weight, the SRV record with higher 
weight are more likely to be selected than records with lower weight. 

• For example: If there are 2 SRV records with the same priority, one with weight 30 and 
the other with weight 70, the record with weight 30 will have a 30% chance of being 
selected while the record with weight 70 will have a 70% chance of being selected.

• If there are multiple IP addresses in the selected server's address list, the first IP address 
of the list is selected.

Sticky session criteria:

When sending a SIP outbound connection request, the next hop is determined in the following 
manner:

• Use the current SIP outbound connection (sticky session) if the criteria below are met:

• The current connection peer address is still included in the DNS resolved address list.

• The priority of the server has not changed higher or lower (i.e. the connection's SRV 
priority is same as the DNS query's SRV priority of the peer)

• If the above conditions are not met:

• The phone removes the current connection.

• The phone then sends the request to a new server which is selected based on 
priority/weight as detailed above.
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Configuring DNS SRV Using the Configuration Files

Use the following parameters to configure DNS SRV on the SIP phones.

PARAMETER – 
sip outbound support

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Enables and disables whether or not the phone uses Draft 15 
(draft-ietf-sip-outbound-15) support for SIP outbound packets.

A SIP User Agent (UA) behind a firewall, reuses an existing 
connection (usually the REGISTER outbound connection) for the 
inbound request if the proxy supports it. The UA uses keep-alive 
packets to monitor the connection status.

Notes: 

• If the Global SIP parameter “Persistent TLS” is set on the phone, 
then only one TLS persistent connection can be established since 
the phone uses the local port 5061 for connection. If the Global 
SIP parameter “TLS” is set on the phone, more than one 
connection can be setup since the phone uses a random local port 
for connection.

• This parameter must be enabled for this feature to start keep-alive 
for a particular transport.

FORMAT Boolean

DEFAULT VALUE 0 (Disabled)

RANGE 0 - 1

0 (Disabled)

1 (Enabled)

EXAMPLE sip outbound support: 1
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PARAMETER – 
sip dns query type

CONFIGURATION FILES

startup.cfg, <mac>.cfg

DESCRIPTION Specifies the Domain Name Service (DNS) query method to use 
when the SIP phones issue requests for DNS records using one of 
three methods: “A” only, SRV & A, and NAPTR & SRV & A.

FORMAT Integer

DEFAULT VALUE 1 (SRV & A)

RANGE 0: A only - The phone issues requests for “A” (Host IP Address) 
records from the DNS server to get the IP address, and uses the 
default port number of 5060.

1: SRV & A - The phone issues requests for “SRV” (Service 
Location Record) records from the DNS server to get the port 
number. Most often, the IP address is included in the response from 
the DNS server to avoid extra queries. If there is no IP address 
returned in the response, the phones send out the request for “A” 
records from the DNS server to find the IP address.

2: NAPTR & SRV & A - First, the phone sends "NAPTR" (Naming 
Authority Pointer) lookup to get the “SRV” pointer and service type. 
For example, if Global SIP transport protocol on the phone is “UDP”, 
and Proxy server on the phone is “test.mitel.com”, then: 

• If the NAPTR record is returned empty, the phone will use the 
default value “_sip._udp.test.mitel.com" for the “SRV” lookup.

• If the NAPTR record is returned "test.mitel.com SIP+D2U.... 
_sip._udp.abc.mitel.com", the phone will use 
“_sip._udp.abc.mitel.com" for the “SRV” lookup. 

• If the NAPTR record is returned "test.mitel.com SIP+D2T.... 
_sip._tcp.test.mitel.com", where the service type TCP 
mismatches the phone configured transport protocol “UDP”, 
the phone will ignore this value and use the default value 
“_sip._udp.test.mitel.com" for the “SRV” lookup.

Note: The phone does not use the service type sent by the NAPTR 
response to switch its transport protocol, nor does it use the NAPTR 
response to determine whether to use a secure or insecure 
communication path. The phone will always use a global sip protocol 
that is configured on the phone via configuration files or web user 
interface.

After performing NAPTR, the phone sends “SRV” lookup to get the 
IP address and port number. If there is no IP address in the “SRV” 
response, then it sends out an “A” lookup to get it.

Note: On the phone side, if you configure the phone with a Fully- 
Qualified Domain Name (FQDN) proxy and specified port, the phone 
always sends “A only” lookups to find the Host IP Address of the 
proxy.

EXAMPLE sip dns query type: 2
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PARAMETER – 
sip dns srvX name

Note: The “X” indicate a record 
number with values from 1 to 4.

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION The fully qualified URI of the DNS SRV record.

FORMAT Fully qualified URI including service prefix

DEFAULT VALUE N/A

RANGE N/A

EXAMPLE sip dns srv1 name: _sip._udp.example.com

PARAMETER – 
sip dns srvX priority

Note: The “X” indicate a server 
number with values from 1 to 4.

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION The priority level assigned to this DNS server. After this parameter is 
downloaded from the configuration server to the phone, the phone 
uses the DNS server with the lowest numbered priority first to 
perform DNS lookups.

FORMAT Integer

DEFAULT VALUE 0

RANGE 0 to 65535

EXAMPLE sip dns srv1 priority: 10

PARAMETER – 

Note: The “X” indicate a server 
number with values from 1 to 4.

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION The weight level assigned to this server. If a service has multiple 
SRV records with the same priority value, the phones use the weight 
field to determine which host to use. The weight value is relevant 
only in relation to other weight values for the service, and only among 
records with the same priority value.

FORMAT Integer

DEFAULT VALUE 0

RANGE 0 to 65535

EXAMPLE sip dns srv1 weight: 60
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PARAMETER – 
sip dns srvX port

Note: The “X” indicate a server 
number with values from 1 to 4.

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION The port number on the target host.

FORMAT Integer

DEFAULT VALUE 0

RANGE 0 to 65535

EXAMPLE sip dns srv1 port: 5060

PARAMETER – 
sip dns srvX target

Note: The “X” indicate a server 
number with values from 1 to 4.

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION The host name of the target.

FORMAT Host name or fully qualified domain name.

DEFAULT VALUE N/A

RANGE N/A

EXAMPLE sip dns srv1 target: bigbox.example.com

Note:  For detailed information on how to configure and use the DNS SRV query method 
on the SIP phones, see the 6800 Series SIP Phone Administrator Guide.



Mitel 6800 Series SIP Phones 4.3.0 SP1 Release Notes

25

UI FEATURES

BROADSOFT UC-ONE CHAT SUPPORT

Starting with Release 4.3.0 SP1, the 6867i, 6869i, and 6873i SIP phones now integrate an 
XMPP-based BroadSoft UC-One chat client for one-to-one messaging with other 6867i, 6869i, 
and 6873i SIP phones or with BroadSoft UC-One clients. 

Feature highlights of the SIP phone chat client include:

• On-screen keyboard used for the 6873i and K680i detachable magnetic keyboard support 
for the 6867i and 6869i SIP phones.

• Persistent chat sessions (manual deletion available).

• Push notification support including toast banner and audible notification.

• Basic emoticon support aligned with BroadSoft UC-One client.

• Incoming call rejection with configurable pre-defined message support.

The SIP phone chat client integrates seamlessly with the presence features and UI designed 
for the XMPP-based BroadSoft UC-One services interoperability features implemented in 
Release 4.2.0 SP1. If UC-One interoperability is already configured, no additional parameters 
are required for basic chat functionality. 

Note: Multi-party (group) chat sessions are not supported. Multi-party chat requests are 
ignored by the SIP phones.

Notes: 

1. The respective SIP phones must be configured for BroadSoft UC-One 
interoperability for basic chat capabilities.

2. Before configuring the SIP phones for BroadSoft UC-One interoperability, ensure 
the BroadSoft BroadWorks call manager is configured and the BroadWorks 
BroadCloud and UC-One-related services are enabled. Additionally, ensure the SIP 
phones are registered with the proper proxy and registrar servers and configured 
with the proper SIP credentials

3. Refer to the respective BroadSoft documentation for information on how to configure 
the UC-One services on the BroadSoft BroadWorks call manager and the 6800 
Series SIP Phone Administrator Guide for information on how to configure basic 
SIP settings and BroadSoft UC-One interoperability.
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Selecting a Chat Recipient

To start a chat, you first have to select a chat recipient. You can do this by one of two methods:

• Using a Favorite contact softkey:

For the 6867i and 6869i:

1. Press a Favorite contact softkey.

2. Press the Chat softkey.

For the 6873i:

1. Tap a Favorite contact softkey.

2. Tap the Chat softkey.

• Using the Contacts application:

For the 6867i and 6869i:

1. Press the Contacts softkey.

2. Use the  navigation keys to select the desired folder.

3. With the desired folder highlighted, press the  navigation key to move to the contact 
column.

4. Use the   navigation keys to scroll through the list of contacts.

5. With the applicable contact highlighted press the Chat softkey.

6869i Example

6869i Example
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For the 6873i:

1. Press the Contacts softkey.

2. Tap the applicable folder.

3. Swipe  to scroll through the list of contacts.

4. Tap to select the applicable contact.

5. Tap the Chat softkey.

Sending a Chat Message

The chat application displays the recipient’s name, free text, and presence state in the status 
bar. At the bottom of the message window, the date and time of the last message received that 
was sent by the person you are chatting with (if available) is displayed.

You can type a message in the message field by using the dialpad keys (all three SIP phone 
models), by connecting and using K680i detachable magnetic keyboard (6867i and 6869i) or 
by using the on-screen keyboard (6873i). 

6869i Example

6869i Example
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When you have finished typing, press the Send softkey (6867i and 6869i) or the blue Return 
button on the on-screen keyboard (6873i).

Receiving a Chat Message

When you receive a chat message, the following indications are displayed on the or played on 
the phone

6869i Example

6873i Example - Home Screen
Status barToast banner

and audible tone
(if enabled)

Favorite contact

chat indicator

chat indicator
(also displayed
as an aggregate
number on the
Contacts softkey)

Chat indicator

6873i Example - Contacts Application

in Contacts
application
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When enabled, the push notification features (toast banner and audible tone) are displayed 
and played while on any menu, screen, and application. Administrators and users can enable 
or disable the push notification features using the phone’s native UI. Administrators can also 
configure push notification features using the configuration files. 

Configuring Push Notifications Using the Phone’s Native UI

For the 6867i and 6869i:

1. Press  on the phone to enter the Options List.

2. Navigate to the Display option and press the  button or Select softkey.

3. Navigate to the Push Notification Sound checkbox and press the  button to add (enable 
audible tone) or remove (disable audible tone) a checkmark.

4. Navigate to the Push Notification Chat checkbox and press the  button to add (enable 
toast banner) or remove (disable toast banner) a checkmark.

5. Press the Save softkey to save your changes.

For the 6873i:

1. Press  on the phone to enter the Options List.

2. Tap the Display icon.

3. Tap the Push Notification Sound checkbox to add (enable audible tone) or remove (disable 
audible tone) a checkmark.

4. Tap the Push Notification Chat checkbox to add (enable toast banner) or remove (disable 
toast banner) a checkmark.

Notes: 

1. The volume level of the audible tone is aligned with the ringer volume level.

2. The audible tone is not played when the phone is ringing for an incoming call or 
when dialing out.
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5. Press the Save softkey to save your changes.Configuring Push Notifications Using the 
Configuration Files

Use the following parameters to configure push notifications on the SIP phones.

PARAMETER – 
screen notification sound

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Specifies whether or not an audible tone is played for new incoming 
chat messages.

Note: The volume level of the audible tone is aligned with the ringer 
volume level.

FORMAT Boolean

DEFAULT VALUE 1 (Enabled)

RANGE 0 -1 

0 (Disabled - Audible tone not played)

1 (Enabled - Audible tone played)

EXAMPLE screen notification sound: 0

PARAMETER – 
screen notification chat

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Specifies whether or not a push notification toast banner is displayed 
for new incoming chat messages.

FORMAT Boolean

DEFAULT VALUE 1 (Enabled)

RANGE 0 -1 

0 (Disabled - Toast banner not displayed)

1 (Enabled - Toast banner displayed)

EXAMPLE screen notification chat: 0
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Replying to a Chat Message

On the 6873i, tapping the toast banner will automatically open up the chat application and enter 
into the chat session with the person who sent you the message. 

6873i Example

Tap toast
banner to
enter chat
session
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Alternatively, on all three SIP phones, you can enter a chat session and reply by one of two 
methods:

• Using a Favorite contact softkey:

For the 6867i and 6869i:

1. Press the applicable Favorite contact softkey.

2. Press the Chat softkey.

3. Type your reply in the message input field and press the Send softkey.

For the 6873i:

1. Tap the applicable Favorite contact softkey.

2. Tap the Chat softkey.

3. Type your reply in the message input field and press the blue Return button.

• Using the Contacts application:

For the 6867i and 6869i:

1. Press the Contacts softkey.

2. With the Chats folder highlighted, press the   navigation key to move to the chat 
sessions column.

3. Use the  navigation keys to scroll through the list of chat sessions.

4. With the applicable chat session highlighted press the  button or Chat softkey.

5. Type your reply in the message input field and press the Send softkey.

For the 6873i:

1. Press the Contacts softkey.

2. With the Chats folder highlighted, swipe  to scroll through the list of chat 
sessions.

3. Tap to select the applicable chat session.

4. Tap the Chat softkey.

5. Type your reply in the message input field and press the blue Return button.

6873i Example

Tap Contacts
softkey or
Favorite
contacts
softkey



Mitel 6800 Series SIP Phones 4.3.0 SP1 Release Notes

33

Managing Chat Sessions

Chat sessions on the SIP phones are persistent and all chat sessions are available to be opened 
at a later time even after a user closes the chat session and chat application. However, this is 
only true until the phone is rebooted. Upon reboot, chat sessions and the messages they contain 
are lost.

Users have the ability to manually delete chat sessions (either all chat sessions at once or 
individual chat sessions) via the Contacts application.

Deleting All Chat Sessions 

For the 6867i and 6869i:

1. Press the Contacts softkey to enter the Contacts application.

2. With the Chats folder highlighted, press the Delete softkey.
A “Delete all chat sessions” message will appear on screen.

3. Press the Delete softkey again to delete all the chat sessions.

For the 6873i:

1. Tap the Contacts softkey to enter the Contacts application.

2. With the Chats folder highlighted, tap the Delete softkey.
A “Delete all chat sessions?” message will appear on screen.

3. Tap the Delete softkey again to delete all the chat sessions.

Deleting Individual Chat Sessions

For the 6867i and 6869i:

1. Press the Contacts softkey to enter the Contacts application.

2. With the Chats folder highlighted, press the  navigation key to move to the chat 
sessions column.

3. Use the  navigation keys to scroll through the list of chat sessions.

4. With the applicable chat session highlighted press the Delete softkey.
A “Delete chat session with <Name>?” message will appear on screen.

5. Press the Delete softkey again to delete the applicable chat session.

Note: A maximum of 200 messages per chat sessions are saved locally on the phone. 
If the number of messages exceeds 200 for a chat session, the oldest message will be 
deleted to make room for the newest message.
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For the 6873i:

1. Press the Contacts softkey to enter the Contacts application.

2. With the Chats folder highlighted, swipe  to scroll through the list of chat 
sessions.

3. Tap to select the applicable chat session.

4. With the applicable chat session highlighted tap the Delete softkey.
A “Delete chat session with <Name>?” message will appear on screen.

5. Tap the Delete softkey again to delete the applicable chat session.

BroadSoft UC-One Emoticon Support

Basic emoticons are supported on within the chat client that have been aligned with the 
emoticons available on the BroadSoft UC-One desktop client. 

When an emoticon is sent from a BroadSoft UC-One desktop client, the corresponding emoticon 
is displayed on the SIP phone.

Note: Sending emoticons from the SIP phone by graphical selection is not supported. 

BroadSoft UC-One Corresponding SIP
Phone EmoticonsEmoticons
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Rejecting Calls with a Pre-Defined Chat Message

Chat functionality has also been integrated into the incoming call UI whereby users can now 
reject an incoming call and select one of four pre-defined chat message to send to the caller. 
Alternatively, users can select the Custom option that quickly opens up a chat session with the 
caller, where the user can write a custom message.

User and Administrators can define the messages using the phone’s Web UI or Administrators 
can set the messages by defining the "chat quick message X" (where X is a number from 1 
to 4) parameter in the configuration files. 

Rejecting Calls on the 6867i and 6869i:

1. During an incoming call, press the Message softkey.
The incoming call is terminated and the pre-defined message selection pop-up displays.

2. Use the  navigation keys to scroll through the list of pre-defined messages.

3. Press the  button to send the selected pre-defined message or the Custom option.
If the Custom option is selected, a chat session opens up where you can type in and send 
your custom message.

Rejecting Calls on the 6873i:

1. During an incoming call, tap the Message softkey.
The incoming call is terminated and the pre-defined message selection pop-up displays.

2. Tap the pre-defined message you wish to send or tap the Custom option.
If the Custom option is selected, a chat session opens up where you can type in and send 
your custom message.

Note: Press the Cancel softkey if you do not wish to send a pre-defined message. 
It is important to note the incoming call is terminated immediately after pressing the 
Message softkey. The Cancel softkey will only cancel the message process.

Note: Tap the Cancel softkey if you do not wish to send a pre-defined message. It 
is important to note the incoming call is terminated immediately after tapping the 
Message softkey. The Cancel softkey will only cancel the message process.

6873i Example
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Configuring Pre-Defined Messages Using the Mitel Web UI

Use the following procedure to configure the pre-defined messages:

1. Click on Basic Settings > Chat Messages.

2. In each respective input field, edit the pre-defined messages you would like to have 
displayed when an incoming call is rejected using the Message softkey.

3. Click Save Settings.

Configuring Pre-Defined Messages Using the Configuration Files

Use the following parameters to configure pre-defined messages on the SIP phones.

Note: You can revert back to default messages by deleting the text in the respective 
input fields and saving.

PARAMETER – 
chat quick message 1

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Specifies the first pre-defined message in the pop up displayed when 
an incoming call is rejected using the Message softkey.

FORMAT String (maximum of 80 alphanumeric characters)

DEFAULT VALUE Can't talk right now. I'll call you later.

RANGE N/A 

EXAMPLE chat quick message 1: Can’t talk.

PARAMETER – 
chat quick message 2

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Specifies the second pre-defined message in the pop up displayed 
when an incoming call is rejected using the Message softkey.

FORMAT String (maximum of 80 alphanumeric characters)

DEFAULT VALUE On another call, what's up?

RANGE N/A 

EXAMPLE chat quick message 2: What’s up?
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PARAMETER – 
chat quick message 3

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Specifies the third pre-defined message in the pop up displayed 
when an incoming call is rejected using the Message softkey.

FORMAT String (maximum of 80 alphanumeric characters)

DEFAULT VALUE I’ll call you back.

RANGE N/A 

EXAMPLE chat quick message 3: In a meeting.

PARAMETER – 
chat quick message 4

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Specifies the fourth pre-defined message in the pop up displayed 
when an incoming call is rejected using the Message softkey.

FORMAT String (maximum of 80 alphanumeric characters)

DEFAULT VALUE Call me back in 10 minutes.

RANGE N/A 

EXAMPLE chat quick message 4: On my way.
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PICTURE ID SUPPORT FOR 6867I AND 6869I DIRECTORY AND CALL 
HISTORY APPLICATIONS

In addition to various call screens, the contact details screen in the Directory, and the call details 
screen in the Call History, Picture IDs (if available) are now displayed for each contact in the 
main Directory screen and each entry in the main Call History screen for the 6867i and 6869i 
SIP phones.

Notes: 

1. This feature was previously available for 6873i SIP phones only.

2. For picture IDs to be displayed, the image filenames must correspond exactly with 
the phone number of the caller/contact. For information on how to set up Picture ID 
support, see the 6800 Series SIP Phone Administrator Guide.

6867i Call History

6869i Directory
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BROADSOFT AVATAR IN PLACE OF PICTURE ID SUPPORT

Interoperability with XMPP-based BroadSoft UC-One services was implemented in Release 
4.2.0 SP1. In Release 4.3.0 SP1, enhancements have been made allowing avatars updated 
via the BroadSoft UC-One desktop client to be used for XMPP clients in place of picture IDs 
from an image server.

When both an image server is defined in the configuration files (and picture IDs are available) 
and BroadSoft UC-One services are enabled (and avatars have been added via the BroadSoft 
UC-One desktop client), the Broadsoft avatars are displayed for XMPP clients. These rules 
apply to all avatar/images displayed in the Directory and Call History applications as well as 
the idle and call screens.

Notes: 

1. The feature is applicable to the 6867i, 6869i, and 6873i SIP phones only.

2. For information on how to add an avatar using the BroadSoft UC-One desktop client, 
refer to the applicable BroadSoft UC-One desktop client documentation.

3. Changes to avatars using the BroadSoft UC-One client will be reflected on the SIP 
phone only after the phone has been rebooted.

4. When XMPP is enabled, phone will not try to download picture ID from image server.
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ADD, EDIT, AND DELETE SUPPORT FOR BROADSOFT XSI PERSONAL 
CONTACTS

Users are now able to manipulate (add, edit, and delete) contacts stored in their BroadSoft Xsi 
Personal Contacts directory (if available) using the phone’s native UI. Users can also copy 
entries from the Call History application to the BroadSoft Xsi Personal Contacts directory in 
Release 4.3.0 SP1.

Adding New Entries to the BroadSoft Xsi Personal Contacts Folder

For the 6867i/6869i:

1. Press the  softkey or softkey configured with Directory functionality.

2. Use the Down Navigation Key and Up Navigation Key to navigate to the Personal Contacts 
directory folder.

3. Press the    navigation Key to move to contact column and press the Add New softkey.

4. Under the Identity tab, use the Down Navigation Key and Up Navigation key to navigate 
to the desired fields and using the dialpad keys input the first name and last name.

Notes: 

1. This features is only applicable to the BroadSoft Xsi Personal Contacts directory 
type. For information on how to configure and enable the BroadSoft Xsi Personal 
Contacts directory on the phone, see the 6800 Series SIP Phone Administrator 
Guide.

2. If a BroadSoft Xsi Personal Contacts directory is configured and enabled, copying 
an entry from the Call History application will now copy the entry to the Personal 
Contacts folder by default.

6869i Example
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5. Press the Up Navigation key to navigate to the Identity tab, and press the    navigation 
key to switch to the Numbers tab.

6. Under the Numbers tab, use the Down Navigation key to navigate to the Work 1 number 
field and using the dialpad keys input the contact’s number.

7. Press the Save softkey to save your changes.

For the 6873i:

1. Tap the softkey configured with Directory functionality.

2. Tap the Personal Contacts directory folder.

3. Tap any contact in the right contacts column and then tap the Add New softkey.

4. Under the Identity tab, tap the desired field and using the on-screen keyboard input the 
first name and last name.

5. Tap the Identity tab and tap the right arrow button to switch to the Numbers tab.

6869i Example
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6. Under the Numbers tab, tap the Work 1 number field and using the on-screen keyboard 
or dialpad keys input the contact’s number.

7. Tap the Save softkey to save your changes.

Editing an Existing BroadSoft Xsi Personal Contact 

For the 6867i/6869i:

1. Press the  softkey or softkey configured with Directory functionality.

2. (Optional) Using the dialpad keys input the first letters of the contact’s name to initialize 
the search function.

3. Use the navigation keys to highlight the contact you want to edit.

4. Navigate to the contact’s Details page and press the Edit softkey.

5. Use the navigation keys to navigate through the various tabs and fields and edit any desired 
information using the dialpad keys.

6. Press the Save softkey to save your changes.

For the 6873i:

1. Tap the softkey configured with Directory functionality.

2. Tap the Personal Contacts directory folder.

3. (Optional) Tap the search bar to initialize the search function and enter in the name of the 
contact.

4. Tap the contact you want to edit.

5. Navigate to the contact’s Details page and tap the Edit softkey.

6. Tap the tabs and fields on screen to navigate and edit any desired information using the 
on-screen keyboard.

7. Press the Save softkey to save your changes.
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Deleting All Entries from the BroadSoft Xsi Personal Contact Folder

For the 6867i/6869i:

1. Press the  softkey or softkey configured with Directory functionality.

2. Use the Down Navigation Key and Up Navigation key to navigate to the Personal Contacts 
directory folder.

3. Press the Delete softkey.
A “Delete all entries in Personal Contacts?” message appears on screen.

4. Press the Delete softkey again to delete all contacts from your BroadSoft Xsi Personal 
Contacts folder.

For the 6873i:

1. Tap the softkey configured with Directory functionality.

2. Tap the Personal Contacts directory folder.

3. Tap the Delete softkey.
A “Delete all entries in Personal Contacts?” message appears on screen.

4. Tap the Delete softkey again to delete all contacts from your BroadSoft Xsi Personal 
Contacts folder.

Deleting An Individual Entry from the BroadSoft Xsi Personal Contact Folder

For the 6867i/6869i:

1. Press the  softkey or softkey configured with Directory functionality.

2. (Optional) Using the dialpad keys input the first letters of the contact’s name to initialize 
the search function.

3. Use the navigation keys to highlight the contact you want to delete.

4. Press the Delete softkey.
A “Delete <Name> from Personal Contacts?” message appears on screen.

5. Press the Delete softkey again to delete the entry from your BroadSoft Xsi Personal 
Contacts folder.

Note: Press the Cancel softkey to cancel the delete process.

Note: Tap the Cancel softkey to cancel the delete process.

Note: Press the Cancel softkey to cancel the delete process.
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For the 6873i:

1. Tap the softkey configured with Directory functionality.

2. (Optional) Tap the search bar to initialize the search function and enter in the name of the 
contact.

3. Tap the contact you want to edit.

4. Tap the Delete softkey.
A “Delete <Name> from Personal Contacts?” message appears on screen.

5. Tap the Delete softkey again to delete the entry from your BroadSoft Xsi Personal Contacts 
folder.

Copying Call History Entries to the BroadSoft Xsi Personal Contact Folder

For the 6867i/6869i:

1. Press the  or  key to enter to Call History application.

2. Use the navigation keys to highlight the entry you want to copy.

3. Press the Copy softkey. 
The entry is copied to the Personal Contacts Directory folder.

For the 6873i:

1. Press the  or  key to enter to Call History application.

2. Tap the entry you want to copy.

3. Tap the Copy softkey. 
The entry is copied to the Personal Contacts Directory folder.

Note: Tap the Cancel softkey to cancel the delete process.
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ASYNCHRONOUS LDAP DIRECTORY LOOKUP MODE SUPPORT

In previous releases LDAP directories would be downloaded in full, cached in the directory 
database and updated daily. Release 4.3.0 SP1 now supports a new Asynchronous LDAP 
Directory Lookup Mode for the 6867i, 6869i, and 6873i SIP phones in which the LDAP directory 
is no longer cached but available via an LDAP lookup sub-application.

The new LDAP directory is accessible through the main Directory application. Users can now 
perform lookups via the LDAP server directly and access very large LDAP servers without 
overloading the SIP phones.

The existing LDAP parameters are shared in both cached and lookup modes. Two new 
configuration parameters have been added to supplement the lookup mode:

• ldap downloaded: Enables or disables the LDAP mode between cached and lookup. 
When defined as "0", LDAP directories are not cached on the phone (i.e. LDAP direc-
tories are available using the lookup method). When defined as "1" (default), LDAP 
directories are cached on the phone.

• ldap lookup filter: Represents the custom LDAP query sent for an LDAP lookup. 
Example: "ldap lookup filter: (|(givenName=%)(sn=%))". This parameter allows the 
query to be aligned to the LDAP server data scheme.

Example: If an LDAP directory is configured with an LDAP name of "Mitel" and the "ldap 
downloaded" parameter is defined as "0" in the configuration files, users can perform a lookup 
on the LDAP directory by accessing the Directory and then pressing or tapping the Mitel softkey. 
Users can then select a contact, dial, view the contact’s Details page or copy to the Local 
Directory using the same methods as the cached LDAP directory.

Note: This parameter is ignored if the LDAP server is an Exchange Server.

6869i Example
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A sub-application for the LDAP directory is displayed whereby users can perform a lookup via 
the LDAP server.

Users must enter at least three characters in the search bar and then press or tap the Search 
softkey.

Users can then select a contact and dial, view the contact’s Details page, or copy to the Local 
Directory using the same methods as the cached LDAP directory.

6869i Example

6869i Example
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Limitations

There are two limitations when using the LDAP lookup mode:

• LDAP records are not used for caller ID lookups.

• Searches in the LDAP lookup mode are based on exact matches. Therefore, when 
searching for names with diacritical characters, the diacritical characters must be entered 
or the result will not be displayed. For example, a search for Stéphane using "Ste" will not 
result in a match; the search must be entered as "Sté". In cached mode, a search for "Ste" 
will still result in a match with "Stéphane".

Configuring Asynchronous LDAP Lookup Mode Using the Configuration Files

Use the following parameters to configure asynchronous LDAP lookup mode.

PARAMETER – 
ldap downloaded

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Enables or disables the LDAP mode between cached and lookup.

When defined as "0", LDAP directories are not cached on the phone 
(i.e. LDAP directories are available using the lookup method). When 
defined as "1" (default), LDAP directories are cached on phone.

FORMAT Boolean

DEFAULT VALUE 1 (Enabled)

RANGE 0 - 1

0 (Disabled)

1 (Enabled)

EXAMPLE ldap downloaded: 0

PARAMETER – 
ldap lookup filter 

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Represents the custom LDAP query sent for an LDAP lookup. This 
parameter allows the query to be aligned to the LDAP server data 
scheme. 

Note: This parameter is ignored if the LDAP server is Exchange.

FORMAT String 

Must include at least one character "%" which will be replaced by the 
lookup string in the request sent to the server. 

DEFAULT VALUE (|(givenName=%)(sn=%)(company=%)) 

RANGE N/A

EXAMPLE ldap lookup filter: (|(givenName=%)(sn=%)) 
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INCOMING CALL DEFLECTION SUPPORT

In Release 4.3.0 SP1, a new feature is implemented through which users can now deflect an 
incoming call to a number on a call-by-call basis without answering the call. Call deflection 
allows the users to manually determine a destination number during an incoming call (user has 
a choice to attend the call or deflect the call without answering).

The destination number can be entered using the dialpad keys or ’deflect a call quickly to a 
programmable key’ or ’softkey’ configured with Speeddial or BLF functionality. Applicable key 
types include:

• Speeddial

• Speeddial/Xfer

• Speeddial/Conf

• Speeddial/MWI

• BLF

• BLF/List

Users can enable or disable this feature using the "call deflect" parameter.

Notes: 

1. Live dialpad is disabled when entering destination numbers using the 
call deflection feature.

2. When the "No Answer" Call Forward mode is configured and enabled 
on the phone, incoming calls are not forwarded to the defined "No An-
swer" number if the user is in the process of deflecting an incoming call.

For example, during an incoming call, with the "No Answer" Call Forward 
mode configured to the forward incoming calls after five rings, if the user 
presses the Deflect softkey on their 6869i SIP phone (in the process of 
deflecting the call five ring elapse) the call is not forwarded. This is true 
even if the user decides not to deflect the call and cancels the deflection 
process after five rings. However, if the user cancels the deflection pro-
cess before five rings, the call is forwarded per usual.

3. Users are able to transfer a call to Speeddial/Xfer and BLF /Xfer keys 
directly without answering an incoming call.

4. During an incoming when a call is deflected by pressing BLF/List or BLF 
key, it is treated same as a speeddial key disregarding other configura-
tion options such as ‘directed call pickup', 'blf allow barg in', 'enhanced 
direct call pickup', 'blf key mode', and so on.

5. When the user wants to retain a behaviour defined by any of the above 
mentioned options after pressing the call deflect key, the call deflection 
can be cancelled by pressing the cancel key or by pressing the GoodBye 
key on the call deflect screen.
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Enabling / Disabling Incoming Call Deflection Support Using Configuration Files. 

Use the following parameter to enable or disable incoming call deflection support on the 6873i 
phone:

Deflecting a Call

For the 6863i and 6865i:

1. During an incoming call, press the  key or programmable key configured with 
Transfer functionality.

2. Using the dialpad keys, enter the destination number to which you wish to deflect the 
incoming call
or
Press a programmable key configured with Speeddial or BLF functionality.

3. If a destination number was entered manually, press the  key, programmable key 
configured with Transfer functionality, or    navigation key to deflect the call.

PARAMETER – 
call deflect

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg, <user>.cfg

DESCRIPTION Enables or disables the ability to deflect a call to another number 
during a ringing state.

FORMAT Boolean

DEFAULT VALUE 0

RANGE 0 - 1

0 (Disable)

1 (Enable)

EXAMPLE call deflect: 1

 1 
  
         555-1234

Martha Gold

 1  
  
        

 1. Martha Gold
 2. 
            Deflect
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For the 6867i and 6869i:

1. During an incoming call, press the Deflect softkey.

2. Using the dialpad keys, enter the destination number to which you wish to deflect the 
incoming call
or
Press a softkey key configured with Speeddial or BLF functionality.

3. If a destination number was entered manually, press the Deflect softkey again to deflect 
the call.

Note: Use the Backspace softkey to correct any errors and the Cancel softkey to 
cancel the call deflection process.

6869i Example

6869i Example
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For the 6873i:

1. During an incoming call, tap the Deflect softkey.

2. Using the dialpad keys, enter the destination number to which you wish to deflect the 
incoming call
or
Tap a softkey key configured with Speeddial or BLF functionality.

3. If a destination number was entered manually, tap the Deflect softkey again to deflect the 
call.

Note: Use the Backspace softkey to correct any errors and the Cancel softkey to 
cancel the call deflection process.
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CONTROL OF DISPLAY ELEMENT FOR BLF/LIST KEYS

In the previous release, the LED and LCD color icon of a BLF/List key showed same information.

With the 4.3.0 SP1 release, the SIP phones can now specify the LCD color icon locally or from 
the server represented by using an integer. This is done by defining the configuration 
parameters.

For example, by defining the “blf icon: 1” parameter, the server can specify the color of the 
icon to be used for other informations. This can be used to show the presence status of the user.

The colors supported such as red, yellow, green, grey, and black are represented through an 
integer (1 – 5) for efficient transport and processing. The display element for a BLF/List Key 
can be configured by using the target element.

For example, to configure the LCD or LED icon on the BLF/List or the list key with Red color.

target uri="target uri">
    <param pname="mitel_led" pval="colour-integer"/>
  </target>

Enabling / Disabling Display elements for BLF/List keys Using Configuration Files.

Use the following parameter to enable or disable the display of elements for BLF/List keys:

This feature is new for all 6800 series phones.

PARAMETER – 
blf icon

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Enables/disables the server controlled icons for BLF/List 
keys. If enabled, the icon is controlled by the call server 
through the SIP NOTIFY.

FORMAT Integer

DEFAULT VALUE 0

RANGE 0..1

EXAMPLE blf icon: 1 #enable the server controlled icon for BLF list.
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NEW SOFT KEY FOR OPERATOR AND ATTENDANT FUNCTIONALITY

With release 4.3.0 SP1, the SIP phones are now configured with a new XML soft key only for 
the M685i module.
This key can be easily combined with the regular soft keys such as the BLF, XML, and numbers 
to retain their current characteristics and behavior. This key also provides you with the operator 
/ attendant functionality.

The soft key has the following characteristics:

1. The whole display line, together with the two keys and two LEDs is defined as a single 
element.

2. The label of the key occupies the whole line without dividing the display into two parts.

3. The existing “fontMono” tag allows the server to define the proportional or monotype font.

4. The key label supports upto 5 server-defined icons in any position.

5. The key has two "key actions" for the  and the  keys, and information about the 
key to be pressed is sent to the server.

6. Additional types of key press such as double-click and long-click are supported.

7. The two LEDs are controlled by the server (on / off / slowflash / fastflash). The colour (red 
/ green / orange) of the LED is also defined by the server.

8. The background colour (as an RGB colour code – for example, FF0000 for red) of the key 
is also defined by the server.

SET TIMER FOR SENDING DHCP DISCOVER

In previous release, on the 55i or 31i phones, the DHCP Discover request was sent with the 
following sequence: 4, 8, 16, 32 and again 4, 8, 16 seconds and so on. If a DHCP server did 
not respond to a request, the DHCP Discover request was sent every 6 seconds, and this value 
was fixed on the 6867i phones.

With release 4.3.0 SP1, this behavior has changed so that if there is no response from the 
DHCP server for a certain period of time, the client retransmits the request after a set time 
interval. The time interval is chosen carefully to ensure that the network is not flooded.

For example - A cable containing 100 machines that are just coming up after a power failure, 
simply retransmitting the request every four seconds will inundate the network. As a possible 
strategy, backing off exponentially is considered similar to how Ethernet backs off on a collision. 
So if the first packet is at time 0:00, the second would be at 0:04, then 0:08, then 0:16, then 
0:32, then 0:64.... so on.”
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SUPPORT FOR SWITCHING AUDIO FROM ONE-WAY TO TWO-WAY 
AUDIO FOR INTERCOM CALLS

With release 4.3.0 SP1, the SIP phones now have a facility to switch from one-way audio to 
two-way audio calls for Intercom calls.

When an intercom call is initiated with a one-way audio path from the caller to one or more 
phone(s), one of the called users can activate the full bidirectional audio path by pressing  a 
softkey of the phone. The call manager activates a full two-way audio path between the caller 
and the answering user.

By default, this feature is disabled. You can enable this feature by configuring the value of the 
"action uri answericom" parameter as "http://<ipaddress>/requestType-XYZ" (XYZ can be 
any string here).

• When the parameter is configured with an action uri string on 6867i, 6869i, and 6873i:

• A softkey labeled "AnswerIcom" is displayed in the bottom softkey list of the intercom 
call screen.

• You can activate two-way audio intercom by pressing the "AnswerIcom" softkey.

• The Conf and Xfer softkeys are not displayed on the intercom call screen.

• When the parameter is configured with an action uri string on 6863i and 6865i:

• A label named "Answer" is displayed at the right corner of the intercom call screen. 
This is prefixed with "arrow down" icon.

• You can activate two-way audio intercom by pressing the ’scroll down’ key with the 
above configuration.

• When the "AnswerIcom" softkey or "scroll down" key is pressed:

• The phone sends HTTP GET notification to the configured action uri.

• The phone keeps the "AnswerIcom" softkey or scroll down key on the screen until 
the two-way intercom is activated by the call manager.

• When the two-way audio intercom is activated by the call manager (through REINVITE)

• The phone unmutes the microphone if it was muted before.

• The phone displays the normal connected call screen that has no "AnswerIcom" 
bottom softkey or label prefixed with "arrow down" icon.

This feature is new for all 6800 series phones.

Note: 

• The server support is required to enable this feature.

• If the server does not support this feature or this feature is not enabled on 
server, enabling this feature on the phone may lead to unexpected behavior. 
Hence this feature is enabled only if it is supported by the server.
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Enabling / Disabling Support for Switching Audio from One-way to Two-way audio for 
Intercom calls Using Configuration Files.

Use the following parameter to enable or disable the support for switching audio from one-way 
to two-way audio for intercom calls:

PARAMETER – 
action uri answericom

CONFIGURATION FILES

startup.cfg, <model>.cfg, <mac>.cfg

DESCRIPTION Specifies the URI, for which the phone executes a GET on 
when user switches one way audio intercom to two way audio 
intercom by pressing the "AnswerIcom" softkey or the scroll 
down key.

FORMAT String

DEFAULT VALUE " "

RANGE Same as other action uri.

EXAMPLE action uri answericom:

http://http-server-ip/aastraSipTerm.xml?requestType=answe
ricom 
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ISSUES RESOLVED IN RELEASE 4.3.0 SP1

This section describes the enhancements to previously developed features implemented on 
the 6800 series SIP phones in Release 4.3.0 SP1.

The following table provides the enhancement or issue number and a brief description of each 
enhancement or issue:

Note:  Unless specifically indicated, the items below apply to the all the 6800 SIP phones.

DEFECT DESCRIPTION RESOLUTION

DEF40871/
CLN42450

In the 6867i SIP Phone, when a call transfer 
is made to a party whose caller ID is 
suppressed, the number of the previous 
transferred call is displayed on the 6867i SIP 
Phone display. 

Problem resolved

DEF42313/
CLN42469

The 6865i SIP Phone uses wrong RTP 
destination port when symmetric RTP 
disabled, resulting in a one-way audio.

Problem resolved

DEF42344/
CLN42388

The XML application reprograms the M685i 
Module keys to display user phone location, 
and the Phone crashes.

Problem resolved

CLN42389/
DEF42289

On the 6865i SIP Phone the 30min 
summertime and 1hr summertime options 
are missing from TUI.

Problem resolved

DEF42378 If the Rusiisan language is loaded and is 
configured as default, the provisioning 
server becomes unavailable and the phones 
goes into a reboot loop.

Problem resolved 

DEF41704/
CLN42420

When a Shared Call Appearance (SCA) 
trunk call in made to a destination that is 
busy, the 6800 Series SIP Phones 
configured on MiVO 400 play congestion 
tone instead of a busy tone and displays 
Call failed.

Problem resolved

DEF42081/
CLN42467

When an external call is made to the ACD 
group on a 6800 Series SIP Phone is 
terminated at the external caller end, the call 
is still not terminated on the 6800 Series SIP 
Phone.

Problem resolved

DEF42128 When an incoming call to 6867i SIP Phone 
is blind transferred to another phone, which 
is in alerting state, the 6867i SIP Phone gets 
locked for making calls. The 6867i SIP 
Phone remains in the lock state for 3 
minutes or until the alerting state on the 
other phone is cleared.

Problem resolved
The 6867i SIP Phone does not go in to a 
locked state when making a blind transfer 
to another phone, even if the phone is in 
the alerting state.
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DEF39501 When the 6867i SIP Phone is configured 
with two users and a BLF on the second 
user using the XML, and when the 6867i SIP 
Phone is booted, the BLF attempts to 
subscribe using the registration for the first 
user instead of on the second user.

Problem resolved 
When the 6867i SIP Phone is booted, the 
BLF configuration is as per the 
configuration defined in the XML.

DEF42151 When a user dials the number specified in 
the emergency dial plan on the 6873i SIP 
Phone, and the “emergency call 
connection hold enabled” is enabled, the 
emergency call gets disconnected when the 
Drop softkey is pressed.

Problem resolved
The emergency call on the 6873i SIP 
Phone is not disconnected, when the 
“emergency call connection hold 
enabled” is enabled and the Drop softkey 
is pressed.

DEF42446 If the hardkey2 (L2) is configured as a 
Phone Lock, the hardkey can be used to 
lock the phone but cannot be used to unlock 
the phone.

Problem resolved

DEF42305 On the 6867i SIP Phone:

When a user presses the XML key, the XML 
applications on the phone freezes for several 
seconds.

The M685i Extended Module display 
disappears for approximately 10 seconds.

When the user receives a second call while 
on an active call, there is a cracking noise 
heard at both ends.

Problem resolved

DEF42473/
CLN42489

On the 6800 Series SIP Phones, performing 
a directory search in German with special 
characters ä/ö/ü doesn’t list all matching 
results.

Problem resolved

DEF41643 When the Auto Answer function is enabled 
on 6865i SIP Phone, the phone does not 
send the [ActionURL Request] in the 
[Incoming event].

Problem resolved

DEF41655 When an external call on the 6865i SIP 
Phone is transferred to another extension, 
and then the external caller disconnects the 
call, the call is not disconnected on the 6865i 
SIP Phone.

Problem resolved

DEF41659 When a 6865i SIP Phone goes offhook 
and makes a call to a busy line, then goes 
onhook to end call,  the phone does not send 
the DISCONNECT event URI.

Problem resolved

DEF41660 When the 6865i SIP Phone makes an 
outgoing call 
the LINESTATE Action URL data indicates 
[CALLING] instead of [DIALING]

Problem resolved

DEF42355 On the 6869i SIP Phone, when dialing an 
external number, sometimes displays wrong 
contact information.

Problem resolved
The directory matching for an external 
number increased from 5 to 7.

DEFECT DESCRIPTION RESOLUTION
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DEF42131 When a user, on a 6865i SIP Phone, makes 
a call to a mobile client, and the mobile client 
user transfers the call to another number, 
the 6865i SIP Phone crashes.

Problem resolved

CLN42491/
ENH40891

When the LAN port and the PC port of a 
6800 Series SIP Phone is connected to a 
switch, the Multiple Spanning Tree Protocol 
(MSTP) messages are not forwarded. The 
switch does not detect the loop, resulting in 
the port being locked and consequentially 
the loop brings the network down.

Problem resolved

DEF42479/
CLN42507

When a user performs a directory search in 
6873i SIP Phone, the phone crashes.

Problem resolved

CLN42516/
ENH40882

On the 6869i SIP Phone, when a user 
presses successive alphanumeric keys 
using the Live keyboard K680i before the 
input screen is displayed, the characters are 
lost.

Problem resolved

DEF42509/
CLN42543

In the 6869i SIP Phone, the alarm tone 
continues to play even after the alarm is 
cleared. 

Problem resolved

DEF42531 On 6873i, 6865i, and 6867i SIP Phones, 
when a user initiates paging by pressing the 
Paging key, and during the paging, the user 
answers the call on a line, the paging is 
dropped and false paging is initiated after 
the call is hung-up. The user cannot 
terminate the false paging (locked) by 
pressing the Goodbye key. When the 
paging is locked, the phone cannot receive 
calls. The user can get the phone back to 
the idle/normal mode only by lifting the 
handset and hanging up.

Problem resolved
The paging does not get locked during an 
active call and resumes the paging after 
the call is terminated.

DEF42532 When two 6800 Series SIP Phones A and B 
are in a call with each other, a third 6800 
Series SIP Phone C initiates a multi-cast 
paging with A and B. The paging is indicated 
on the display of A and B, but does not 
respond as the “Allow Barge” parameter is 
not enabled. When either A or B ends the 
call by hooking the handset, while C 
continues to page with A and B, the Line 
LED is still active on A and B, and a low 
volume HF call is enabled between A and B. 
When C ends the paging, A and B continue 
to be in the HF call. The HF call is ended by 
pressing the Goodbye key on A or B. 

The call between A and B is completely 
terminated (no HF call) during or after the 
paging.

DEFECT DESCRIPTION RESOLUTION



Mitel 6800 Series SIP Phones 4.3.0 SP1 Release Notes

59

DEF42530/
CLN42608

When a Softkey is configured as a speeddial 
key using the XML, and then later, when the 
same key is removed as a speeddial key 
using the phone UI, the key cannot be 
reconfigured as a speeddial key using the 
XML.

Problem resolved

DEF42567/
CLN42572

The 6865i SIP Phone crashes and reboots 
when there is at least one entry stored in the 
directory by number only (no name), and 
when the user performs a search for a 
contact in the directory by the first letter.

Problem resolved

DEF42573/
CLN42585

The 6800 Series SIP Phones reboots after a 
multi-cast paging event. 

Problem resolved

CLN42592/
DEF42549

Freezing problem in the 6800 Series SIP 
Phones.

Problem resolved

DEF41881/
CLN42592

When a Line was configured on the M685i 
expansion module connected to a 6865i, 
dialling a number and then pressing that 
Line key did not make the call.

Problem resolved 

DEF41642 On the 6865i SIP Phone, the CTI application 
does not send the "ActionURL Request" in 
the "Disconnected event", when the handset 
is off-hooked and hooked before the 180 
rining.

Problem resolved 

CLN42384/
ENH42380

When the 6869i SIP Phone is configured 
with more favorite keys than on the UC-One 
client, the phone displays a question mark 
symbol (???).

Problem resolved
By defining the "keys noname hidden" 
parameter as "1", the phone displays a 
blank instead of ???.

CLN42599/
DEF42576

The 6867i SIP Phone accepts DHCP Server 
requests with an unknown VLAN.

Problem resolved
Disable the LAN port ingress tagging when 
DHCP process starting and then enable 
the LAN port ingress tagging when DHCP 
process ending.

CLN42604/
DEF42571

When a user makes a call on 6863i SIP 
Phone and presses the recording function, 
only the audio portion of the speaker on the 
6863i SIP Phone is recorded.

Problem resolved
The audio of both the speakers are 
recorded.

DEF42656 The 6867i SIP Phone freezes and reboots 
after a call.

Problem resolved

DEF42602 The 6867i reboots after a call. Problem resolved

DEF42584 During blind transfer, after the transferor 
drops out from the call and the transfer 
target rejects the call, the transferee still 
shows the call with a transfer target.

Problem resolved

DEF42583 During blind Xfer, when the transfer target 
rejects the call, the transferee still shows the 
call information with the transfer target.

Problem resolved

DEF39696 The format of the MAC Address causes 
discrepancy in VXWorks and Linux.

Problem resolved

DEFECT DESCRIPTION RESOLUTION
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DEF41735/
DEF42458

When there is a short network interruption, 
the 6869i attempts for re-authentication, the 
DHCP server provides the address of the 
pre-staging environment. The 6869i is 
authenticated in the voice VLAN but with an 
IP address of a different VLAN. This results 
in no communication.

Problem resolved

DEF42633/
CLN42637

When the user dials a number rapidly using 
the K680i keyboard on a 6867i, the ring 
back tone is not played. 

Problem resolved

DEF38656/
DEF28134

The DND key’s LED is turned on even if the 
server is not responding to the subscribe 
when As-Feature-event Subscription is 
enabled.

Problem resolved

CLN42651/
DEF42626

One-way audio is observed in 6867i due to 
SRTP RoC reset incorrectly.

Problem resolved

CLN42652/
DEF42179

There is no audio when a call is retrieved 
from a call-hold on a 6865i using TLS.

Problem resolved

DEF41151 In a 6867i, the Media Port does not reflect 
the same port configured for the NAT RTP 
PORT, resulting in failed calls.

Problem resolved

DEF42449 When a call is parked in a 6867i, the 
softkeys become unavailable for the next 5 
seconds preventing paging announcement 
of the parked call. 

Problem resolved

DEF42696 When a 6865i configured for BLF/List 
functionality receives a notification for a 
change in a monitored extension, the phone 
restarts. This is because the initial 
notification for Subscription is missing.

Problem resolved

DEF42704 The anacrypt does not encrypt files over 
30720 bytes.

Problem resolved

DEF42702 The on-hook URI is not triggered in the 
6869i, when the user goes off-hook and then 
on-hook. 

Problem resolved

DEF42667 A 6873i is configured for BLF ring splash to 
a ring. When on an active call using a 
Bluetooth headset, the BLF key LED 
indicates the change of state, then the audio 
is lost.

Problem resolved

DEF42699 The 6869i does not download the 
certificates during the start-up. The 
certificate file is downloaded before the 
configuration file. 

Problem resolved 

DEF42729 Missing Swedish language translations in 
the 6800 Series SIP Phones.

Problem resolved

CLN42887 The XML response when using HTTPS for a 
softkey is delayed or takes too long.

Problem resolved

DEFECT DESCRIPTION RESOLUTION
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DEF43208 When the extension A calls to the extension 
B, the extension B rings and is able to reply 
to the call of extension A. But when the 
extension A tries to call extension B again, 
the extension B does not receive the ring 
tone of extension A. It only displays the 
extension number and time of extension A 
call. 

Problem resolved

DEF42894 When 6873i phone is paired with Bluetooth 
headset, it loses its connection after restart.  
Which happens in a VDP environment.

Problem resolved

DEF42632 When 6869i phone connects to MX-ONE 
PBX with Moscow time, the MX-ONE 
displays correct time information after the 
call; whereas, the call log history file 
displays one hour time decrement 
difference.

Problem resolved

DEF42969 MiVoice 400 XML Call-Back when BUSY 
feature does not work - 200ok/sdp not sent.

Problem resolved

DEF42720 On 6873i, Softkeys, cyrillic characters are 
displayed as question mark under certain 
conditions.

Problem resolved

DEF43026 Problems occur during voice recording on 
encrypted calls on 6869i. Phone uses 
incorrect port for recording.

Problem resolved

DEF43089 Phone displays an XMPP contact status 
even if the contact has declined the 
subscription request.

Problem resolved

CLN43112/
DEF43100

Softkey Line SCA pressing 2 times drops 
the call but icon color (Red) never goes 
away on SCA line.

Problem resolved

CLN43108/
DEF42980

Bluetooth audio stream is dropped to 
second party in 3-way conference from 
6873i and audio fails on every conference 
call attempt

Problem resolved

DEF42965 No audio is observed between transfer 
target and external party after a blind 
transfer. The external party (transferee) still 
hears ring back (DID call).

Problem resolved

DEF43084 Phone displays unreadable XMPP chat 
message when UC-One client starts 
desktop sharing

Problem resolved

 

DEF42937 DHSG-Headset doesn't answer if XML 
FormattedTextScreen is displayed.

Problem resolved

DEF42962 6867i - SIP trunk call to SCA-line rings but 
does not answer

Problem resolved

DEFECT DESCRIPTION RESOLUTION
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DEF42944 Hi-Q icon is not displayed when call is using 
G722 codec.

Problem resolved

DEF42968 During active VoIP recording call, phone TUI 
should show red circle icon to indicate call is 
being recorded but recording icon not 
displayed on TUI.

Problem resolved

DEF42935 In 6865i, when you press ACD Key, the 
phone opens and shows a sub menu to 
change the agent status; if any other 
function keys are pressed, the phone shows 
the new sub menu but when re-pressed the 
ACD key again and again, no result is 
shown, the key is locked until the phone is 
restarted.

Problem resolved

DEF42967 The PictureID reverts to default avatar 
during directed call pickup.

Problem resolved

CLN43047/
DEF43046

VDP Phone does not perform factory default 
reset when user logged in.

Problem resolved

DEF42957 Parameter "blf activity page switch" does not 
work on 6873i phone.

Problem resolved

DEF43021 Presence of STUN and TURN options 
should be removed from webGUI.

Problem resolved

DEF42694 DHSG audio interrupted for a duration of 
BLF indication when the ringsplash is 
enabled.

Problem resolved

DEF42865/
CLN43059

“Today/Yesterday” or the dates are not 
shown based on phone timezone. 

Problem resolved

DEF42728 When SIP phone was called, the matching 
name from the corporate directory was 
only shown on the display for the first call, i.e. 
no name was shown for all  subsequent calls

Problem resolved.

DEF42768 The backlight turns on in the 6800 series 
phone because SimulateUserActivity() was 
being called for all XML application.

Problem resolved.

CLN42845 / 
DEF42842

Special characters (for example, German 
umlauts) were not available on phone UI in 
password input fields, even when using the 
proper input language. 

Problem resolved.

ENH42787 / 
CLN42793

Forced all parameters to be stored with 
double quotes "" in order to allow # char in 
values when uploading 
VDP <user>_local.cfg. 

Problem resolved.

DEF42707 / 
CLN42736

The 6867i sip phones were not acquiring 
VLAN from LLDP from HP1920g switch.

Problem resolved.

DEFECT DESCRIPTION RESOLUTION
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DEF42157 When a user dials an extension that starts 
with "999" on a 6800 Series Phone, the call 
is made to the correct extension but the call 
is considered as an emergency number. As 
a result, the call cannot be terminated on the 
SIP phone. The call can be terminated only 
when the called party terminates the call.

Problem resolved.

ENH42141 The “SwitchingFunctionDevices” message 
did not contain the extension number. So 
having a per-line parameter such as "sip 
line1 usCSTA extension" to identify the 
device_id_tel_extension is considered (but 
this is open to change as well)

Problem resolved.

ENH42142 Add support for custom login name for the 
uaCSTA deviceID field.

Problem resolved.

ENH42560 Add support of entering square brackets 
through the dial pad.

Problem resolved.

DEF43419 / 
CLN43448

When a user A calls another user B, and B 
doesnt answer the call, the DUT picks up 
the handset and presses the MNS B key to 
display the caller’s details.
DUT presses the MNS B key again to attend 
the call from A. But the call is already 
directed to the Handset.

Problem resolved.

DEF42932 / 
CLN43423

When phone was configured to use 
asymmetric SIP signalling, the contact part 
in the SIP request was not correct.

Problem resolved.

DEF43235 When retrieving a held call, a dial tone is 
heard over the audio even if the handset is 
lifted immediately to speak. This happened 
only if the user did this action very quickly.

Problem resolved.

DEF30685 / 
CLN43406

The 6867i phones sent loud static noise to 
the called party, and not the caller. The 
audio flow from the caller sent these noises.
This is resolved by porting and enabling the 
“bcm ecan reinit” parameter as default 
which disables the ECAN CNG (comfort 
noise generation).

Problem resolved.

DEF43249 The phone was using an expected class 
response in case transfer sipfrag Notify.

Problem resolved.

DEF43245 The performance of 6867i and 6869i phones 
with 4.1.0.3013 software is slow while 
processing multiple lines when the "xsi call 
center: 1" parameter is enabled. The 
phones send these "xsi call center" requests 
while changing the call lines regardless of 
using xsi protocol and ports http/80 or 
https/443.

Problem resolved.

DEF43346 In a given call flow, the phone did not use a 
re-negotiated telephone event payload 101.

Problem resolved.

DEFECT DESCRIPTION RESOLUTION
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DEF42898 / 
CLN43072

The 6800i series phones respond slowly 
while registering on the backup 
proxy/registrar.

Problem resolved.

DEF42987 / 
CLN43033

The 6867i phone do not auto-login as 
expected even with the "hot desk high 
security" parameter set as 0 and the phone 
is restarted. This functionality is VDP 
username dependent.

Problem resolved.

DEF42967 The phone would present the PicturedID 
(PID) of A-party during a directed call pickup 
(DCP) of a BLF line. This works fine for the 
first call after rebooting the BLF (monitoring) 
phone. However, the call information is 
briefly displayed on the PID and immediately 
reverted back to the default avatar image.

Problem resolved.

DEF42990 The SIP-Notify (Event: 
check-sync;reboot=false) method to commit 
the changes of a function key did not work 
as expected.

Problem resolved.

DEF43281 When making a call from a MiCollab Mobile 
softphone to a 6873i 4.2.0-2023 phone 
connected to MX-ONE, the audio doesn’t 
work.

Problem resolved.

DEF43345 The XML key simulation for "Enter" is not 
implemented on the 6800 series phones.

Problem resolved.

DEF35380 / 
CLN43275

In the 6869i phone, the 
$$ACTIVEPROXY$$ feature does not work 
properly with the DNS SRV results.

Problem resolved.

DEF43240 In the 6865i phone, the Backlight did not 
turn off as expected on the M685i phone.

Problem resolved.

DEF43137 / 
CLN43297

https crash was observed in automated 
tests.

Problem resolved.

ENH42876 When a user dials “*3 <ext>” to do a 
“directed call pickup" on an Mitel 6869i 
phone, “*3<ext>” is displayed even after the 
pickup is completed and the call is 
connected.

Problem resolved.

DEF43259 The Blind xfer from redial list with hard key 
does not work properly in some scenarios 
where call transfer key event was not 
handled.

Problem resolved.
This was fixed in DEF39823.

DEF43138 In the 6800i series phones, there was a 
memory leak with xml objects HTTP posted 
to the phone at the UI level.

Problem resolved.

DEF41336 / 
CLN43263

When the DUT is put on hold while making a 
call with the audio device (handset), if 
"Speaker" and "L1" are pressed at the same 
time, a dialtone is heard over the audio.

Problem resolved.

DEFECT DESCRIPTION RESOLUTION
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DEF40989 / 
CLN43257

When making a call, if a held call is retrieved 
using the line key and the handset is picked 
up a split-second later, a dialtone and the 
remote party audio is heard together in the 
handset.

Problem resolved.

DEF43203 When the "keys no name hidden" 
parameter is used, there is no question mark 
displayed on the screen irrespective of 
anything present in the softkey "label" field 
or not. The Administrator can choose to hide 
the series of question mark by setting the 
“keys noname hidden” parameter as “1”.

Problem resolved.

DEF40601 The 6865i, 6867i, and the 6873i phones 
required 2 LLDP net profiles but uses the 
wrong profile.

Problem resolved.

ENH42878 When a voice mail is received in the 6873i 
phone, no uaCSTA message (event) is sent 
and the message light is lit.

Problem resolved.

DEF42937 / 
CLN43176

The 6867i phone displays the 
"AastraIPPhoneFormattedTextScreen"
parameter during an incoming call and 
ignores the DHSG interface. The "Headset 
DHSG hook" switch does not answer the call 
when the "XML FormattedTextScreen" is 
displayed.

Problem resolved.

DEF40382 The 6867i Phone supports the "Reason 
Header Field" in a SIP CANCEL message 
which allows an answered call to display the 
Caller's List. This does not change the 
missed call indicator and counter. However, 
if the "reason header field" is included in a 
SIP CANCEL message, the phone does not 
include the caller in the Caller List as 
expected.

Problem resolved.

DEF39887 The best effort SRTP (AVP + crypto) is 
rejected with 488 if the SRTP is Disabled on 
the 6867i phone.

Problem resolved.

ENH43449 The Backlight timer can be configured on 
the 6865i phone using the IP Phone UI. But 
it doesnt work properly because of absence 
of the "Advanced" softkey.

Problem resolved.

DEF42449 The bottom softkey cannot be accessed 
simultaneaously with the "call transferred" 
message while waiting for 4 seconds.

Problem resolved.

DEFECT DESCRIPTION RESOLUTION
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CONTACTING MITEL SUPPORT

If you have read this release note, and consulted the Troubleshooting section of your 
phone model’s manual and still have problems, please contact Mitel Support through one of 
these methods:

North America

• Toll Free at 1-800-574-1611

• Online at http://www.mitel.com/content/mitel-technical-support 

South America

Please contact your regional Mitel Technical Support.
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