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General

These release notes apply chiefly to Polycom® UC Soffwa®X.0.1 andinclude previous versions of
the Polycom UC Softwarlote thatUC Software 4.0.Will support SoundPoint Ifhones, SoundStation
IP and Dughones, VVX phoneSpundStructure VolP interfaces)d SpectraLink 84 series wireless
handsetsFor a complete gjde to UC Softwaré.0.1, seethe Polycom® UC Softwardrinistrators'
Guide 4.0.1

The PolycondC Softwaré.0.1ReleaseNotes containthe following sections:

9 General You will need to read this section in order to understand how the changes3a.0Q
affect Polycom hardware and deployment and configuration of the software.

T 2KFGQa bSg F2NI t 202 ThsYection listded, Enhanced|JBnd distontinued
software features.

9 Updates to PreviouSoftware Releases This section listenhanced and discontinued software
features in previous software releases.

1 Knownlssuesand Suggested Workaroundd his section lists existing known issues aunggests
workaroundsif available

I Reference DocumentsThis section listall documents relevant to these release noteach item
is linked for instant access.

Important Upgrade Notes and Considerations in UC
Software 4.0.1

This section camins important notes on Polycom hardware and software.

Configuration Files

Since UC Software 3.3@gplycom has simplified and extensively moditied configuration files, their
respective parameters and defaults, atig provisioning methodsSome of tle software updates in

UCS 4.a.may not be compatible with configuration files from previous software releases. To familiarize
yourself with the enhancements, Polycom recommends readiaxhnical Bulletin 60519: Simplified
Configuration Enhancements in Polycom® UC Softwareb@fdr@ you install UC Software0.1

Note: DeployingPhonesn a preUC Software 3.3.0 Environment

If you use preJC 3.3.0 software, but want to useSoundStructure VolP interfadéy X500,
SpectraLini84xx or SoundStation Duphonein your organization, yowill need to update your
existing confjuration files as described irechnical Bulletin 6051
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Upgrading to and/or Downgrading from UC Software 4.0.x

For UC Software 4.0.x, Polycom has changed the process of upgrading and downgrading software on the
phones. To upgrade to UC Software 4.0.x, you will first need to install th&pgraderapplicaion.
Once you have installed thépgraderyou can install UC Software 4.0.x.

To downgrade from UC Software 4.0you will needirst to install a new application called the
Downgrader Onceyou have installethe Downgrader, you can install @arlierUC Software version.

For detailed instructions on how to upgrade and downgrade your phone£sg@eering Advisory
64731:Polycon®UC Software 4.8: Upgrade and Downgrade Methods

Introducing the Newlylntegrated Updater Application

In UC Software 4.8, the Updaterfilesand the UC Software files are combined into a single integrated
software packageTheUpdaterapplication is nhew for the UC Software and replabesBootROM
application incorporated into previousoftware versionsThe name Updater will now apply to UCS
versions 4.0.0 or later, while the name BootROM will continue to be used in UCS versionshearlie
4.0.0.

Considerations for Legacy Phones

Polycom UC Softwark0.1does notinclude support for the SoundPoit® 300,301, 320, 330, 430, 500,
501, 600, 601land SoundStationP 4000phones These honesare termedlegacyproductsand will be
supported for critical issue fixes SIP 3.2.x (IP 430), and SIP 3.1.x (for the other legacy produocts).
support thesdegacyproducts refer to Technical Bulletin 35311: Maintaining OldRalycom® Phones
BeyondTheir Last Supported Software Release

Note: Supporting Previous Software Versions

For details orplatform support for previous software versionsefer to SIP/UCS Downloads
Matrix.

Microsoft Lync Interoperability

UC Software 4.0.1 enables phones to interoperate with Microsoft Lync. The following phones support
basicMicrosoft Lync interoperability: Polycom SoundPoint IP 321, 331, 335, 45G(&5650,and670;

Polycom SoundStation IP 5000 and SoundStation Duo; Polycom VVX 500 and 1500; Polycom SpectraLink
84xx. For additional information about deploying Microsoft Lync in your phone environment, see

Feature Profile 72430: Using Polycom Phones with Microsoft Lync Server 2010



http://support.polycom.com/global/documents/support/technical/products/voice/Upgrade_Downgrade_UCS_v4_0_0_EA64731.pdf
http://support.polycom.com/global/documents/support/technical/products/voice/Upgrade_Downgrade_UCS_v4_0_0_EA64731.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/technical/products/voice/SoundPointIP_Phone_Support_in_SIP_3_2_TB35311.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/technical/products/voice/SoundPointIP_Phone_Support_in_SIP_3_2_TB35311.pdf
http://downloads.polycom.com/voice/voip/sip_sw_releases_matrix.html
http://downloads.polycom.com/voice/voip/sip_sw_releases_matrix.html
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/technical/products/voice/FP72430_Lync_Interop_1725-47118-001.pdf

General

SoundStation IP 7000/HDX Integration

If your phone deployment includes SoundStatl® 7000 phones with HZR00/6000/7000/8000/9000
integration, useTable 1: Recommended Softwarersiondor the SoundStation IP 7000 with HDX
Systemsas a guide to selectracommendedsoftware version.

Table 1: Recommended Softwakéersionsfor the SoundStation IP 7000 with HDX Systems

SoundStation IP 7000 Software Version Polycom HDX Software Version

3.2.1 or 3.2.2 and BootROM 4.2.0 2.5.0.7,2.5.0.8

3.2.3 and BootROM 4.2.2 2.6.0,2.6.0.2,2.6.1,2.6.1.3

3.3.1 and BootROM 4.3.1 2.6.1.3, 3.0,3.0.0.1,3.0.0.2,3.0.1, 3.0.2, 3.0.2.1

Understanding Phone Platform Features and Licenses

UC Softward.0.1supports he Productivity Suite, which ihxlesfeatures such as @orporate
Directory, Visual Conference Managemdd$B Call RecordinBolycom Desktop Connector, and
Exchange Calendddpgrading to UGoftware 4.0.1automaticallyenables the Productivity Suitap
license is requiredrheVoice Quality MonitoringvVQMon)feature will continue to be a licenseaind
paid product.

For customers using versionsRdlycomsoftware prior to4.0.1, Polycom will provida site licensédor
all features in the Productivituite exceptfor the VQMonfeature. This license files available on the
Polycom portal and is free to downloadihttp://www.polycom.com/products/voice/applications/
index.html You can also find a triaténsefor the VQMon featurevhich enables you access to the
featurefor a limited time.

UC Softward.0.1supports features thaare available on the SoundPoint IP phones and SpectralLink
8400 Series wireless handseYaiu can refeto Table 2 SoundPoint IRnd SpectraLinkeried-eatures
and Licensesr Table 3 SoundStation and VVX Series Featured &ehseso find outwhether, in UC
Software4.0.1, a phonedoes notsupport a featureo), a phone supposga featurewithout a license
(Yeg, or thephonerequires a Productivity License sapport a featire.

Table 2 SoundPoint IRind SpectralLiniSeriesFeatures and Licenses

Feature IP321/331/335 IP450/550/560 1P650/670 SL84xx
VQMon Productivity Productivity Productivity  Productivity
License License License License

LDAP Directory Yes Yes Yes Yes



http://www.polycom.com/products/voice/applications/index.html
http://www.polycom.com/products/voice/applications/index.html
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Feature IP321/331/335 1P450/550/560 IP650/670 SL84xx
Call Recording No No Yes No
Conference Management No Yes Yes Yes
4-way local conference  No Yes Yes No
Electronic Hookswitch Yes Yes Yes No
Enhanced Feature Keys Yes Yes Yes No
Customizable Ul No Yes Yes No
Background
Local SRTP Conference Yes Yes Yes Yes
Asian Language Chineseonly Yes Yes Yes
Configurable Soft keys  Yes Yes Yes No
XML API Yes Yes Yes Yes
Enhanced BLF No Yes Yes Yes
Warning Field Display Yes Yes Yes Yes
H.323 Video No No No No
Table 3 SoundStation and VVX Series Features hiténses
Feature IP 5000 IP 6000 IP 7000 Duo VVX 1500 VVX 500
VQMon Productivity No No Productivity Productivity Productivity
License License License License
LDAP Directory Yes Yes Yes Yes Yes Yes
Call Recording No No No No Yes Yes
Conference No Yes Yes Yes Yes Yes
Management
4-way local No No No No No No
conference
Electronic No No No No Yes Yes
Hookswitch




General

Feature IP 5000 IP 6000 IP 7000 Duo VVX 1500 VVX 500

Enhanced No No No No Yes Yes
Feature Keys

Customizable No No No No Yes Yes
Ul Background

Local SRTP Yes Yes Yes Yes Yes Yes

Conference

Asian Yes Yes Yes Yes Yes Yes

Languags

Configurable Yes Yes Yes Yes Yes Yes

Soft keys

XML API Yes Yes Yes Yes Yes Yes

Enhanced BLF No No No No Yes Yes

Warning Field  Yes Yes Yes Yes Yes Yes

Display

H.323 Video No No No No Productivity Yes with USB

License camera

accessory
available at a
later time)

Downloading the Distribution Files

You can download UC Softwat.1usingeither the combined fileor the split file, both in ZIP file
format. For general use, Polycom recommends usingsti¢ file that corresponddo the phone
models) for your deploymenRefer toTable4: Understanding the Spl&IPFileto match the correct
software file to your phone modelf you areprovisioring your phonegentrally using configuration
files,download thecorrespondindile versionand extract theconfigurationfiles to the provisioning
server, maintaining the folder hierarchy in the ZIP file.

In some deployments, yomayneed todownload boththe combined andplit file. For example,
deploymentsrunning a BootROMersionprior to BootROMA4.0.0 will require thecombined file version.
If you require bottfile versionsdownload bothZIPfiles, extract all theonfigurationfiles from thesplit
versionand extract thesip.ld file from the combined filerersion All files other tharthe sip.Id fileswill
be duplicatedacrosshe two ZIPfile versiors.
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The current build ID for thsip.ld and resourcdiles listed inTable4: Understanding the Spl#IPFileand
Table5: Understanding the CombinetiPFileis 40.1.13681

Downloading the Split ZIP File

Polycom recommends using the spliPfile when possibldor a shorter upgradéime. UseTable4:
Understanding the SplZIPFileas a reference guide to tHdes distributedin the splitZIPfile and a brief
description of each file.

Table4: Understanding the SpliZIPFile

DistributedFiles

File Purpose and Application

2345-12360001.sip.ld

SIP application executables for SoundPoint IP 321

234512365001.sip.ld

SIP application executable for SoundPoint IP 331

234512375001.sip.ld

SIP application executable for SoundPoint IP 335

2345124506001.sip.ld

SIP application exaitable for SoundPoint IP 450

2345125006001.sip.ld

SIP application executable for SoundPoint IP 550

234512560001.sip.ld

SIP application executable for SoundPoint IP 560

234512600001.sip.ld

SIP application executable for SoundPoint IP 650

234512670001.sip.ld

SIP application executable for SoundPoint IP 670

3111-36150001.sip.ld

SIP application executable for SpectraLink 8440

3111-36152001.sip.Id

SIP application executable for SpectraLink 8450

3111-30900001.sip.ld

SIP applicatioexecutable for SoundStation IP 5000

3111-15606001.sip.ld

SIP application executable for SoundStation IP 6000

3111-40006001.sip.ld

SIP application executable for SoundStation IP 7000

3111-19006001.sip.ld

SIP application executable for SoundStation Duo

3111-445006001.sip.ld

SIP application executable for VVX 500

234517960001.sip.ld

SIP application executable for VVX 1500

3111-33215001.sip.Id

SIP application executable fBoundStructurd/olP Interface

sip.ver

Text file detailinghe build-identification(s) for the release

000000000000.cfg

Master configuratiortemplate file




General

DistributedFiles

File Purpose and Application

000000000004&irectory~.xml

Local contact directoryemplatefile. To apply on a pephone basis,
replace the Os with the MAC address of the phdng/ R NBX Y2 @S
the filename

applications.cfg

Contains onfiguration parameterg$or microbrowserand browser
applications

features.cfg

Contains onfiguration parametersor telephony features

H323.cfg

Contains onfiguration parametergor the H.323 signaling protocol

lyncSharedExample.cfg,
lyncPerPhoneLCExample.cfqg,

lyncPerPhoneExample.cfg

Contains configuration parameters to enable Microsoft Lync
interoperability

reg-advanced.cfg

Contains onfiguration parametergor the ine andcall registratiorand
advancedphonefeature settings

reg-basic.cfg Contains onfiguration parametergor the line and call registratiorand
basicphone featuresettings

region.cfg Contains configuration parameters for regiomaald localization settings
such as time and date and language

sip-basic.cfg Contains onfiguration parametersor the VolP serversoftswitch

registration

sip-interop.cfg

Contains onfiguration parametergor the VolP serversoftswitch
registration and inteoperability configuration

site.cfg

Contains onfiguration parametershat areset on a persite basis

video.cfg

Contains onfiguration parametergor video connectivity

video-integration.cfg

Contains configuration parameters for SoundStation 7000 and Polycot
HDX integration

wireless.cfg

Contains onfiguration parameters for SpectraLink 84xx wireless
connectivity
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DistributedFiles File Purpose and Application
SoundPointIRdictionary.xml Includes native support for the following languages:
1 Chinese, Traditional (for IP 321, 331, 335, 450, 550, 560, 6£

= =A =4 =4 =4 -4 4 A4 A -4

=A =4 =4 -4 -4 -4 -

670; IP 5000, 6000, 7000, Duo; 8dxx

Chinese, Simplified (for IP 321, 331, 335, 450, 550, 560, 65!
670;
IP 5000, 6000, 7000, Duo; 8%xx

Danish, Denmark
Dutch, Netherlands
English, Canada
English, United Kingdom
English, United States
French, France
German, Germany
Italian, Italy

Japanese]apan (for IP 450, 550, 560, 650, 5IRY5000, 6000,
7000, Duo; 84xx).

Korean, Korea (for IP 450, 550, 560, 65@); IP 5000, 6000,
7000, Duo; 84xx).

Norwegian, Norway
Polish, Poland
Portuguese, Portugal
Russian, Russia
Slovenian, Slovenia
Spanish, Spai

Swedish, Sweden

SoundPointIPWelcome.wav Startup welcome sound effect

LoudRing.wav Loud ringer sound effect

Warble.wav Loud ringer sound effect

Downloading the Combined ZIP File

UseTable5: Understanding the CombinetiPFileas a reference guide to each of the fitistributedin
the combined ZIP file and a brief description of each Tite.combinedile is required for any phones
running BootROM jor to BootROMversion 40.0, for exampleBootROM 3.2.ReVvB.



General

Table5: Understanding the CombinedIPFile

DistributedFiles

File Purpose and Application

sip.Id Concatenated SIP application executable
sip.ver Text file detailing builddentification(s)for the release
000000000000.cfg Master configuratiortemplate file

000000000004alirectory~.xml

Local contact directoryemplatefile. To apply on a pephone basis,
replace the Os with the MAC address of the phdng/ R NB Y 2 @S
the filename

applications.cfg

Contains onfiguration parametergor microbrowserand browser
applications

features.cfg

Contains onfiguration parametergor telephony features

H323.cfg

Contains onfiguration parametergor the H.323 signaling protocol

lyncSharedExample.cfg,
lyncPerPhoneLCExample.cfqg,

lyncPerPhoneExample.cfg

Contains configuration parameters to enable Microsoft Lync
interoperability

reg-advanced.cfg

Contains onfiguration parametergor line and call registratiorand
advancedphonefeature settings

reg-basic.cfg Contains onfiguration paraneters for line and call registration aésic
phonesettings

region.cfg Contains configuration parameters for regiomaald localization settings
such as time and date and language

sip-basic.cfg Cortains onfiguration parametergor the VolP serversoftswitch

registration

sip-interop.cfg

Contains onfiguration parametergor the VolP serversoftswitch
registration and intepperability configuration

site.cfg

Contains onfiguration parametershat areset on a persite basis

video.cfg

Contains onfiguration parametergor video connectivity

video-integration.cfg

Contains configuration parameters for SoundStation 7000 and Polycot
HDX integration

wireless.cfg

Contains configuration parametefsr SpectralLink 84xx wireless
connectivity
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DistributedFiles File Purpose and Application

SoundPointIRdictionary.xml Includes native support for the following languages:

1 Chinese, Traditional (for IP 321, 331, 335, 450, 550, 560, 6£
670; IP 5000, 6000, 7000, Duo; 8dxx

1 Chinese, Simplified (for B21, 331, 335, 450, 550, 560, 650
670;
IP 5000, 6000, 7000, Duo; 8%xx

Danish, Denmark
Dutch, Netherlands
English, Canada
English, United Kingdom
English, United States
French, France
German, Germany
Italian, Itay

Japanese, Japan (for IP 450, 550, 660, 670
IP 5000, 6000, 7000, Duo; 8%xx

Korean, Korea (for IP 450, 550, 560, 650, 670
IP 5000, 6000, 7000, Duo; 8%xx

Norwegian, Norway
Polish, Poland

=A =4 =4 =4 -4 4 A4 A -4

=

Portuguese, Portugal
Russian, Russia
Slovenian, Slovenia

Spanish, Spain

=A =4 =4 -4 -4 -4 -

Swedish, Sweden

SoundPointIPWelcome.wav Start up welcome sound effect

LoudRing.wav Loud ringer sound effect

Warble.wav Loud ringer sound effect
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This section lists additions and changes, removals, enhancements, and configuration file parameter
changes to the UC Software 4.0.1 beside their respective Polycom tracking identification number.

New or Enhanced Features

48734 In a servetbased centralized conference, the phone can now send parallel REFERs without
waiting for a 202 Accepted.

6708170634 ! RRSR adzZLJLl2 NI F2NJ LIK2ySa (G2 Ay (dSNRB&NI GS 4A
features(applies toSoundPoint IP 321, 331, 335, 450, 550, 560, 650, 670, VVX 500, 1500,
SoundStation IP 5000, SoundStation Duo, and SpectraLigk 84xx

67090 Syslog now includes the ability igentify multiple audio stream&pplies to SpectraLink 84xx
67594 Added interopeability between theMessage Waiting Indicator (MWAhd Microsoft Lync.

68500 The SpectraLink 84xx handseisw display the X.oader version information in the Phone menu
(Menu > Settings > Status > Platform > Phone).

68602 Addedsupport for SSRTP
68798 Added support for Mcrosoft SRTP extensions

69962/70924 Added Microsoft OCS/Lync esence funtionality to phones d&pplies to SoundPoint IP
321, 331, 335, 450, 550, 560, 650, 670, VVX 500, 1500, SoundStation IBos@@&Gtation Duo,
and SpectraLin&4xx).

70122 Phones now display the Awayesence status after a period of user inactidpecified by the
following parameterspres.idleTimeout.offHours.period ,

pres.idleTimeout.officeHours.period , pres.idleTimeout.offHours.enabled ,
andpres.idleTimeout .officeHours.enabled
70232 Added a parametecall.transfer.blindPreferred to control whether theTransfersoft

key on the SpectraLink 84gkould bea consultativetransferor blind transfer
70614 Added sipport for Microsoft2008 Radius (802.1X)

71025 Added new per-registration configuration options for several SRTP parameters
reg.x.srtp.enable , reg.x.srtp.offer , reg.x.srtp.require

71183 Added missing barcode symbagies applies to SpectralLink 84xx
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71198

71424

71439

71660

71774

71997
72074

72193

72279

72304

Added an optionin the Web Configuration Uily for SIP and Provisioning TLS application
makethe Common Name of Subject test configurable

Updateal the presence icoon the phonego be consistent witlthe MicrosoftLync/OCS style
(applies to SpectraLink 84xx

Not including the paameteroai.userlD  in the configuration file or setting the value to NULL
both result in the phone using its MAC address to check in into the OAI sappdie§ to
SpectralLink 84}x

Enhanced the Reset to Default option in the Updater to matctotttéon in the application
software.

The all forward statusn the status bamow displaysvhen Forward; No Answer or Forward
Busy is enabledapplies to SpectraLink 84xx

Addedfull support forRFC2782DNS load balancing).

In the WebConfiguration Utility, theCountry Coddield has been renamed to Regulatory
Domain épplies to SpectralLink 84xx

In the phone menus, th€ountry Coddield has been renamed ®Begulatory Domaifapplies to
SpectraLink 843x

Enablel an EFKo allow a user to invoke th€all Back feature while on ho(pplies to VVX
1500.

Thedefault valuefor the configuration parametenp.useDirectoryNames is nowl
(enabled).

72310/74129 The SpectraLink series handsets can now displaidiodl 1 vesion information in

72319

72320

72367

72554
72555

72654

Phone menu (Menu > Status > Platform > Phone).

The phone &plays awarningiconwhenthe WLAN Network Manager detects an invalid
Regulatory Domain requegdpplies to SpectraLink 84xx

The phone @plays awarning triangle wheithe WLAN Network Manager detects an invalid
Regulatory Domain limit settin@pplies to SpectraLink 84xx

The phoneautomatically publishsan Inactive (Idle) presence status after 5 minutes of user
inactivity.
Added the ability toconfigurethe pres.idleTimeout parametersthrough the phone menus.

Added the ability toconfigurethe pres.idleTimeout parametersthrough the Web
Configuration Utility

TheExchange Calendarifgature on the SpectraLink handsétas been improved with the
following enhancements:

I The @lendar icon is shown in the main menu once the calendar is authorized.

1 The phone displays a Calendar: synchronizing scrolling meisstigestatus bar.
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72791

72823
72824
73420

73500

73510

73669
73670
73671
73805

7 E A @dnvGor Polycom UC Software 4.0.1?

The microbrowser on the SoundPoint plesrhas been functionally improved with the following
enhancements:

1 The audio tag element will inject a Play soft key when in focus.

1 The user can now specify additional attributes to the audio tag which will be interpreted as
a soft key, thus allowing theser to do things such as a Details soft key.

9 The audio tag will have a descriptive label which will be used as the button label for the
audio element in the page. This enables each audio tag to be rendered as a single element in
the page with an icon anddescriptive text. The user no longer needs to switch to the text
to see the detalils.

9 The descriptive label will also be used for the title of the playback screen.
In the media player, th&xit soft keyhas been renamed tBack
Playbaclautomatically stars when selednganaudio element from the browser

When the phone language is set to Japanese, the phone nowths&snglish AM/PM string for
the time/date display(applies to all SoundPoint, 1B SoundStation IP, and SoundBtaDug.

¢ K Sonrigdt/disconnect from the servébption has been movetb the Calendar menu
(Features> Calendar) in th&pectraLink 84xxandsets

The Web Configuration Utility language neupporis multiple defaultlanguage labels and help
text in Englishwith the option to add/access other languages

Updated the 2048bit Trusted CA Rodlertificate List from VeriSign.
Added new VerHgn Intermediate CA ceficates.
Added RSA 2048 V3 Root Certificate to Root Storall phones.

The phone can now display up to 4 Chinese characters isafid&e)s (applies to SoundPoint IP
450).

73907/74289 Added the ability to automatically upgrade the BootL1 and BootBmuflies to

74247
74417
75308

75469

SpectraLink 84%x
In the Web Configuratiobtility, the default availabletility languages depend on the platform.
TheUpdater (BootROM)ow supporis Basic Authentication with HTTP/HTTPS

Added the ability to uploaéncrypted call listo the provisioningserver applies to SpectraLink
84x).

The volume of PTT audio has been increasatisetting the parameter
voice.handsfree.rxag.SL8440 =10, then updating the phone usirigpdate Configuration
does not cause the phone to restddpplies to SpectraLir8dxy.
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Enhanced Capabilities

55237 Dialing a semicolon usingndnookdialingno longer displaythe off-hook dialing dialogapplies
to VVX1500).

61038 The ghone no longer becomes unresponsive to hard key and touch screen presses for several
secondsépplies to VVX 1500 phongovisionedwvith CMA using UCS 3.3.1

66864 Using a dial plan containing#hen a user dials #1#2the phonenow sends out a invite
message containing231%232%2@pplies to SoundStation Duo

68356 The phones can now fragmepackets when instructed to by an ICMP messagel(es to
SoundStation IP 6000 and 7000

68501 When wsing Exchange Calendaring, the passcode now enters automatigaglieé to
SpectraLink 84%x

68835 The phone can now properiniéf EAP type frameg@pplies to VVX 1500

69020 SoundPoint IP phones capable of downloadable fants @rrectly displaycertainCzech
characters.

69540 A all dropped bythe other party no longer displayss aheldcal.
69558 AnAvaya 180 and a VVX 1500 can successfutitablish a video call.

69882 In PSTN only mode, a received call is now recorded iR#oeived Caltsall list when the call is
finished épplies to SoundStation Duo

69883 In PSTN only mode, an incoming call is now recorded iMibsed Callsall listwhen the call is
not answered §pplies to SoundStation Duo

70228 Phone no longereboots when attempting a conference using an SCA(dipplies to SoundPoint
321, 33).

70542 The egistered line icon and BLF icon arelongercorrupted inthe SpectraLink 84xx handsets.

70944 A daled numbemo longeroverwritest NBX 3IA a0SNBR fAySQaail oSt AT G
SoundStatiophones.

71041 Phones can nowlay audio fronthe Lync voicemail systefapplies to SpectraLink 84xx
71348 Calls etween avVXand RMXno longercausethe VVX to crash and reboot.
71368 Remote shared line activity no longer affects local phone presence.

71433 Phones crash after loadirsg.pat.callProg.dialTone parameters and pressing theeW
Call button (applies toSoundPoint IP 450, 650, and SpectralLink)384xx

71604 The configuration parametesec.TLS.SIP.strictCertCommonNameValidation can be
updated without requiring a phone reboot.
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71616 The onference feature canow properlyhandle a 480 response to a Br&dt SCAine seize
SUBSCRIBE

71763 Phoneno longersends ae-INVITE tdhe conference server after sending a REFER for each leg
of the conferencdapplies to SoundPoint 32237).

71764 Sennheiser and Jabra headsean now gaff-hook afterswitching to adifferent headset type
(applies to SoundPaint IP 335, 450, 550,)650

71802 Warning icos and records are novemoved after the error condition is removédpplies to all
SoundPoint [P

71829 An EFK has been created to display the corporate direétdwancel Findmenufrom the idle
screen gpplies to VVX 1500

71910 ¢ KS EnfelpasswBr® Ay G KS | iR trasISt&d wied gwdching phone
languags.

72113 The PolyconQuick Barcode Connectoiconnow appears and disappears for both mulémnd
single endpoint modesapplies to SpectralLink 84xx

72250 The phone no longer reboots when queued messages are accessed on the ghglies(to
SpectraLink 84%x

72368 URL Dialing frorthe call list is nowully disabled wherfeature.urlDialing.enabled =0
(applies to SpectraLink 89xx

72442 TheSoundPoint IP 321 and 331 phones now display theect call x/y widget when
filterReflectedBlaDialog s=0.

72298 TheJoin soft key is no longer missing after establiskir@gmaximum nurnber ofcalls on all the
lines using when using a Sylantro call serapplies to SoundPoint IP 650 and VVX 1500

72469 Whenfeature.urlDialing.enabled is set to Q the phone acceptsontact entrieswith a
contact number longer than 10 digitsfplies toSpectraLink 84)x

72739 The phones can now play the audio files usingrttierobrowser applies to all SoundStation
phones.

72800 Lines registered ta Microsoft Lyn@2010server now display in the Ring Type menu (Menu >
Settings > Basic > Ring Type).

72820 The VVX 1500 phone can be registered with up to 29 lines, but a max of 24 can be displayed.

72822 Phone no longer gets into a bad state (which required an-aeb@ot) upon receiving two
consecutive 401 to a lingeize SUBSCRIBE during conferentiation.

72837 The peeddial iconno longerdisappears aftea Reset bcal Configpr Reset Web Configption
is selecteddpplies to SoundPoint IP 321, 331, 331C, 335,)335C

72895 The hone override files no longer created on the provisioniegrverwhen values are not
changed through the phon&fplies to VVX 1500
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72907 LYLINR OSSR (KS LIK2ySQa O2yFSNByYyOS Ol tothe YIF yI 3SYSyYy
2.5mm port applies to SoundStation Duo and SoundStation IP)7000

72961 BellcoreCaller ID detection in PSTN mode works reliably rappl{es to SoundStation Duo

72996 A conference call betweertee parties now successfully connect all partater there is a no
response to line seize SUBSCRIBE

73027 APlantronics Savi740 EH&adset no longer hagtermittent pairingissues with a VVX 1500

73054 Call appearances are now displayed correctly when pressing the New Call soft key while there is
an incoming callapplies to SoundStation Duo

73084 Key ih Keypad Diagnostics menu ismtvanslated onSoundPoint IP 321, 331, and 3&%ones
for all languages

73145 Regulatory Domain Error when radio set to 802.11a and bandl is set(appl&es to
SpectraLink 84%x

73153 Hot dial windownow disappeas after auto answeing a callgpplies to SoundPoint IP 450, $50

73183 Phone novdisplayg (0 KS S NINRtNdrkYiskds@lowR S ¢ WSy G(KS 51/t &SNBS
(applies to SoundPaint IP 335, 450, 560,)670

73195 The bootloader menu for WEP has the correct spebirgncryption(applies to SpectraLink
84xX).

73227 The phone Ul now displays the proper network parameters such as IP address, subnet mask, and
IP gateway when DHCP is enablgpplies to SoundStation Duo

73238 Changing the options in the directory search, then loggitmthe phone no longer causes the
phone to restart §pplies to SoundPoint IP 321, 331, 331C, 335,)335C

7324774912 In the QuickSetupmenu, wserentry fields arenow set tonumeric as dfault.

73259 Simultaneous incomingnd monitored BLF calhre now both displayed on thenified call
appearance listapplies to SoundPoint IP 450, 550, 560, 650).670

73263 Ending &TT or pagao longercauses the active call appearance to disappear for 10 seconds
(applies to SoundPaint IP 450, 550, 560, 650).670

73264 A phantom call appearanceo longer displays/hen there is an active BLF monitored call and
the phone has another call appearance

73290 The User Profiles Logdnft keyis no longer missing when the feature presence is enabled
(applies to SoundPoiti® 670.

7340174688 With intercom configuredthe handsetnow ringsonce andncoming call areanswered
automatically &pplies to SpectraLink 84xx

73405 TheMissed Calls list no longer displays on a peer shared line if the call was barged in from a
remote shared linegpplies to SoundPoint IP 321, 38td 335).
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73409 LY (GKS 286 /2y FAIdzNI GA2y ! GAftAGeT tt Ayaidlyos
GAGK WSELI yaAzy Y2z2RdzZ SQo

73419 Whenthe IP 670 is configured for 34 lines using threeaggion modules, a large contact
directory, LDAP, idle browser, and a microbrowser, it no longer crashes due to a lack of memory.

73459 TheUser Profiles feature is now fully supported on the SoundStddiom
73527 If bargein is enabled on a shared linemote active callsvill not appeat

73561 Whenusing the Web Configuration Utility, the phone now updates the line key icons properly
when static BLF is configuregfdies to SoundPoint IP 450, 550, and)650

73697 The flash timing isow correct for Frace and Singapor@pplies to SoundStation Duo

73749 Plugingin (or inandout) a 2.5mm mobile phone d?C cabl@&o longercause thephone to
reboot @pplies to SoundStation Duo

73910 ¢ KS LIK@D/cén@asto longer turns darker after upgrading #CS 4.0.0applies to
SoundPoint IP 450

74018 The phone no longer locks up and reboots when there are a large number of incoming calls
(applies to SoundPoint IP §50

74045 The ghonecan now boot up to the idle screen propediter being issued ahecksync toenable
the paging featuresoft key

74050 Phoneno longersegfaults on bootiue to language dictionary fileagplies to all SoundPoint)IP

74060 OAI PT Select Connectiare nowaccepted byphonebeforean OAI call is answerdaly the
Startkey (applies to SpectraLink 84xx

74167 In the Web Configuration Utility, theuthentication password cano longerbe seen in clear
text when opening the line page source code

74259 In PSTN mode, the phone now displays the date and time informatidheoidle screen after a
reboot @pplies to SoundStation Duo

74431 Phoneno longergeneratesa beep soundvhen a monitored usegoesoff-hook (applies to
SoundPoint 650

74956 Phone willno longergo into an INVITE loop and reboot if it receives a 568Barse tats initial
INVITE messagapplies to all SoundPoint)IP

74991 A call between &VX 1500 and CX series phone can now be prop=iynal after it has been
held for longer than 30 seconds.

75151 Audio files are now directly downloaded to themdisk.

75194 ¢ KS K2y Sa y2¢ dzaS +y 2dz2io2dzyR LINRE@ 6KSy Ly 2
GKS OFffSNRa R2YlIAYy®

75334 Fail over ora503 response canow be disabled
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75458 The maximum values for the DNS TTL parameters istéte cache haachanged to
2147483647.

75485 The cfault input type for theUnavailableCode field isnow numeric.

75491 Ampersand characters are now escaped properly and are no longer being stripped off of a URL
(applies to VVX 500, 1500

75743 The Voice Quality moniting feature now uses an outbound proxy server address for a SIP
Publish.

75600 The call appearance for an outgoing call no longer displaysdhsportstring.

75618 Users can nowlacea call fromthe Placed Callsall listwhenthe originalcallwasplaced using
dick-To-Dial Refemessage with Refefo: header asipnumberext. number@IPaddress
transport=TCRapplies to SpectraLink 84xx

Configuration File Enhancements

Refer toTable6: Software Version 4.04.Configuration File Parameter Enhancemeforsa list of
enhancements made tthe UC Sftware 4.0.1 configuration file parameters.

Web Info: Parameters Changed in UC Software 4.0.1

The following table includes parameters modified in UC Software 4.0.1. You can find detail:
descriptions of the parameters and their values in B@ycom UC Software0.1Administrator€)
Guide

Table6: Software Version 4.0.& Configuration File Parameter Enhancements

File Modification Parameter Modification Description

sip-interop Added call.transfer.blindPreferred Call feature parameter

debug Added feature.lyncDebug Call feature parameter

site Added reg.x.srtp.enable Call feature parameters
reg.x.srtp.offer
reg.x.srtp.require

wireless Added np.custom1.ringing.toneVolume. Notification profiles parameter
usbHeadset

wireless Added np.meeting.ringing.toneVolume. Notification profiles parameter

usbHeadset
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File Modification Parameter Modification Description

wireless Added np.normal.ringing.toneVolume. Notification profiles parameter
usbHeadset

wireless Added np.silent.ringing.toneVolume. Notification profiles parameter
usbHeadset

site Added sec.encryption.upload. Security parameter
callLists

sip-interop Added sec.srtp.mki.length Security parameter

sip-interop Added sec.srtp.padRtpToFourByte Security parameter
Alignment

regadvanced,  Added up.headset.phoneVolumeControl User preferences parameter

site

debug Added up.headset.AlwaysUselntrinsic User preferences parameter
Ringer

regadvanced,  Added up.idleStateView User preferences parameter

site

video Added video.iFrame.delay Videoparameter

debug Added video.iFrame.period Video parameter

techsupport Added voice.usb.headset.rxdg Audio parameter

techsupport Added voice.usb.headset.txdg Audio parameter

site Added voice.volume.persist.usb Audio parameter
Headset

sip-interop Added volpProt.SIP.conference. Call feature parameter
parallelRefer

site Added webutility.language.plcm Web Configuration Utility
ServerUrl parameter

techsupport Removed voice.gain.rx.digital.headset. Audio parameter
IP_330

techsupport Removed voice.gain.rx.digital.headset. Audio parameter
IP_335

site Changed dns.cache.NAPTR.x.ttl The maximum value increasec

dns.cache.SRV.x.ttl
dns.cache.A.x.ttl

from 65535 t02147483647
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File Modification Parameter Modification Description

regadvanced,  Changed up.useDirectoryNames The default value changed

site from O (disabled) to 1
(enabled).

pstn Changed up.operMode The default value changed

from O toauto.

techsupport Changed voice.headset.rxag.adjust. The default value changed
IP_335 from-11 to 4 and the
maximum value changed from
-11 to 90.
techsupport Changed voice.headset.rxag.adjust. The default value changed
IP_330 from -5 to 4 and the maximum
value changed frorsb back to
90.
sip-interop Changed VolpProt.SIP.failoverOn503 The default value changed
Response from 1 (enabled) to O
(disabled).
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Updates to Previous Software Releases

This section indicates update$ software releases prior to 4.0.1

Understanding Updates to UCS 4.0.0

This section lists additions and changes, removals, enhancementspafiguration file parameter
changes to UC Software 4.0.0 beside their respective Polycom tracking identification number.

New or Enhanced Features

26549 Enhancedhe local missed call feature for shared line appearanthis feature supports RFC
3326 Reson Header.

28514 Enhancedhe method of selecting a ring type on the menu screen.
29056 Enhancedhe method of notifying the user of unregistered lines.
30251 Added support for notvolatile call listgapplies toSpectraLink 84}x

30887 Added support foB02.1X authentication. Authentication methods includ®-5, EAFPEAP,
EAPFAST, EAPLSandEAPTTLS.

32169 The user imow notified with a confirmation when deleting contact information
33546 Added a host name field to the DHCP registration.

35170 Addal support for User Profiles. Users may log into and out of the phone using a-server
independent configuratiorfile-based authentication method. When successfully
authenticated, the use® personal configuration files are applied as well as the@gensonal
local contact directory and call lists.

35171 Updated mostonfiguration parameterto be updated without the need of a reboot. Only a
select number of configuration parameters require a reboot in order to be invoked.

36166 Added the option for the ser to allow ringer volume levels to persist after the phone reboots.

38201 TheWeb-based configuration utility no longer requires the user to submit changes along with a
reboot after each page has been modified.

41429 Added the ability in the microbrowséo manage allowable characters into the input field.

41430 Added the abilityin the microbrowsefor the user to select an item from a list using the dial
pad

44258 Enhancedhe API by enhancing the HTTP Push capability by supporting mutual TLS.
44699 Added a Reseto Factory capability.
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45777 Added user accessible diagnostic functipigy and traceroute.

47730 The scrolling status bar has beemhanced The time between scrolled lines has been increased
(applies toSoundPoint IP 3xx

47766 The TrustedCA Pool Management capability has besmanced The number of supported
customer certificates has been increasedsio

48714 Added ability fothe phone to mute the microphone when aunswering a call.

48750 TheWeb-based configuration utility nownables the user to configure outbound proxies on a
perline basis.

48757 Contacts added to the list are now highlighted and displayed without the need to scroll up or
down to view the addition.

50258 Enhancedhe method of notifying the user of error andarning indications.

51101 Added the ability to use aBmergency Location Identification NumKi&LINYrom LLDRMED to
add a PAssertedidentity when using emergency routing:

dialplan.routing.emergency.preferredSource =[ELIN|Config] (defaulELIN)
dialplan.routing.emergency.outboundlidentity =XXXXXXXX (default null)
dialplan.routing.emergency.outboundldentity.lldp =XXXXXXXX (default njll

51471 Added a configuration option to disable titeS & G 2 F & dzo 2 S @gaisstthe/ 2 YY2y b | Y S

registration address &sociated with CA management).
52844 Added certificate validation for 802.1X.
53128 Added a configuration option to modify the Backlight timeout duration.

53360 Added the ability to display the phones current ARP table in the diagnostic rapplies to
SpectraLink 84xx

53908 TheWeb-based configuration utility now offers the ability to configw@ft keys and linekeys.
54301 The timestamp is now displayed alongside the caller in the Call Lists.
54648 Added HTTPS support in tbpdater that was previouglcalled BootROM

54680 Introduced the ability to import and export local and global configuration files wsihG
browser.

54683 Thebrowserbased SW Upgrade button that enables user to upgrade phwoite one of
multiple compatible software versionsavailable orthe Polycom provisioning server.

54730 Noticeableenhancenent from the time the phone is powered up and when it is ready for use.
56150 AddedData Link Layer LAscovery between phones and PC.

56187 Added TolD and FromID itP®ublishpackets for VQMnN reports.

56274 Addedmulticastgrouppaging based othe SpectraLink PTSolution.
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56942 ConfiguringSoft key(EFK) settings no longer requiresdbootin order to take effect.
57392 Added supporto the microbrowseifor HTTP proxy authéication (applies toSpectralink 84Xx
57981 Added support for custom device certificates.

58007 Addedthe ability to revoke certificates used in SSL transactions by using OCSP.
58336 Added SHOULD SDP answer behavior as per RFC 3264.

58507 Enhancedhe Web-based configuration and provisioning utility.

60297 Addedthe ability of random distribution of polling to check for software upgrades.
60907 Added the ability to disable Call Waiting while still allowing further outgoing calls.
61051 Addedthe ability to display custom soft keys on input forfimsthe microbrowser
61138 Added support for incoming TLS connectiongl@Webserver.

61343 Added the ability tadisable authentication verification for received SRTP packets.
62671 Added a time-stamped log evet indicating when the phone is ready to be used
63592 Added API call® the microbrowserfor Media Player.

63629 Added Sennheiser EHS configuration menus and options

64144 ThealertingLED andssociatedine-key animation for second and subsequent incoming calls
arenow disabled when the Call Waiting feature waiting is disabled.

64243 TheAPIData push message size limit has been increased to 2048 bytes from 1024 bytes.

64359 Converted the BLA dialog resihg fromNoto Yesfor useragents that are a remote party to
the existing call dialog.

65287 Added the ability to prevent a phone frobeingprovisioned at starup.
Configuration parameteprov.startupCheck.enabled [default = 1 (enabled)]

66212 Addedsupport for setting the syslog server address from DHCP.

66323 Addedanadministrator operations mentn the Updaterto the setup menu
Reboot, Reset Settings, Format File Systemd|nstall BootBlock.

66604 The ghone reportsconnectivity event notificabnsto an802.1x enabled switch powhena
non-authenticated PC disconneccor ieconnecs to the phone

67600 Password and other security entry fieldsw perform a brieechoof entered charactesbefore
being obscured from view.

68110 Added control ofavailable telephony featuresn the Office Communications Server (OGR)g
the reg.x.telephony configuration parameter.

68899 Addedthe ability on the microbrowseto entertwo-digit dialpad valuedor selecing entriesin
a list.
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69225 Addedthe ability to allow a hard key to be directly assigned ahdhced Feature Key (EFK) style
macro.

69442 Productivity features such as LDAP, Local Call Recording, and Visual Conference Management
are enabled without the requirement of a license file. Note that VQMdhremain a licensable
feature.

71633 The Resesetting in the Updater menu does not erase the CA and Device Certificates.

Enhanced Capabilities

31158 Instant messagecannow be sent ifmsg. bypassinstantMessage=1 . The phonemenuwill
no longer bebypassed after pressing the Messages button.

38407 After reboot, the phonesnow transmita TCP message the outbound proxy address.

39249 Distortion onsound from a gateway call back has been remoaglies toSoundPoint IP 330,
550, 560and 650).

40103 The file name of ile copied to a full USB stick full no longer displayplies toSoundPoint IP
650 and670).

40393 The backlight adjustmenhas been adjusted to work correctly when the incoming call times out.

41662 The buzzing sound heard on tfee end usein handsfree mode when a call is answered while
ringing has been removedgplies taSoundPoint IP 550, 658nd670).

41897 Thesound heard on the phone when attempting to cancel a conference or transfer has been
removed.

42427 On the phonamicrobrowser, the thin line over the data field has been removed.

42442 TheSelect harkeyhas been made functiona the speed dial men(applies toSoundPoint IP
330).

43822 When there is an active cathe backlightnow adjusts properly.
43846 The menu widgetnow scales to the correctsize of the meniapplies toSpectraLink 843x
43864 TheSoft key linekey and status widgetsan now be scaledpplies toSpectraLink 84}x

44981 Thephonenow seizes theorrect line forspeeddial when
call.stickyAutoLineSeize.onHookDialing =1.

45411 TheSoundPointP550and650speaker phone volumean now beadjusted via gain settings for
Rx audio.

45806 An wnsupported format messageo longer @pears when tyingto play a short WAV file.

45889 LightenandDarken sft keys nowdisplayfor the selected background imagmlyin the
Background mengapplies toSoundPoint IP 450, 550, 56Md 650).
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45900

46134

46170

46773

48153

48217

48753

50234

50633

50735

50745
50766

50788

50972

51238

51301

51493

51751

Updates to Previous Software Releases

Thetime anddate now display orthe multiple call appearances scre@ipplies toSoundPoint IP
450).

The ghones now playa default ringtone wherthe ringtonesizeis larger tharthe tone quota or
the ringtoneis not inthe cache.

On the phone menuthe Local Directory or Corporafgirectory cursor camow reach the end of
the highlighting bafapplies toSoundPoint IP 430

On the microbrowser, the backspace skdty isnow made available when the user enters a
character to he inputbox (applies toSoundPoint IP 320, 330, 43hd 450).

In the phone menu password settings, deleting a character before the character timeaut
cleaisthe last asterisk symbol.

Whenramdisk. nBlocks=0 is set,ramdisk.nBlocks no longerconsumes extraneous
memory.

The XML dictionary downloatb longerfailswhenthe dictionary file size exceeds thiefined
size.

Thephoneno longercrasteswhile starting a native applicatiof@pplies toSpectraLink 84}x

When the useenters textfor a contact in the Conta®irectory, he backspace soft kayow
appears beforeghe character selection widget for the first character has clasgglies to
SoundPoint IP 33ind 331).

After a conference call, redial now dials the ldistied number dpplies tcSoundPoint IP 33fhd
335).

Pressing the hookswitch toggle quickly no longer creates a phone and headset mismatch.

During a save confirmation screen, if there is a missed call, the contact can now be saved.
(SoundPoint IP 330, 33dnd 335).

When the user trieso play a recorded audio file from Mensfatus/Diagnostics/Test
Hardware/Audio Diagnostiam different termination pointsflandsfree / Headset / Handset)
the icons are nev updated(applies toSaindPoint IP 450

SIP call format is no longer missing for URL diadipglies toSoundPoint IP 33fhd 335).

In the Install Custom CA Certificate menu on the phone, the 188fakeyis no longermissing
(applies toSoundPoint IP 450, 5506®& 650,and670).

Aloudring has been removeftom the speakewhencancelinga conferencecallor switching
between calls

When call forward is enabled on the second registered phenesnow display the text string
Call Forward Enabled dhe top of the UKapplies toSoundPoint IP 450, 550, 560, 6a0¢d670).

When there are multiple calls waiting, dropping one remote party now playsatevaiting ring
on the originating phone.
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51767 The ghone no longer crashes when trying to aaltarge number of contacts.

51930 The ghonenow showsConnectinginstead ofTransfer toon the top Ul when initiating
transfer(applies toSoundPoint IP 33hd 335).

51994 When the contact is highlighted in the Contact Directory, pressinghlagacer selection
widgetno longererases the highlight bgapplies toSoundPoint IP 330, 33dnd 335).

51996 Tryingto dial an invalid speed dial numbeo longercauses slight corruptioim the phone Ul
(applies toSoundPoint IP 330, 33dnd335).

52006 The all waiting tone no longer changes to a single beep when a double beep is configured on
the phone.

52007 When a call is automatically disconnected at the far end phone after time out, the current active
callno longergoes on holdnadvertently.

52103 The honesno longerdisplay the first line label in scrolling status bar when it is vigédgelies
to SoundPoint IP 330, 3%nd335).

52112 In the phoneContactDirectory meny when the 1/A/a soft key is pressed change the
capitalization of the letters, the encoding no longer resets to Ag@pliés toSoundPoint IP 450,
560,and670).

52219 In the phoneAudio Diagnostics Menu, pressing the left arrow to agitv restoresthe previously
selected terminationtate (applies toSoundPoint IP 450, 568nd 670).

52270 Backlight valuesow matchthe phone menu option and override file parameters.

52276 When a call is answered automatically whaleecordedWAYV fileis playing the audio player
screennow exits propey (applies toSoundPoint IP 630

52380 When the phone lines are configured to call server and pressapeer respectivelythe
presence informatiomow displays on the first line as well ashe presence line.

52489 Character encoding no longemavailablewhile entering the contact information in the contact
directory (applies taSoundPoint IP 430, 550, 63Md 670).

52552 Themomentaily observedUl corruption/flickeringduring anincoming call with a long caller ID
has been resolvedipplies toSoundPoint IP 330, 33dnd 335).

52560 Menu titles now fit in the phone Ukpplies toSoundPoint IP 330, 33dnd 335).
52688 Enhanced thenb.main.idleTimeout parameter behavior.

52692 The daracter entry modenow showsconsistently when entering passwas in the phone menu
(applies toSoundPoint IP 450, 560, and $.70

52734 The @mssword fielchow clears after entering an invalid passwofdpplies toSoundPoint IP 330,
331,and335).

52766 The peakerheadset key LEBo longerremains ON when the active call is on hafdile there is
an incoming call on the same litepplies toSoundPointP 550, 560, 650, and 6)(0
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52789 The ghone settings menu now has an appropriate label for the menu item in Handsfree Mode.

52917 In the phore Install Custom CA Cert mene character selection widgeb longerremains
visible when close¢applies toSoundPoint IP 330, 33nd 335).

52920 When a astom CAcert URLisunreachablean appropriate message now displays on the phone.

52945 Inappopriate characters no longer display in the quick search mapplies toSoundPoint IP
330, 331and335).

52948 When long text is entered in the quick search menu, the text moves forward and display
the last charactefapplies toSoundPoint IP 330, 33nd335).

53055 When composing a new instant message and if there is a new incoming instant meleddie
no longer becomesorrupted(applies toSoundPoint IP 560 argd0).

53101 VQMon values displayed on the SQmediatorrare/ the same ashe single $-Publish packet
values.

53138 Instant messaging strings now have spaces in between words in all instances.
53142 Extra spaces at the beginning and end of the phone labels have been removed.
53235 Extra spaces in the phone exit mehave been removed.

54147 The phone conference screen titles are no longer truncated when using certain languages
(applies toSoundPoint IP 330, 33dnd 335).

54449 The ghone no longer displays an error message when trying to edit a long contact number.

54553 Whenthe user tries to use two lines to didhe userno longerseesa scrolling message instead
of Enter Number texapplies toSoundPoint IP 450, 658nd670).

54913 In a BLEcenario, when the monitored phone places a call to another phoneDtaleg Event
Packageano longercontains repeated remote identity when its INVITE has received an initial 407
or 401 response

55639 When the enhanced BLF feature is enabled on an acéilethecallstate no longerchangesn
the call appearancéor monitored usergapplies taSoundPoint IP 630

55655 Pressing the message hdteynow leads the usetio voicemail(applies taSoundPoint IP 450,
550, 560, 650and670).

55669 Whenthe phone is configureas TCnly,andthe phone receives REFER UDP, the phone
now sendanINVITE in TCP

55681 When transporis set toTCP, RefeBased Clicko-Dialnow workswhenthe phone has an
active call.

55852 When the phone is in the setup me, pressing * key now always moves a pageapplfes to
SoundPoint IP 450, 550, 560, 650, and)670
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55957

57538

57625
58860

59086

59202
59285

59355

59463

59478

61100

61553
63190

63582

64389
64455

64464

64693
64932

When the BLF feature is enabléde remote call appearance scre@ow properly times out
and does not waiuntil the call is endethy the monitored user.

In the phone menus, field names no longer truncate when the user tries to make aultses
to SpectraLink 84)x

Applications are now loading as per the order specif@plies toSpectraLink 84%x

When the forvard feature is enabled, the number of rings set now matches the actual ring
cadences.

When the phone is configured to an external server like Giié&phone clock format (12 hrs
24hrs) does not get affected until the phone reboots.

When the hone loses an active call on hold, pressing resume no longer drops the call.

The ghone no longer shows delete (<<)soft key wherthere are no numbers to deletéapplies
to SoundPoint IP 330, 331, and 335

The ghone nolongerlogs error messgeswhen it is unable to connect to any of the telephony
notification URLSs.

Whendza Ay 3 GKS LIK2ySQa horfedo loOgesedfaktswdmhluidatigagy = (G K S
telephony notification event or UR

In the phone digit map,egments longer than@characterso longertruncated to 40when
applied

Added the ablity to override complex audio codec instance count definition for each individual
codec type.

The phone no longer crashesen trying to split a&onference service which imavailable.

The macrdsFServerACDSignIn8w works when configuing the soft keyusing EFK to exercise
the ServerACDSignin  function.

Theexcessively longoot time resulting from FTP errors and failutess beemoticeably
decreasedapplies b SpectraLink 84}x

Added the abilityto set the correct TLS Profile using tdpdaterand/or Application Ul menus.

There isno longera delay between théime the Push URL is sent to the phone and the time it
takes the browser to execute tifetch URLapplies toSpectraLink 84%x

The ghonesno longer waito auth/re-associate to AP until AP starts the full security exchange
(applies toSpectralLink 84}x

The m@yload settings specified by the phoare nowused by the receiving mme.

Whenthe server side Call Forward No Answer (CFNA) is enahkedserno longer hashe
option to selecthe number of rings on the local phone
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65081

65082

65255

65275
65309

65337
65622

66582

66975

67928
68345

68533

69372

69373

69374

69929

69965

70258

70458

Updates to Previous Software Releases

The user is now abke navigate on the phone menus having select options availalpleliesto
SpectralLink 84}x

The radio performance has been improved to reduce the reported number of missed packets
and high retry rategapplies toSpectraLink 84)x

Selected options on the menus no longer disappear when selected from the pheigatien
right hard key dpplies toSpectralLink 84%x

When persistence login is enabled for default, the user log out no longer reboots the phone.

Incorrect soft key options no longer show up when certain selections are invoked in the
menu/Ul (applies toSpectralLink 84%x

The ghones now provision correctly via HTTPS.

In case of emergency failoyehe correctinformation with Invite request is routedapplies to
SoundPoint IP 450, 658nd 335).

In the quick setup menu, thenwanted Ok soft key no longer appears while changing the Boot
server optionsdpplies toSpectraLink 84)x

The voicemail iconow displays when there is a voice mail notificatiomehe phone(applies to
SpectraLink 84%x

In the phone buddyist, the popup messaggéontact already existsas been resolved.

The phone dial pad keys now wake/light up when the phone comes back from the power save
mode @pplies toSpectralLink 84)x

A reboot isno longemecessary to change the paramete
volpProt.SIP.conference.address in the configuration files.

During an IM chat sessipthe phonenow displays all messages using the same quick note string
(applies toSpectralLink 84xx

When provisioning TLS applicatiptise CommonName of a server certificagenow
configurable withthe new configurationoption.

User interface changes have been made in the Application menu and BootROM menu for SIP
and Provisioning applications respectively to make CommonName configurab

When the BLF feature is enabldéde monitored BLF line statusmow updatesas busy aftethe
attendant phone transfers a call to that lif@pplies toSoundPoint IP 630

When the soft key is configured with capital HTTP in the [WR& longertries to dial instead of
using the phone microbrowser.

Resetting the phone tattorysettingsno longerclearsthe passwordapplies toSpectraLink
84x3.

Texton the input fields and soft keys arewmgroperly displayed.
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70547 Download Custom CA Cert scre®mw disappears after saviragcertificate (applies to all
SoundPoint [P

70633 The fhoneno longermishandles 403 response first REFER sent to phone to centralized
conference server

70732 The links on the microbrowserlgeare no longehidden wherthe links arehighlighted and
moves to another link.

70908 When using user profileshe phone nolongerpowers off at the user login prompapplies to
Spectralink 84}x

71046 When the phone is in a conference call and amsy attempt is madgethe access poinho
longerrejects the reassociation reque@pplies toSpectraLink 84)x

71103 When the phone is configured as per call center maa@dihold isno longertreated asa missed
call(applies taSoundPoint IP 630

71156 When there is an active call between two partiascepting another catio longermakesthe
phone vibrate continuouslwhenthe mode is set to Ringnd Vibrate (applies toSpectraLink
84x3.

71913 Registered lines mdisplay on Expansion modul@gpplies toSoundPoint IP 650, 6)/0

Configuration File Enhancements

Certain groups of configuration parameters have been modified in UC Software 4.0.0. In these cases,
instead of listing every parameter, thiellowingtable will specify a group of relatecagameters with an
abbreviated XML path name ending with (.*).

For example, suppose the following parameters are modifiedice.wifi.enabled ,
device.wifi.ipAddress , anddevice.wifi.ssid . Since these parameters all begin with
device.wifi , Table 7: Software Version 4.0 Cafiguration File Parameter Enhancements
abbreviates these parameters atevice.wifi.*

Note: Parameters With e

Mostdevice parameters have identical parameters ending wight . The.set parameters
are not included in the following table.

Web Info: Parameters Changed in UC Software 4.0.0

The following table includes parameters changed in UC Software 4.0.0. You can find the ne¢
descriptions and values in tH&olycom UC Software Administrators Guide



http://support.polycom.com/global/documents/support/setup_maintenance/products/voice/spip_ssip_vvx_Admin_Guide_UCS_v4_0_0.pdf

Table 7: Software Version 4.0.Q Canfiguration File Parameter Enhancements

Updates to Previous Software Releases

Modification

Configuration Parameter

Description

Discontinued

apps.x.Label

Productivity Applications paramete

Discontinued

apps.x.Url

Productivity Applications paramete

Discontinued

apps.ucdesktop.IP

Productivity Applications paramete

Discontinued

apps.ucdesktop.name

Productivity Applications paramete

Discontinued

apps.ucdesktop.port

Productivity Applications paramete

Discontinued

device.auth.*
Theparametersdevice.auth.localAdminPassword
device . auth.localUserPassword

have not been removed

Provisioning parameters

Discontinued

device.dhcp.offerTimeout

Provisioning parameter

Discontinued

device.prov.appProvString

Provisioning parameter

Discontinued

device.prof.appProvType

Provisioning parameter

Discontinued

device.sec.SSL.*

Provisioning parameters

Discontinued

device.sec.deviceCertEnabled

Provisioning parameter

Discontinued

exchange.server.address

ProductivityApplications parameter

Discontinued

httpd.Ip.port

Provisioning parameter

Discontinued

Icl.datetime.date.digitFormatEnable

User preference parameter

Discontinued

log.level.change.lp

Log parameter

Discontinued

log.level.change.nwmgr

Log parameter

Discontinued

log.level.change.sync

Log parameter

Discontinued

reg.x filterReflectedBlaDialogs

Call feature parameter

Discontinued

reg.x.server.H323.y.register

Call feature parameter

Discontinued

sec.TLS.customDeviceCert.enable

Security parameter

Discontinued

sec.dotlx.eapollogoff.pcforcelanlinkreset

Security parameter

Discontinued

volpProt.SDP.useLegacyPayloadType
Negotiation

Call feature parameter

Discontinued

volpProt.server.H323.x.register

Call feature parameter
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Modification

Configuration Parameter

Description

Discontinued

voice.aec.hd.*
The parameteroice.aec.hd.enable

has not been removed

Audio parameters

Discontinued

voice.aec.hf.*
Theparametervoice.aec.hf.enable

has not beerremoved

Audio parameters

Discontinued

voice.aec.hs.*
The parameteroice.aec.hs.enable

has not been removed

Audio parameters

Discontinued

voice.aes.hd.duplexBalance

Audio parameter

Discontinued

voice.aes.hf.*
The parameteroice.aes.hf.enable

has not been removed

Audio parameters

Discontinued

voice.aes.hs.duplexBalance

Audio parameter

Discontinued

voice.gain.rx.digital.ringer.*

The parameteroice.gain.rx.digital.ringer
removed

has also been

Audio parameters

Discontinued

voice.handset.wideband

Audio parameter

Discontinued

voice.rxeq.hf.postFilter.*

Theparametervoice.rxEq.hf.postFilter.enable
beenremoved

has not

Audio parameters

Discontinued

voice.rxeq.hf.preFilter.*
Theparametervoice.rxEq.hf.preFilter.enable
beenremoved

has not

Audio parameters

Discontinued

voice.rxeq.hs.postFilter.*
The parameteroice.rxEq.hs.postFilter.enable
beenremoved

has not

Audio parameters

Discontinued

voice.rxeq.hs.preFilter.*
Theparametervoice.rxEg.hs.preFilter.enable
beenremoved

has not

Audio parameters

Added apps.x.label Productivity Applications paramete
Added apps.x.url ProductivityApplications parameter
Added apps.push.secureTunnelEnabled Productivity Applications paramete
Added apps.push.secureTunnelPort Productivity Applications paramete
Added apps.push.secureTunnelRequired Productivity Applications paramete
Added apps.stat  ePolling.responseMode Productivity Applications paramete
Added apps.telNotification.callStateChangeEvent Productivity Applications paramete
Added apps.telNotification.userLogInOutEvent Productivity Applications paramete
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Modification ~ Configuration Parameter Description
Added apps.ucdesktop.* Productivity Applications

Theparameterapps.ucdesktop.enabled has existed in previous parameters

versions
Added bg.color.* Background parameter
Added bluetooth.radioOn Call feature parameter
Added call.advancedMissedCalls.* Call feature parameters
Added call.callwaiting.enable Call feature parameter
Added call.localConferenceEnabled Call feature parameter
Added callLists.* Call feature parameters
Added device.hostname Provisioning parameter
Added device.net.dhcpBootServer Provisioning parameter
Added device.net.dot1x.* Provisioning parameters
Added device.pacfile.* Provisioning parameters
Added device.prov.upgradeServer Provisioning parameter
Added device.sec.TLS.* Provisioning parameters
Added device.usbnet.* Provisioning parameters
Added device.wifi.* Provisioning parameter
Added dialplan.applyToPstnDialing Call feature parameter
Added dialplan.routing.emergency.outboundldentity Call feature parameter
Added dialplan.routing.emergency.outboundldentity Call feature parameter

Jlidp
Added dialplan.routing.ermgency.preferredSource Call feature parameter
Added exchange.meeting.* Productivity Applications paramete
Added exchange.server.url Productivity Applications paramete
Added feature.audioVideoToggle.enabled Call feature parameter
Added feature.bluetooth.enabled Call feature parameter
Added feature.enhancedCallDisplay.enabled Call feature parameter
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Modification  Configuration Parameter

Description

Added feature.exchangeCalendar.enabled Call feature parameter

Added feature.nonVolatileRingerVolume.enabled Call feature parameter

Added httpd.cfg.secureTunnelEnabled Web Configuration Utility
parameter

Added httpd.cfg.secureTunnelPort Web Configuration Utility
parameter

Added httpd.cfg.secureTunnelRequired Web Configuration Utility
parameter

Added httpd.ta.secureTunnelEnabled Web Configuration Utility
parameter

Added httpd.ta.secureTunnelPort Web Configuration Utility
parameter

Added httpd.ta.secureTunnelRequired Web Configuration Utility
parameter

Added ind.pattern.blink.* LED indicator parameter

Added ind.pattern.flashSlow2.* LED indicator parameter

Added lcl.  x.pstnCountry Multilingual parameter

Added Icl.aidt Multilingual parameter

Added Icl.callerld Multilingual parameter

Added Icl.callerldType Multilingual parameter

Added Icl.country.* Multilingual parameters

The parametefcl.country hasalsobeen added

Added Icl.dtmfLevel Multilingual parameter

Added Icl.dtmfTwist Multilingual parameter

Added Icl.flashTiming Multilingual parameter

Added Icl.pstnCountrylndex Multilingual parameter

Added lineKey.* Flexible linekey assignment
parameters

Added log.level.change.barcd Log parameter
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Modification ~ Configuration Parameter Description
Added log.level.change.bluet Log parameter
Added log.level.change.clist Log parameter
Added log.level.change.daa Log parameter
Added log.level.change.dock Log parameter
Added log.level.change.drvbt Log parameter
Added log.level.change.oaip Log parameter
Added log.level.change.ocsp Log parameter
Added log.level.change.pdc Log parameter
Added log.level.change.pres Log parameter
Added log.level.change.pstn Log parameter
Added log.level.change.ptt Log parameter
Added log.level.change.rtls Log parameter
Added log.level.change.tls Log parameter
Added log.level.change.wifi Log parameter
Added log.render.stdout.* Log parameter
The parametetog.render.stdout has existed in previous
versions
Added mb.main.toolbar.autoHide.* Microbrowser parameters
The parametemb.main.toolbar.autoHide.enabled has
existed in previous versions
Added messaging.* SpectraLink instant messaging
parameters
Added np. * SpectraLink notification profiles
parameters
Added oai.* SpectraLink Open Application
Interface parameters
Added prov.login.* Distributed polling parameters
Added prov.loginCredPwdFlushed.enabled Distributed polling parameter
Added prov.polling.timeRandomEnd Distributed polling parameter
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Modification ~ Configuration Parameter Description
Added prov.startupCheck.enabled Provisioning parameter
Added pstn.*
Added ptt.* Paging and pusto-talk parameters
Added gbc.* SpectraLink quick barcode
connector parameters

Added gos.ethernet.* SpectraLink QoS parameters

The parameters

qos.ethernet.callControl.user_priority ,

gos.ethernet.other.user_priority ,

gos.ethernet.rtp.user_priority , and

gos.ethernet.rtp.video.user_priority existed in previous

versions
Added reg.x.auth.domain Call feature parameter
Added reg.x.auth.useLoginCredentials Call feature parameter
Added reg.x.gruu Call feature parameter
Added reg.x.server.y.speciallnterop Call feature parameter
Added reg.x.server.y.useOutboundProxy Call feature prameter
Added reg.x.srtp.enable Call feature parameter
Added reg.x.srtp.offer Call feature parameter
Added reg.x.srtp.require Call feature parameter
Added reg.x.telephony Call feature parameter
Added se.pat.misc.custom %S Sound effects parameters
Added se.pat.misc.misc X* Sound effects parameters
Added se.rt.answerMute.* Sound effects parameters
Added se.rt.autoAnswer.micMute Sound effects parameter
Added se.rt.autoAnswer.videoMute Sound effects parameter
Added se.rt.custom  X.micMute Soundeffects parameter
Added se.rt.custom  X.videoMute Sound effects parameter
Added se.rt.default. micMute Sound effects parameter
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Modification ~ Configuration Parameter Description

Added se.rt.default.videoMute Sound effects parameter
Added se.rt.emergency.micMute Sound effects parameter
Added se.rt.emergency.videoMute Sound effects parameter
Added se.rt.external.micMute Sound effects parameter
Added se.rt.external.videoMute Sound effects parameter
Added se.rt.internal.micMute Sound effects parameter
Added se.rt.internal.videoMute Soundeffects parameter
Added se.rt.precedence.micMute Sound effects parameter
Added se.rt.precedence.videoMute Sound effects parameter
Added se.rt.ringAnswerMute. Sound effects parameters
Added se.rt.splash.micMute Sound effects parameter
Added se.rt.splash.videoMute Sound effects parameter
Added se.rt.visual. micMute Sound effects parameter
Added se.rt.visual.videoMute Sound effects parameter
Added sec.TLS.SIP strictCertCommonNameValidation Security parameter
Added sec.TLS.customCaCert.* Security parameters
Added sec.TLS.customDeviceCert.* Security parameters
Added sec.TLS.customDeviceKey.* Security parameters
Added sec.TLS.profile.* Security parameters
Added sec.TLS.profileSelection.* Security parameters
Added sec.hostMoveDetect.* Security parameters
Added sec.srtp.holdWithNewKey Security parameter
Added sec.srtp.mki.length Security parameter
Added sec.srtp.resumeWithNewKey Security parameter
Added softkey.x.insert Security parameter
Added teplpApp fileTransfer.waitForLinklfDown IP parameter
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Modification  Configuration Parameter

Description

Added tone.chord.misc.A3Major.* Tone parameters

Added tone.chord.misc.C3Major.* Tone parameters

Added tone.chord.misc.Db3Major.* Tone parameters

Added tone.chord.misc.E3Major.* Tone parameters

Added tone.chord.misc.cs12.* Tone parameters

Added up.25mmRealTime User preferences parameter
Added up.backlight.timeout.* User preferences parameters

The parameteup.backlight.timeout

has also been added

Added up.cfgWarningsEnabled User preferenceparameter
Added up.displayOperMode User preferences parameter
Added up.headsetOnlyAlerting User preferences parameter
Added up.hearingAidCompatibility.enabled User preferences parameter
Added up.hideDateTimeWhenNotSet User preferences parameter
Added up.multikeyAnswerEnabled User preferences parameter
Added up.operMode User preferences parameter
Added up.pstnSetup User preferences parameter
Added up.warninglLevel User preferences parameter
Added upgrade.* Provisioning parameter
Added video.callMode.default Video parameter

Added video.debug Video parameter

Added volpProt.SIP.dialog.strictXLineld Call feature parameter
Added volpProt.SIP.IM.autoAnswerDelay Call feature parameter
Added volpProt.SIP.mtls.enable Call feature parameter
Added volpProt.SIP.pingMethod Call feature parameter
Added volpProt.server.x.speciallnterop Call feature parameter
Added volpProt.server.x.useOutboundProxy Call feature parameter
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Modification ~ Configuration Parameter Description
Added voice.aec.bt.hd.enable Audio parameter
Added voice.aec.usb.hf.enable Audio parameter
Added voice.aes.bt.hd.enable Audio parameter
Added voice.aes.usb.hf.enable Audio parameter
Added voice.agc.bt.hd.enable Audio parameter
Added voice.agc.usb.hf.enable Audio parameter
Added voice.bt.* Audioparameters
Added voice.handset.rxag Audio parameter
Added voice.handset.rxdg Audio parameter
Added voice.handset.st. Audio parameter
Added voice.handset.txag Audio parameter
Added voice.handset.txdg Audio parameter
Added voice.handsfree.* Audioparameters
Added voice.headset.rxag Audio parameter
Added voice.headset.rxdg Audio parameter
Added voice.headset.st Audio parameter
Added voice.headset.txag Audio parameter
Added voice.headset.txdg Audio parameter
Added voice.ns.bt.* Audio parameters
Added voice.ns.usb.* Audio parameters
Added voice.ringer.rxag Audio parameter
Added voice.rxEq.usb.* Audio parameters
Added voice.rxQos.ptt.* Audio parameters
Added voice.rxQos.wireless.* Audio parameters
Added voice.txEq.usb.* Audio parameters
Added voice.usb.* Audio parameters
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Modification ~ Configuration Parameter Description
Added voice.volume.persist.bluetooth.headset Audio parameter
Added voice.volume.persist.usb.handsfree Audio parameter
Added wifi.* Wifi parameters
Changed apps.push.messageType Productivity Applications paramete
Changed apps.uc.desktop.enabled Productivity Applications paramete
Changed call.autoRouting.preferredProtocol Call feature parameter
Changed device.auth.* Provisioning parameters
Changed device.cma.mode Provisioning parameter
Changed device.dhcp.* Provisioning parameters
The parametedevice.dhcp.bootSrvOpt has not been changed
Changed device.dns.* Provisioning parameters
Changed device.em.power Provisioning parameter
Changed device.line.* Provisioning parameters
Changed device.net.* Provisioning parameters
The parametrsdevice.net.dhcpBootServer ,
device.net.IPgateway , device.net.subnetMask , and
device.net.vlanid have not been changed
Changed device.ntlm.versionMode Provisioning parameter
Changed device.prov.* Provisioning parameters
The parameterslevice.prov.password ,
device.prov.serverName , device.prov.upgradeServer ,
anddevice.prov.user have not been changed
Changed device.serial.enable Provisioning parameter
Changed device.sntp.gmtOffset Provisioning parameter
Changed device.syslog.* Provisioning parameters
The parametedevice.syslog.serverName has not been
changed
Changed dialplan.x.digitmap Call feature parameter
Changed dialplan.x.routing.server.y.transport Call feature parameter
Changed dialplan.digitmap Call fature parameter
Changed dialplan.digitmap.timeOut Call feature parameter
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Modification ~ Configuration Parameter Description

Changed dialplan.impossibleMatchHandling Call feature parameter
Changed dialplan.removeEndOfDial Call feature parameter
Changed dialplan.routing.server.x.transport Call featureparameter
Changed dir.H350.dev.attribute.x.type Directory parameter
Changed dir.H350.dev.transport Directory parameter
Changed dir.H350.group.attribute.x.type Directory parameter
Changed dir.H350.group.transport Directory parameter
Changed dir.H350.person.attribute.x.type Directory parameter
Changed dir.H350.person.transport Directory parameter
Changed dir.corp.attribute.x.type Directory parameter
Changed dir.corp.transport Directory parameter
Changed dir.local.nonVolatile.maxSize Directory parameter
Changed dir.local.volatile. maxSize Directory parameter
Changed divert.x.autoOnSpecificCaller Call feature parameter
Changed divert.x.contact Call feature parameter
Changed divert.x.sharedDisabled Call feature parameter
Changed divert.busy.* Call feature parameters
Changed divert.dnd.* Call feature parameters
Changed divert.fwd.x.enabled Call feature parameter
Changed divert.noanswer.* Call feature parameters
Changed ind.led.x.index LED indicator parameter
Changed keypadLock.* Phone lock parameters
Changed Icl.ml.lang.clock.x.format Multilingual parameter
Changed Icl.ml.lang.list Multilingual parameter
Changed lcl.ml.lang.menu.* Multilingual parameters
Changed Icl.ml.lang.tags.* Multilingual parameters
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Modification ~ Configuration Parameter Description
Changed log.level.change.slog Log parameter
Changed log.render file.size Log parameter
Changed log.render file.upload.append.limitMode Log parameter
Changed log.render file.upload.period Log parameter
Changed log.render.stdout Log parameter
Changed log.sched.* Log parameters
Changed msg.bypassinstantMessage Voicemail parameter
Changed nat.* IP parameters
The parametenat.keepalive.interval has not been changed
Changed phoneLock.enabled Phone lock parameter
Changed pnet.remoteCall.dtmfDuration Peer networking parameter
Changed powerSaving.enable Power saving parameter
Changed prov.fileSystem.ffs0.minFreeSpace Provisioning parameter
Changed prov.polling.mode Distributed polling parameter
Changed prov.polling.time Distributed polling parameter
Changed gos.ethernet.* Quality of Service parameters
Changed gos.ip.callControl.* Quiality of Service parameters
The parametersgjop.ip.callControl.dscp.* have not been
changed
Changed gos.ip.rtp.* Quality of Service parameters
The parametersjos.ip.rtp.dscp.* and
qos.ip.rtp.video.ds cp.* have not been changed
Changed reg.x.callsPerLineKey Line registration parameter
Changed reg.x.outboundProxy.transport Line registration parameter
Changed reg.x.ringType Line registration parameter
Changed reg.x.server.y.transport Line registration parameter
Changed res.finder.minFree Phone memory parameter
Changed res.finder.sizeLimit Phone memory parameter
Changed res.quotas.background Phone memory parameter
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Modification ~ Configuration Parameter Description

Changed res.quotas.bitmap Phone memoryparameter
Changed res.quotas.cache Phone memory parameter
Changed res.quotas.font Phone memory parameter
Changed res.quotas.tone Phone memory parameter
Changed res.quotas.xmiui Phone memory parameter
Changed roaming_buddies.reg SpectraLink cafeature parameter
Changed roaming_privacy.reg SpectraLink call feature parameter
Changed se.destination Sound effects parameter
Changed se.pat.callProg.msgWaiting.name Sound effects parameter
Changed se.pat.misc.instantMessage.name Sound effectparameter
Changed se.pat.misc.localHoldNotification.name Sound effects parameter
Changed se.pat.misc.messageWaiting.name Sound effects parameter
Changed se.pat.misc.negativeConfirm.name Sound effects parameter
Changed se.pat.misc.positiveConfirm.name Sound effects parameter
Changed se.pat.misc.remoteHoldNotification.name Sound effects parameter
Changed se.pat.misc.welcome.name Sound effects parameter
Changed sec.H235.* Sound effects parameters
Changed tcplpApp.keepalive. IP parameters

Changed tcplpApp.port.* IP parameters

Changed up.25mm User preferences parameter
Changed up.analogHeadsetOption User preferences parameter
Changed up.backlight.idleintensity User preferences parameter
Changed up.oneTouchVoiceMail User preferences parameter
Changed up.useDirectoryNames User preferences parameter
Changed up.welcomeSoundEnabled User preferences parameter
Changed up.welcomeSoundOnWarmBootEnabled User preferences parameter
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Modification ~ Configuration Parameter Description
Changed video.camera.frameRate Video parameter
Changed video.localCameraView.full[Screen.mode Video parameter
Changed video.maxCallRate Video parameter
Changed video.screenMode Video parameter
Changed video.screenModeFS Video parameter
Changed volpProt.H323.dtmfViaSignaling Call feature parameter
Changed volpProt.H323.enable Call feature parameter
Changed volpProt.H323.local.port Call feature parameter
Changed volpProt.SIP.local.port Call feature parameter
Changed volpProt.SIP.outboundProxy.transport Call feature parameter
Changed volpProt.SIP.specialEvent.lineSeize. Call feature parameter
nonStandard
Changed volpProt.server.x.transport Call feature parameter
Changed volpProt.server.dhcp.option Call feature parameter
Changed voice.audioProfile.Lin16.16ksps.payloadSize Audioparameter
Changed voice.audioProfile.Lin16.32ksps.payloadSize Audio parameter
Changed voice.audioProfile.Lin16.44_1ksps. Audio parameter
payloadSize
Changed voice.audioProfile.Lin16.48ksps.payloadSize Audio parameter
Changed voice.audioProfile.Lin16.8ksps.payloadSize Audio parameter
Changed voice.codecPref.iLBC.* Audio parameters
Changed voice.gain.rx.analog.* Audio parameters
Changed voice.gain.rx.digital.* Audio parameters
Changed voice.gain.tx.analog.* Audio parameters
Changed voice.gain.tx.digital.* Audio parameters
Changed voice.handset.rxag.adjust.* Audio parameters
Changed voice.handset.sidetone.adjust.* Audio parameters
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Modification ~ Configuration Parameter Description
Changed voice.handset.txag.adjust.* Audio parameters
Changed voice.headset.sidetone.adjust.* Audio parameters
Changed voice.headset.txag.adjust* Audio parameters
Changed voice.ns.hd.* Audio parameters
The parameteroice.ns.hd.enable has not been changed

Changed voice.ns.hf.signalAttn Audio parameter
Changed voice.ns.hf.silenceAttn Audioparameter
Changed voice.ns.hs.signalAttn Audio parameter
Changed voice.ns.hs.silenceAttn Audio parameter

Understanding Updates to UCS 3.3.2

This section lists additions and changesnovals, enhancementand configuration file parameter
changes to UC Software versi®i3.2beside their respective Polycom tracking ID number.

New or Enhanced Features

56249 Added user confirmation on the phone before placing outgoing calls as part of the click to dial
behavor.

64548 Added missegtall synchronizatioiWhen local call lists are disabled on the phones, Missed calls
notifications are sent from the call server to the respective users.

66466 When the parameteup.simplifiedSipCallinfo is enabledthe caller ID will not display
the host name for incoming and outgoing calls and the protocol information will not be shown

66624 Geographical redundancy enhancements.
68836 Added support for Sennheiser EHS headset to the phone menus and configuration.

70475 Extended thedialplan.digitmap String to support up to 100 from 30 segments.

Enhanced Capabilities

27469 Local Conferencing i® longerdisabled if G.729 is in the Codec preferencedipplies to
SoundStation IP 4000

27777 Thephone now playsa localhold reminder tongapplies toSoundStation IP 4000
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34454 If the microbrowser is enabled and it is refreshed too frequently and the pages contain large
images, the phoneao longerlocks up.

34743 A phoneno longerfreezeswhen it receives a cheekync if the resources on the phone are
heavily used by a downloaded wave files or by a large/complex microbrowser. pages

39630 When using the SoundPoit330/320 phone with LCS2005, blocking a roaming buddy from the
privacy listno longerprevents the user from viewing the blocked bueksistatus.

45247 TheSoundPointP430no longerrebootwhen viewing microbrowser pagesidthe internal
memory is being used for other function/operatians

47827 Voice Quality Monitofeature onSundPointlP nowusesthe correct units for Jitter inI®
PUBLISH VQSession Report

49324 When dialing 99* from the phone with an integrated Polycom HDX, the&d lsngerchanged
to a dot on the HDXapplies toSoundStation [P000).

51904 When a Polyom HDX systens configured for B using UDP, mow makesa video connection
with the VVX 1500 phone.

52592 Thephonenow provisiorswhen using the combinesip.ldfile and a TFTP provisioning server
that does not support the bulk size optidgapplies toSoundStation IP 60D0

52782 Resolvedome video issudahat occurwhen VVX 1500 phones are bridged on Polycom HDX and
VSX MCUs.

55910 The ghoneno longerfreezes/stops while preparing to boot applies taSoundPoint IP 430

57838 When there is a calletweentwo SoundStatioP 7000 phones along with a HDX systehe
HDX9004 system add a video call to HDX900Phere isno longera hold between the
SoundPointP7000 phones.

58177 When attempingto do a blind transfer from a PSTN line to an intemdénsion three beeps
are no longeheard after pressing the Sesaft key Cancelling the operations enables the call
transfer.

60086 TheSoundPoint IP 656hones now send an OfHook or OrHook natification when set to Auto
Answer.

60131 Reassignmentf the speed dial keys mofunctions properly (applies toSoundStation 1P 5000,
6000, and 700D

60186 Call connection bandwidth between the HDX and VVX ©b@0synchronize when theVVX
1500is in CMA provisioning mode.

60255 A noticeable highrequencyflickerhas been removed frorthe display when an update for BLA
remote hold/resume status occufapplies toSoundPoint IP 650/670

60729 The ghone nav honorsa BLA NOTIRYhenthe version number in the message body has
increased by more than 1.
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60733 Cannow establish a local conference bridge by using a spkalkey, BLF line key or via call

lists.
60984 Thedir.local.contacts.maxNum parameter ndongeracceps 0 as stated in the
AdminA & ( NJ uide® dwId@!.cobtacts.naxNum accepts 1 to 99 OR 1 to 9999.

61013 On theVVX 150, theCall Rate value caro longerbe set higher than Max Call Rate value when
configured using the WeBonfiguration Utility.

61067 On thephoneinterfacemenu, pressing the Baslft keyin the Authenication menunow
restoresthe menu title correctly.

61089 A popup no longerappears when adjusting the ringer volume while the call is on hold. Hands
free Volumeno longerappears instead of Ringer Volurtapplies toSoundPoint IP 320, 321,
330, 331, and35).

61145 Thedialplan.digitmap usesup to a maximum of 767 characters. The last characteo is
longertruncated.

61147 Thephoneno longerreboots when a GET request is sent to the phone to
ITA/getParam?paramName=reg.1.ringType (applies toSoundPointR 331, 335, 450, 550,
560, 650, 67@nd SoundStation IP 5000

61316 The message waiting indicatam the VVX 1508hows up on thecorrectline after the
registratiors are moved to different line keys.

61955 An RTP audio delay o longerdetected whencalling or receiving calls from a PSTN line.

62389 When theVVX 150@hone is left idle for an extended period of time and a call is made between
the CMA users, the popup on the phone user interfagmitongerdelayed for both incoming
andoutgoing H.32%alls.

62450 When the value in configuration parameteab.idleDisplay.home is set to point to a URL
with an image, the phones idle displag longershows a break in the border located at the
bottom-left corner.

62664 TheVVX150 phonesnho longerdrop the domain information when sending call setup to the
gatekeeper

62675 Calls placewvith the VVX 1500 using thgRL dialing ne show up in the missed calls list
62687 Disabling local call forwambw stopsthe phone from forwarding calls
62974 Local calforwarding rulesare now disabled whethe feature is disabled

63070 Call Forward CF messages such as Call Fodeatidation:Fwd:<numbermow displaywhen
DND is active.

63262 Whenusing the SoundPoint 650 thal a call using the Out of Dialog REFER based method, the
userno longerneeds to press the Speakerphone key twice in order to terminate the call.
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63277 During a call, a macro which is set to simulasoti keypressno longer displayan error
(appliesto the VVX 1500

63452 When URL dialing is disabled on the phone, transferring call initiated by BLF speed nigal key
longerpromptsagainfor the URL.

63746 Duringfail-back attempt line icon showssunregistered.

64036 Caller IDon the VVX 15080w works properly when both Contact Directory Matching and
Chinese characters are enabled

64190 Enhancedrideo quality during conferences with RMX 1500
6385064430 Initial dialog event NOTIFY after subscribethascorrectversion

64859 When a call is made using SRTP and TLS, the faaendw hear any audi@ven wherthe
SRTP packet sequence counter rolls over to.zero

64896 When Call Forwarding is on, the phame longerupdatesthe display before the server has
confirmed operation & NOTIEY

65014 When avVX 150@hone is provisioned using CMA 5.3, LDAP directory seamcheeturn
meeting rooms names ken searching the CMA directory.

65207 Resolved a mmory leak on the phones in specific call server environswhena call is
answered from a hunt group.

65288 When server side DND is enabled, an incoming call from a white list phone numbevecae
picked

6534564862 One of the callers iso longerdropped when trying tset upa conference between
PSTN users.

65617 When Auto answer is enabled, the phone longersends a 180 response to the server.

65754 TheXML string key key.25.VVX 1500.function.prim=rritio longerdisableshe Menu softkey
or the Menu hardkey (applies tothe VVX 1500

65758 An extra spacéas been removed froraach side of an umlauted character in the microbrowser
idle displayG A rtner instead of GArtner.

65979 The SoundPoirlPphone quick setup menu user name enlrys been seset to numeric
characters ashe default

66027 When thephone bck feature is enabledrying to dial any number will no longer dial the
emergency number.

66106 When a call is made from the phone from the dial pad and pressing the speakerphone key it
correctly selects lin@ instead of line 1.

66217 Directed CalPickup softkey nav works properly (applies tothe SoundPoint IP 650 and VVX
1500.
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66554 During a video catin the VVVX 15Q0Ghe phoneno longerdrops video momentarilywhen there
are periodic offer less rmvites/ session refresh messages from server

66593 When trying to dial an extension of four digits by pressing only two digits, a prompt is displayed
on the phone to enter more digit#¥fter entering the other two digits iho longerappend to the
earlier two digits thereby resulting in a failedll (applies toSoundPoint IP 3xx running
UCS3.3)x

6662166619 Creata configuration parameters that allow phones to perform4aier whena 503
response is received.

66625 Thephoneno longersends three extra registration requests to primary proxyimy faitover.

66626 DNSTTL no longer counts down duringlaitk that fails. TTik reset after reregistering to
secondary.

66666 TheSoundStationP 7000 phone is nev beingprovisioned via FTP wheine Windows 2003
server path MTU Discovery is disable

66964 Local call forward behavior is wavorking as mentiored in the Admin Guide for the parameter
volpProt.SIP.serverFeatureControl.localProcessing.cf

67455 The phone no longer crhssduring registration with TL&pplies toSoundPoint IP 650/670

67622 Phone displaythe correctcaller name irthe user interface where there is a call fraagroup
pickup number.

67633 Added support for the Zerdouch Provisionin(Z TP feature. Note thatfeature should not be
enabled unless the phone has been régyied for use with the associated provisioning system
offered by your service provider.

67641 Pressinghe Drectory soft keyon theVVX 150@phoneno longerredirects tothe Advanced Find
screen automatically.

67642 Whenusing the VVX 1500 to diedntacts from the orporate directoryfor which the dialing
entriesare not filled appropriately, the phona® longerdisplays the attributes ando longer
skips null values.

67753 Phoneno longerplaysringback after the call is timed out.

67867 The phore seizeghe correctline after transferring an incoming call to the line when going off
hook.

67966 When a call is made between twb/X 1508 the answeringy VX 150Qvhich comes up after first
reboot no longerplaysa noise pattern on the screen before piag video.

68063 Thephoneno longerreboots when DHCP failover occurs.
68195 Directed Pickup using star coddsr example*200,*300 nav works on theSoundPointP 650.

68267 When the BLF feature is enabled the SoundPointP650 and there is aractive calla ringtone
heard in low sound within the handskas been removed
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68344 Request Validation featuneo longerrejectsrequests from another (second) server listed in the
configuration files

68376 TheVVX 150 phoneno longerreboots whenthe DND button is pressed repeatedly durithg
idle state.

68382 Thephone showghe correct time wherthe IPaddress on the NTP server is 12 digits

68446 The parametercall.hold.localReminder.startDelay value is nav honored when the
value is less than 60 seconds

68476 The SoundPointP331phoneis now bootable when satith Option 60, ASCII String and DHCP
Server Option 43

69166 Placinga call is on hold in which RFC 3264 directionality attributes are presdohgerresults
in failure of terminating music on hold session.

69421 TheVVX 1500 Iponesno longerfail to pass special character $ in the password via DHCP Option
66.

69671 ThePhonesacceptVLAN ID from DHCP option 129
7002762203 Conference wittGenband CS2000 wowvorks properly.

70988 TheSoundPoint IP 558vhen powered by external AC powao longerrebootswhencertain
audioplayson full volume.

70233 When URL dialing is disabléke user isno longerprompted fora URL when attempting to
transfer call after using directed call pickup of a monitored BLF line.

70317 During an active IVR call, if there is a second incoming call to the santbdipdone nav
sends DTMF.

70456 TheSoundPointP450 phonesnow show the complete text on theicrobrowser screen

71071 The inbound caller IDn the SoundPointP33xnow displays for new caléduring an active call
on the phone. Observed this in version 3.2.5 and 3.3.1

71328 Modifying the phone username via phoMgéebuser interfaceno longercharges the password
from numeric values to ???? (four question marks)

71947 When the phone lock feature is enabled the SourdPoint IP 650outbound calls cano longer
be dialedusing line key, handset, headset aspbakerphone key

72766 When the configuation parameterdevice.set  is set on the SoundPoint IP 650/670 with a
new boot server IP address, it now forces the phone to reboot.

Configuration File Enhancements

Refer toTable8: Software Version 3.3Q2Camfiguration File Parameter Enhancemsfdr a list of
enhancements made tthe UCsoftware version 3.3.2 configuration file parameters.
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Updates to Previous Software Releases

Configuration Parameter Action Property Old Value New Value
call.clickToDial.referBased.userConfirm added accessType Admin

callback DefaultCbNone

cfgParamType param

default 0

help

templates sip-interop

type Bool
call.shared.notifyTransferHoldAsActive added accessType Admin

callback DefaultCbRestart

cfgParamType param

default 0

help

max 1

min 0

templates hidden

type Bool
device.prov.ztpEnabled added callback DefaultCbRestart

cfgParamType param

default

help

max 256

min 0

templates device, site, new

type String
device.prov.ztpEnabled.set added callback DefaultCbRestart

cfgParamType param

default 0

help

templates device, site, new

type Bool
dialplan  .x. routing.server .y. transport changed enum transport

max 256

min 0
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Configuration Parameter Action Property Old Value New Value

type String Enum
dialplan.routing.server X. transport changed enum transport

max 256

min 0

type String Enum
dir.H350.dev.transport changed default TCP

enum dirCorpTransport

max 256

min 0

type String Enum
dir.H350.group.transport changed default TCP

enum dirCorpTransport

max 256

min 0

type String Enum
dir.H350.person.transport changed default TCP

enum dirCorpTransport

max 256

min 0

type String Enum
dir.corp.transport changed default TCP

enum dirCorpTransport

max 256

min 0

type String Enum
mb.main.toolbar.autoHide.enabled added accessType User, Admin

callback CbMicroBrowser

cfgParamType param

default 1

help Enable/Disable

browser tool bar
auto hide feature

templates applications

type Bool
pnet.joinOnAutoAnswer added accessType Admin
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Configuration Parameter Action Property Old Value New Value
callback DefaultCbNone
cfgParamType param
default 0
help
templates video-integration
type Bool

reg .x. outboundProxy.failOver.onlySignal added callback CbReg

WithRegistered cfgParamType paramArray
defaultAll 1
help
numReplacelMax Const_NumLineR

g
templates reg-advanced
type Bool

reg .x. outboundProxy.transport changed enum transport
max 256
min 0
type String Enum

reg .Xx. server .y. failOver.onlySignalWithR added callback CbReg

egistered cfgParamType param2DArray
defaultAll 1
help
numReplacelMax Const_NumLineR

g
numReplace2Max Const_NumServe
templates site
type Bool

reg .X. server .y. transport changed enum transport
max 128
min 0
type String Enum

sec.srtp.newContextOnResume added callback DefaultCbRestart
cfgParamType param
default 1
help
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Configuration Parameter Action Property Old Value New Value
templates hidden
type Bool

up.simplifiedSipCallinfo added accessType Admin
callback DefaultCbNone
cfgParamType param
default 0
help
templates new
type Bool

volpProt.SIP.dialog.strictVersionValida added accessType Admin
tion callback CbSipStack
cfgParamType param
default 1
help
templates new
type Bool
volpProt.SIP.failoverOn503Response added callback CbSipStack
cfgParamType param
default 1
help
templates sip-interop
type Bool
volpProt.S  IP .outboundProxy.failOver.onl added callback CbReg
ySignalWithRegistered cfgParamType param

default 1

help

templates sip-interop

type Bool
volpProt.SIP.outboundProxy.transport changed enum transport

max 256

min 0

type String Enum
volpProt.S  IP .serverFeatureControl.misse added accessType Admin
dcalls callback DefaultCbRestart
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Configuration Parameter Action Property Old Value New Value

cfgParamType param

default 0

help

templates sip-interop

type Bool
volpProt.server x. failOver.onlySignalWwi added callback CbReg
thRegistered cfgParamType paramArray

defaultAll 1

help

numReplacelMax Const_NumServe

templates sip-interop

type Bool
volpProt.server X. transport changed enum transport

max 256

min 0

type String Enum
voice.gain.rx.digital.headset.IP _330 added callback DefaultCbRestart

cfgParamType param

default -12

help

max 1000

min -1000

templates techsupport

type Sint
voice.gain.rx.digital.headset.IP _335 added callback DefaultCbRestart

cfgParamType param

default -9

help

max 1000

min -1000

templates techsupport

type Sint
voice.gain.vol.ringer.gain.adjust added callback DefaultCbRestart

cfgParamType param
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Configuration Parameter Action Property Old Value New Value
default -9
help
max 1000
min -1000
templates new
type Sint
voice.headset.rxag.adjust.IP _335 added callback DefaultCbRestart
cfgParamType param
default -11
help
max -11
min -1000
templates new
type Sint

Understanding Updates to UCS3.3.1F

This section lists additions and changes, removals, enhancements, and coidigtilatparameter
changes tdJC Software version 3.3.1F beside their respediviycom tracking ID number.

Enhanced Capabilities

66743 Phones may be vulnerable to Denial of Service attacks when used in cemdigurations.

Sending HTTP GET requests with a broken authorization header can produce a device restart

under certain circistances in certain models of phones. For full details, ref@retchnical

Bulletin 6673.

Understanding Updates to UCS3.3.1

This section lists additions and changes, removals, enhancements, and cordigiilatparameter
changes tdJC Software version 3.3.1 beside their respective Polycom tracking ID number.

New or Enhanced Features

50065 Added supporto the VVX 150 for CMA presence.

52476 Added support for Premium extensions to server synchronized ACD feature.
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55061

58888

59000

60306

61343

61389

61861
62115

62259
62775

Updates to Previous Software Releases

Added support for the Team Function feature. This feature eddeghe compatibility of

statically configured Busy Lamp Fi¢lBlF) to operate in a system requires the use of two URIs
one for call operations and another one to subscribe for notification of dialog events. It also

provides Ringing Indication and a Directed call-pelcapability in a system that does not

generateRFC 4235 compliant dialifo+xml documents.

Added the ability to trigger a reboot (or configuration update) from the microbrowser.
example <softkey index=3 label=Reboot action=Action:UpdateConrfig /

Phones now ignore BLA dialog docunsefvia NOTIFY) that are reflected to User Agents that are
party to the dialog.

The server certificate Serial Number SN is now verified against the serve@£Forgcord
domain names if the SRV record domain does not match the SN

Phones now mvide a configurable parameter that allows the verification of the authentication
tag to be disabled for received SRTP packets. The purpose of this is to allow system
administrators to resolve defects in other endpoints where the authentication tag is not
computed correctlySupported parametersec.srtp.noAuthRxRTP

During the802.1x- EAPOL Logofthe phone will recycle the LAN link (e.g. it will bring it down
and up in an interval of one second) upon detecting a PC link down event. This skeathéorc
802.1X switch to refresh the authorized port state and start to send request for identity
challenge messages. The associated configuration parameter is
sec.dotlx.eapollogoff.pcforcelanlinkreset with values0 - Never recycle LAN link
and 1- Phone wil unconditionally recycle the LAN link upon detecting PC link down event

Corporate Directory LDAP initialization supports the bind authentication.

Thephones now display the full text strings of the Phone Lock feglapplies toSoundPoint IP
320, 321, 330, 331, and 3B5

The phonesiow display the Call Forward destination on Idle Display.

The toolbar slideout option is now configurablen the VVX 150. The associated configuration
parameter isnb.main.toolbar.autohide.feature

1 - feature is enabled (default)

0 - feature is disabled. The Autohide enable/disable buttons are no longer visible to the user in
the toolbar.

Enhanced Capabilities

44337
55794

56491

Configured characters ;, /, ?, &, =, ~\%te nav escapedn INVITE messages.

The SoundStation IP 6000 and 700i@ones no longerreboot upon receiving a call with incorrect
SRTCP indices.

As of9P3.2.x the screemo longerdisplays thdPaddress of the server when disabling the Call
Forwarding feature using a # cade
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59824 The phone nav change all of the menu option labels into the selected language.

59843 On theVVX 150, the caller ID correctly displagduring an active call after switching
(exchanging) valid logon credentials betweei phones.

60015 Phoneno longersemds RTP media for 2.4 seconds after call is declined with 603 Decline.

60175 When using the Contact Directory speed dial, the left and right arrowkeysngerincrement
and decrement the index unexpectedbppliesto SoundPoint IP 320, 321, 330, 331d &385.

60514 Theuserpassword camow be changed by an administrator if the old password is unknown.

60572 An EFK softeyno longerrequires at least one valid entry irfk.efklist & configuration in order
to be enabled.

60645 The VVX 18Dphoneno longerresets to previous values in the Edit contact menu when the
mode is changed from Tel to Url.

60761 The Transfer and Conference skdlyson the SoundStationP5000and 6000 are no longer
absent upon the 8th active outgoing call.

60788 When operaing with a sipX server, there is mamusic on resume from a double Music On Hold
(MOH) between two phones.

60814 The Login soft kegn the SoundStationlP 7000 now displays when
feature.acdLoginLogout.enabled is set

60831 Ringback ton@o longercontinues to play for 30 seconds after the SoundStaliR000 phone
sends a BYE message.

60848 After invoking the Update Configuration menu option, the phone meturnsto the idle screen.
60897 The Custom Ringer Types marulongeruses the file nameather than configured name.

61030 The Buddy Watch presencew workson the VVX 180Dphone after it boots initially with
volpProt.H323.enable =1.

61031 Active call nw hasa timer when attempting to transfer or conference the dalpplies to
SoundPoint IP 450, 550, 560, 650,)670

61041 The Call Server Configuration Menundisplaysh LJGA 2y a4 OMXI HX X0 gAGKAY 0
(applies tothe VVX 1500

61042 The Directed call pielgp feature nav workswhen the SUBSCRIBE message expires=0.

61046 The Saved Certificate prompt ismmghown when a new CA certificate is downloadapplies to
SoundPoint IP 320, 321, 330, 331,,3% SoundStation 5000 and 7000

61088 The VVX 18Dphoneno longerfreezes and reboots after making a call with
tcplpApp.port.rtp.forceSend =1024.

61090 The configuration parametefolpProt.SIP.musicOnHold.uri is nav updatedafter a
configuration change.
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61095 While dialing a URL using the-screen keyboardn the VVX 150, the first entered character is
no longerunexpectedly deleted.

61102 TheHandset or Speaker icon no longer appéastead of the Ringer icon when you adjust the
ringer volume while th&oundStation 500 angD00phonesareidle.

61104 With a shared line configured on the VVX @pBone, activity @ the remote shared linao
longercausesthe idle browser content to cycle off then on.

61114 TheVVX 150 phone boost-up with the DHCP VLAN 256 DVD option
61115 Cannow answer calls after a configuration update is invoked.

61242 The configuration parameteslpProt.SIP.useCompleteUriForRetrieve updates aftera
configuration change.

61246 ThevolpProt.SIP.allowTransferOnProceeding XML schema listhie correcttype as
stated in theAdministrator<Xuide.

61273 Joining calls intalocal conference when 1 leg is a remotely held BLAnkve maintainsaudio
between both remote users.

61314 The number of characters for custom nanies been extended to 127 frof?.

61367 When dialing a number with a + sign, e.g. +492101099210, userepsoav added to the To
header.

61677 The VVX 18Dphoneno longerescapes the % character as %25 when is present in the
destination of a call.

61723 The VVX 18Dphone isno longermissing the first string?xml version=1.0 encoding=&tf> in
FAST UPDA reques.

61779 The phoneno longerreboots spontaneously fronthe idle state or iRuse state.

61904 A call is placed with the correct signaling protomoithe VVX 150 when the line is configured
as dual line protocol.

62036 TheSoundPointP320and330 phonesnow sendDTMF RTP EVENTS when receiving a second
incoming call during an active primary call.

62114 The wser camow unlock the VVX 1%phone after the phone is locked with a password
containing letters.

62325 Chinese characterso longercausethe VVX 150 phone to become unresponsive to user
requests.

62333 Thecorrect Chinese characters are displayed in the reboot nwenthe VVX 150.

62417 When an offhook event is received from the headset base station, the phanngersends
three everts to the base statiom DHSG headsets and platforms.
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62453 The honeno longerdisplaysa ghost call appearance labeled Unknown Pargyrémote party
is held whilethe reorder tone is played locally.

62490 Enabling the Screen capture function whiltp d.enabled =0 no longercauses the phone to
freeze and reboot.

62576 The phone nw rebootsin order to pick up newip.ldfile after an Update Configuration is
invoked from the menu.

62642 The phoneno longerplaysadial tone and RTP media when resumingaarall held at another
phone.

62704 BLA presence nmorecoves properly on the monitoring phone when the LAN cable is
disconnected and then reonnected.

62906 The phone correctly provisismusing the HTTPS protocol option when using a server certificate
with an older MD2 digest message algorithm.

63076 Phoneswith BLA lines are moable to establish more than 10 outgoing calls.

63214 The phoneno longerrebootsif it receives more REFERS thaj.x.callsPerLineKey is
configured for.

64742 Using a dial planontaining #when a user goes cffook and dials #1#2#e phonenow sends
out an invite message containir®231%232%23

Configuration File Enhancements

Refer toTable9 : Software Version 3.34d Cafiguration File ParametdEnhancementsor a list of
changes inanfigurationparameters The list applies only to the changes made sli€& 3.3.0.

The configuration files, their respective parameters and defaults, as well as theipningsmethods
have been simplified but extensively modified starting from UCS 3.3.0.

Before installing the software, it is highly recommended that you first familiarize yourself with the
changes outlined in th&dministrators Guide for the Polycom® UC Softw&8.0 and Technical
Bulletin 60519

Table9: Software Version 3.3.& Canfiguration File Parameter Enhancements

Configuration Parameter Action
attendan t.resourceList.x.callAddress added
attendant.resourceList.x.proceedinglsRecipient added
device.cma.disableTIsForDebug added
device.cma.disableTIsForDebug.set added
dir.H350.dev.bindOnlnit added
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Updates to Previous Software Releases

Configuration Parameter Action
dir.H350.group.bindOnlInit added
dir.H350.person.bindOnlInit added
dir.corp.bindOnlInit added
feature.acdPremiumUnavailability.enabled added
reg.x filterReflectedBlaDialogs added
sec.dotlx.eapollogoff.pcforcelanlinkreset added
sec.srtp.noAuthRxRTP added
volpProt.S  IP .allowTransferOnProceeding changed

Understanding Updates to UCS3.3.0

This section lists additions and changes, removals, enhancements, and configfilatmrameter
changes tdJC Software version 3.3.0 beside their respective Polycom trackimgnber.

New or Enhanced Features

23335
24111

23394

35245

38826

48138

Configuration parameter values can now be updated attioe.

Enhancedhe user interface for selecting a distinctiiagtoneassociated with a contact in the
local directory. You can now review the ring name and playititgone before accepting and
associating theingtonefor specific contacts.

Configuring parameters are now sebintained (default parameter values)@the configuration
process is more fautblerant.

Line key behavior (configurable) has changed such that keys can now be used-to hang
up/terminate calls as well as establishing calls. The associated configuration parameter is
up. lineKeyCallTerminat etype=Booldefault=0 min=0 max=1

Added configuration parameters to expand the range of ports as well as to randomize port
selection for the purpose of downloading configuration files to the phone using TCP
connections.

Added support for dynamisupport of G.729AB and iLBC codecs. G.729AB (apBlis to
SoundPoint IP 320, 321, 330, 331, 335, 450, 550, 560, 650, 670
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48526 Simplified selection of codec configuration preferenc@seTechnicaBulletin 60519for more
information. Thischangeis not backwardcompatible to configuration files used with previous
software releases.

48690 Added the ability for users to lock the phone and restrict its access from unauthorized users.
Users must enter a PIN in order to access and use the phone. R€jaidio Tip 5721fr more
informationregarding this feature and configuration.

49658 Added configuration parameter to allow the phone to obtain Caller ID fronhthe heade
instead of the PAssertedidentity segment. The associated configuration parameter is
volpProt.SIP.CID.sourcePreference = RAssertedldentity, RemotePartyID, or From

50067 Local contact directory now matches the Polycom CMA products style and ussieexe.
50151 Removed redundant levels of abstraction associated with arragsrifigurationfiles.

50644 Enhancedhe visual indicator of incoming catie theVVVX 150 for the hearing impaired. Upon
receiving an incoming call, the phone will ring ahd display will flash on and off with a bright
orange and white screen. This visual indicator can be seen even when the display is viewed at an
indirect angle. The associated configuration parametepiaccessibilityFeatures =1.

51121 RAM disk configuraiin parameters have been optimized.

51314 Added a configuration option to allow for minimal latency in order to meet JITC requirements.
The associated configuration parametewdsce.txPacketDelay
Normal or NULL (default) = no change to Tx latency; ltaw=lelay

51523 Added the ability to scroll horizontally caller ID information (if it is truncated when the number
of characters in the caller ID string exceeds the capacity of the display).

51446 Added configuration parameters supporting TLS cipher suite

51594 Digit map replacementso longer need to beeflected in the placed calls list.
51725 Added support for G.719 audio codec in H.323 ¢afiplies tovVVX 1500
51979 Added support for asymmetric audio codecs

52253 Configuration parameter values modified by an administrator logon credential using the phones
Webserver are not permitted to be altered by user level logon credentials.

52493 Added support for MD4 encryption key (OpenSSL).

52532 Phones no longer invokeraboot during the uploading of override files as a result of an
unresponsive provisioning server (after a timeout).

52864 Enhancedhe user experience of confirming a Local Directory Se@gplies toSoundPoint IP
320, 321, 330, 331, and 3B5

53021 Added support for NTLM version 2 authenticatfoima XMPP, LDAP and HTTR¢s)use with
CMA.

53023 Edit fields have been expanded to display additional confaplies tovVVX 1500

62


http://supportdocs.polycom.com/PolycomService/support/global/documents/support/technical/products/voice/Simplified_Configuration_Improvements_in_UC_Software3_3_0_TB60519.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/technical/products/voice/Phone_Lock_Feature_QT57215.pdf

53231

53417

53703

53932
54037

54045

54098
54167

54301
54308

54678
54928

55028

Updates to Previous Software Releases

Added a configuration parameter to control the behavior of terating a 3way conference by
the conference initiator. Options now include either terminating all conference legs or allowing
the other parties to stay connected.

Implemented a slider bawn the VVX 150 for adjusting levels in various menu screens.

Added the ability for phones to send an 802.1x EAPOL Logoff message on behalf of an attached
PC when the PC is disconnected from the data port.

Presence and BLF is supported on Avaya CS2100 soft switches.

Attempting a Transfer / Conf @held party while in active call is now consistent with all
phones.

Registration parameters can now be modified and activated without requiring the phone to
restart or reboot.

Added the ability to automatically upgrade the BootBlock sectiath@BootROM.

The BootROM and application software versions may now be obtained by using-boaah
Web interface.

A timestamp is displayed in Call Lists alongside the Caller ID.

The navigation keys can now be used as a spin box cdabitity to select values using the up
and down arrow keys) for numeric fiel@pplies toSoundPoint IP 320, 321, 330, 331,)335

Phones can now be deployed with a fet language. This supports eaftthe box localization.

Added a new API Tephony Event (XML) which is sent to the attached application upon a
successful line registration with a PBX.

The maximum size of the contact directory contact field has been increased to 128 to
accommodate complex dialing scenarios.

5504057981 Adddl the ability for administrators to install custom device certificates. The

55068
55318
55334
55490

55508

55509
55510

administrator can add private and public keys (certificate) via TLS links.
Added support for Null Ciphers to be used with TLS Authentication.

The Advanced LDAP Searcteen now supports languages other than English.
Added the ability for the tool bawn the VVX 150 to hide automatically.

The configuration Web interface has been expanded to include parameters associated with
security.

When a precedenceall is offered to the phone, it now rings with a corresponding precedence
ringtone.

When a precedence outgoing call is initiated, a precedence styldodaok tone is generated.

The DSCP Differentiated Services Code Point levels for staartthptecedence level calls are
aligned.
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55513 The current precedence level of a calhasv displayed.

55546 The following diacritic letters and ligature are now supported (language option selection) and
can be displayed without having to change the chamaencoding schemi 6, ii / A, O, U.R

55745 Phones now generate a MLPP resoyocierity Header based on the dialed number.
55985 TheSoundPointP7000 now dsplays the LogOut soft key when configured to be enabled.
5666656668 Added dynamic codeswitching.

56790 Enhancedhe computation of jitter buffer parameters based on received Quality of Service QoS
and expected payload size values.

56944 Enhancedhe ability for application developers to implement changes to the pi®ne
configuration. Configuration parameters can be modified viawhebinterface. TheEnhanced
method also eliminates the need to reboot the phone in order to register the changes.

57504 A new Warble.wav file is available which can be configured as anlauttiger for incoming
calls. This file will generate a loud ringer tone for phones deployed in areas with a high ambient
noise background.

58103 The default maximum call data ehas been increased to 768 kbps from 512 on\he& 150.
58156 The user vido call rate setting parameter value options have bebkartenedon the VVX 150.
58758 Enhancedhe rendering performance of the browsen theVVX 150.

58764 Added the ability of uploading configuration files representing the phones current set of
configured parameter values to the provisioning server.

59307 Added a diagnostic menu option that enables the display of configuration file statistics.

60316 Added an option in the user interface that allows the user to invoke the phone to force it to re
configure itself based on newly administered configuration file parameter values.

60353 Custom ring classesg(rt ) can now be set to a maximum value of 17.

60363 Custom ringer chordsone.chord.ringer.spareX ) can now be set to a maximum value of
19.

Discontinu ed Features

5020053590 Removed configuration parameters that are no longer required for custorméajiped
graphic indicator icons.

56209 Removed support for the SoundPolR430.

59917 Removed support for the animated idle display images (statididf@ay images are still
supported).
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Enhanced Capabilities
33425 On theSoundStationP 7000, userscan nowreply to instant messages.

42509 Cannow invokethe gpeed dial list using thelp Arrowkey when first call is kept on hofdpplies
to VVX 1501

43660 URL addressam the SoundPointP330 are now saved inthe call list entry. When the phone
receives a URL call fromIBRXxx.Xxx.XXx.XxX, the phoneweavesthe incoming URL call
address into call list entry

44034 On theSoundPointP330, the airsor nav blinksin hot dial prompt.

44278 The phone number ne displays correctly on a line key when the number of digits exceeds 10.
44478 Configurable soft key features wavork on the VVX 150.

44889 The Polycom bitmapped logo walisplays on the Soun@&ointIP330 idle screen.

45013 Phoneso longerreboot after a checlsync request when a call is held and a new call is initiated
and then cancelled.

47135 Casing of current encoding indication at title In@w match corresponding soft keym the VVX
1500.

47542 The URL entry fieldn the VVX 150 allows for32 instead of onl28 characters.

48228 TheContact Directorynow has a functional Mew Entry option anda correct Navigation Cluster
Guide NCG while dialifgpplies toSoundPoint IP 320, 321, 330, 331, and)335

48257 The dfault background imagen the VVX 150 now displays after the following sequence of
events select an image file, followed by selecting an invalid image (file not found) and select the
default backgound image.

48463 Cannow view JPEG images with file extensions .jpe oKaffiplies tovVX 1500
48701 The touchscreenno longerdisables during keypad diagnostigapplies tovVVX 1500

48776 Scrolling in the Ethernet memo longercausesthe selected highlighted item to be positioned
at the bottom of the screeifapplies tovVVX 1500

48840 Pressing the Slower and Faster soft keydongercausethe update cursor to advance
immediately.

49331 Audio isno longerlost when disabling the malsfree mode while on a speakerphone call
(applies tovvX 1500

50812 Changes to configuration options ame longerost without warning if you exit from the Settings
menu without passing through confirmation dialog.

50855 An error message is nongershown when a contact is saved with an empty contact number
(applies toSoundPoint IP 320, 321, 330, 331, and)335
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50920 Phonesdisplaya correct contact upon pressing the speed dial line key while editing the contact
entry (applies toSoundPoint IP 32023, 330, 331, and 335

50922 Dial plan na applesafter editing a call list item and attempting to dial the number.

50969 The language displayed for a Missed call notification abangewhen the option is changed
to another language settin@pplies toSoundPoint IP 320, 321, 330, 331, and)335

50997 Upon pressing a line key, the phonemdialsthe stored hot dial numbefapplies toSoundPoint
IP 320, 321, 330, 331, and 335

51152 Back arrow nw worksas backspace when in the Display and Touch Ser&gnostics or
Media Statistics screerfapplies tovvX 1500

51237 In the Server Menu, the Server Password optioHongeraccepts digits instead of characters as
the default (applies toSoundPoint IP 320, 321, 330, 331, and)335

51656 Interactive microbrowsewill nowtimeout if mb.main. idleTimeout > 600

51664 TheVVX 150 phoneno longerenters LCD Powatown mode in 3 to 4 minutes instead of the
time set bypowerSaving.userDetectionSensitivity.officeHour s=0.

51669 After both $PandH.323 Call Server parameters in Admin Settings are reconfiguréue VVX
1500, only one dialog methoi$ nowoffered to exit. A reboois no longerrequired.

51947 Cannow delete the URbn theVVVX 150 by selecting it righto-left and pressing the baskace
key.

51993 Cancelling the deletion of a contawd longerappends an ellipsis to that contacts entry in the
list (applies toSoundPoint IP 320, 321, 330, 331, and)335

52212 The phone nw restartswhile another extension on a shared line is in use. The phorenger
thinks it is active on a call.

52374 Options in the Forwarding menu ane longerappended with an ellipsis after returning from
the selected option.

52438 Typing in a fully filleddid nolongerprevent the cursor from advancing and overwriting existing
content (applies toSoundPoint IP 320, 321, 330, 331, and)335

52447 After placing 21 encrypted calls on hold, M&X 150@honeno longerlocksup and reboots at
the 22nd multipleencrypted call.

52590 The Add Video soft kdg no longelaccessible when flashing the POTS line to make a second
POTS calWwhile playing dial tone for second POTS call, pressing the Add Video soft key and
dialing a video numbemo longercausesthe HDX ¢ lockup and reboot(applies toSoundStation
IP 7000.

52629 The phones accept tel URs agel://number andtel:numbet

52655 Upon disabling the directory, saving a contact from the corporate directory to the directory file
no longercauseathe saved contact to reuse the speed dial index starting from 1.
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52690 The Add Phone soft key hangerappeaswhile the Call Type is set @onferenceSPand the
phone is rebooted without a network connectigapplies toSoundStation IP 70D0

52772 In theCorporate DirectorywhensortControl =1, a quick search on multiple searchable
attributes no longercauses the entry list to display itenthat are not starting from the
beginning.

52851 Cancelling the Directory Search configuration chamg&®ngerappends an ellipsis to menu item
label(applies toSoundPoint IP 320, 321, 330, 331, and)335

52895 Enabling the Call Forwarding feature without entering a contact numbdongercauses it to
fail (applies toSoundPoint IP 320, 321, 330, 331, and)335

52896 The Forwarding status field in the Forward menu option screemawrectly corresponsito
the actual call forwarding statu@pplies tcSoundPoint IP 320, 321, 330, 331, and)335

52945 In the Corporate Directorywhen performing a quick search, the Select/Submit indicator in the
Navigation Cluster Guide disptagorrectly.

53066 When hot dialingon the VVX 15QGhe white screemo longerflashes after pressing the Dial
soft key, termination keyand dual line key.

53104 When an attempt to change the language option fails, the list of available language options are
now sorted correctly.

53447 Initiating a URL based hdtal by pressing the # or * keyn theVVVX 150 no longercauses an
invalid character to be inserted in théPRUJRL.

53679 The Back soft keyn the VVX 150isno longeralways present in the APP menu screen.

53953 In the LDAP featwron the VVX 15Q0Ghe Scroll icons for navigating up and down pages no
display when the last contact in the search list is reached.

54131 The SoundStation IP 50p80one nav displaysthe Volume control while the ringer volume is
being adjusted in Quick Search mode.

54175 The Swedish Group soft keynis longertruncated the visible portion translateproperly.

54219 Phonescannow establish a link when connected to some switches wiheth phone and switch
are configured for 100Mbits/Full Dupléapplies toSoundPoint IP 560 6Y.0

54292 On the VVX 1500, thaformation in the Line status menu accurately reflects the Gatekeeper
address in use by the phone

54343 Added the ability tesawe changes to text diPentry fields while in theAdmin Settings menu
after viewing thewebbrowseron the VVX 1500

54356 The Delete key on the VVX 1500 does not disthesgharacter selection control or prevents
character entry in the browser.

54614 TheVVX 150, upon originating a conference calb longershows a blank black screen instead
of the No Videa crossed out camera image, while the call is on hold.
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54616

54617

54638

54656

54720

54727

54735

54756

54757
54834

54876

54949

54966

54988

54993

54995
55001

55002

55005

When DND is enablezh the VVX 150 on both $Pand H.323 lines, dBcallno longer
generatesa busy tone andraH.323 call wilho longergenerate a reorder tone.

While listening to a fast busy tone, if an incoming call is offered, the speaker h&Diger
turned off even though the fast busy tone is still present.

Openig and closing th#&Vebbrowseron theVVX 150 no longeresets ABC/abc/123 and
encoding soft keys

The hone nav displaysanx/y indicator when multiple calls are active if the Time and date
display is disabled.

Placing the handset ehook no longerunexpectedly closes the Audio Diagnostics menuhe
VVX 150.

Invoking the Abc/ASCII entry mode theVVVX 150 capitalizes entered letters properly in the
Corporate Directory search field.

Upon pressing the VIDEO lkaythe VVX 150, the focus nev changeto Active Conference
pane.

The VVX 18Dphonecandisplay the dialing screen when an alpha character is configured and
entered into the contact field followed by a call to the specified contact.

The Callimer on theVVVX 500 displays aorrect duration value.

TheVVX 150Mo longerconnects with audio only when an MGC IVR Video Welcome Slide is
used.

Inter-digit DTMF signaling interval wanatchesthe tone.dtmf.offTime setting.
An unassigned soft key longeroperates as a Dir soft keyn the SoundStationP 7000.
The Lin16.16ksps codaow engagssif it is the only supported codec

The wer is nowable to make additional changes to the selected item in the Prioritize
Background menu aftenaking an initial selectioapplies toSoundPoint IP 450, 550, 560, 650,
and 670.

TheSoundStationlP 7000 phoneno longerdisplays Enter name instead of Enter URL in the
Install Custom CA Cert menu.

Pressing the # key while in an idle ctdite no longerdisplaysthe character in dial screen.

The Backspace soft kep longershowsat left edge of a dialedIBURL(applies toSoundPoint IP
320, 321, 330, 331, and 3B5

The user is nowable to presandhold the Backspace soft kéy clear the contents of the dialing
fields (applies toSoundPoint IP 320, 321, 330, 331, and)335

Theuser Interfaceno longerbecomes corrupte@vhenchange the language while kdtaling
(applies toSoundPoint IP 320, 321, 330, 331, and)335
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55017

55039

55053

55063

55094

55129

55139

55271

55287

55297

55313

55339

55340

55375

55423

Updates to Previous Software Releases

Soft keysno longerdisappear from a shared line when a hold/resume operation is performed on
another remote shared linGapplies toSoundStation IP 5000 and 6)00

Auto Rejechow functionsas expected when the feature is enabled through the @oint
Directory when an Alphaharacter is present in the CONTACT fiefrplies toSoundPoint IP
320, 321, 330, 331, and 3835

The Navigation Control GroydCG Indicatorno longershows theright-pointingarrow even
whenthere are no calls in the ddists.

The Page up arrowow functions correctlywhen the Server menu is highlighted and the DHCP
client is set to disabled.

It isno longerpossible to select a disabled menu item using the * kegultingin a nor
functional Edit soft key.

When taking the phone offiook and dialing the # key, then® longerdisplaysin the Enter
more digits fieldapplies toSoundPoint IP 320, 321, 330, 331, and)335

The Transfer and Conference soft keysthe SoundStatiolP 7000 now displaypon an 8th
active call

The user can nowiew the full date when the phone is configured for Norwegian language
Norsk (neno) (applies toSoundPoint IP 320, 321, 330, 331, and)335

The Please Enter a Cootgop-up no longer shows upnexpectedly when adding/editing
contacts.

The ghoneno longerdrops the incorrect call if the user selects (on the phone Ul) a held call and
then attempts to terminate the active call (e.g. by placing the handset on)hook

Anaudio and vdeo conference call appears asiaglevideo call(applies tathe SoundStation IP
7000.

The Routing soft keyan the VVX 150 now displaycorrectly when the CaPark feature is
enabled.

Resuming a conference while running the Slide Show applicatidhe VVX 150 no longer
causes the user interface to become dysfunctional.

The user cano longerlaunch picture framen the VVX 150 while a recording is in progress
causing the USBuUBy icon to disappear.

The Outgoing Call control interfaca the VVX 150 now displaysvhen the Speed Dial Contact
Enhanced Feature Key macro fails to execute.

Thecorrect soft keys and user interfadéesplayson the VVX 150 after exiting thescreen that
was previously opened from the icon in the status bar; while hot dialing digits.

69



Polycom UC Software 4.0.1 Release Notes

55457

55477
55478
55485

55514

55560

55641
55697

55644

55907

55911

55929

55964

56046

56057

56147

56156

56161

When the dual protocol line is registered only to the gatekeeper and not tolthse®veron the
VVX 150, thisno longercausesot-dialed $PURLto callvia H323and dalog optionsto appear
when a hot dial URL call is attempted.

SRTP Key renewabw occuis during local conference calls.
DHCP VLAN Discovery (DW®)onger reports asot active when it actually is.

The Camera Settings\#&asoft keyon the VVX 150 no longeloses its contexsensitivity upon
second visit to the menu option.

Calling into a Video Serven theVVX 150 no longercauses the phone to connect the audio
portion of call but does not establish a videonnection.

On occasion, the VVX 1Bphoneno longerdisplays an incorrect call duration timer vahvéile
on an H.323 call to an RM2000.

The Yaxis autescaling of the Network Load graph theVVVX 150 is now accurate.

Phoneno longe rejects call with 486 ifNOTIFY:Alerting  is received before the INVITE and
reg.x.lineKeys andreg.x.callsPerLineKey issetto 1

The VVX 150 now uses the correct routing protocol wheialihg an LDAP contact from the-on
hook state via termination

Onthe VVX 150, typing a or #o longercauses the oscreen keyboard to unexpectedly close
and discard any edits.

Changing the text entry modw®o longercauses the backspace soft key to disapgepplies to
SoundPoint IP 320, 321, 330, 3ahd 335.

Pressing the down arrowo longeraffectsa change on the Navigational Cluster GUNEG
(applies toSoundPoint IP 320, 321, 330, 331, and)335

The VVX 18Dphoneno longerseizesthe only unregistered share line using the New Call soft
key, speaker and headset function key.

The default value of the Sound Effect Destination parameter settingwgemoved from the
override file when a new value is selected from the menuanpti

Phoneso longerde-registered upon receiving a large number of NOTIFY messages for watch
buddy enabled contacts.

Adding Contact#® the SoundPointP550and 670 that are longer than 10 characters or
numbers are ndongertruncated on theidle screen.

The abc/ASCII strinp longerremains in the title baon the VVX 1508fter leaving edit mode
for a menu item.

Emergency numbers matched agaidstiplan.routing.emergency.x.value are nov
sent to servers listed idialplan.routin g.emergency.x.server.y
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56168

56294

56289

56333

56334

56338

56381

56401

56678
56708
56787
56788

56797

56809

56827

56868
57146

57368

57369

Updates to Previous Software Releases

When adding more than 7 characters and/or digits to a local contact directory entiiye
SoundPointP450, the characters and/or numbers longeroverlap on the idle screen, when
they should be truncated.

TheDutch_Netherlands  localization nav displaysthe correct default 24 hour time format in
9P3.2.x

Label text is10 longerdrawn past the edge of the speed dial label on the display next to the key
(applies toSoundPoint IP 550, 560, 650, 70

TheSoundStationlP5000 phoneno longerreboots automatically when lease time expires after
disabling and enabling the DHCP server.

Thephoneno longerplays a short burst aingtone upon switching initiating a call sequence of
transfer, conferenceanitiation, and then cancels.

TheSoundStationlP 7000 phoneno longerreboots when the user presses the Manage soft key
during an 8way MP call plus 1 audio EP conference.

The conference phonasow accept a DHCP offer that do include the tarating END (OxFF)
option (applies taSoundPoint IP 5000, 6000, 7000

The Admin password length the boot menuand Menu > Settings > Advanaagnunow
match.

Local contact directory entries now store up to 32 characters instead of only 31.
The $PURL dialing field accepts up to 32 charachesseadof 256.
Thephoneno longerplays a short tone while retrieving a parked call using an incorrect contact.

The contact field of the local contact directory now accepts 128 cbarsinstead bonly 32
(applies toSoundPoint IP 320, 321, 330, 331, and)335

TheSoundPointP450 Admin Settings suinenus correctly display the titles in a white
background box.

The configuration parametesice.audioProfile.Lin16.48ksps. payloadType has a
defaultvalue of 1Binstead of 19.

The soft keys associated with Conference Remote PidikewyCall, Transfeand Conf soft keys
on the SoundStatiolP 7000 are no longemissing when the conference call is split.

PublishedCDP power values in TB 48152vmoatch actual measured consumption

The phoneno longerfreezes and reboatwhen it receives an INVITE message with special
characters in the FROM header and the call is placed on hold.

The second contact in tHeocal Contact Directoign the SoundStation IP 5006no longer
highlighed when it is selected.

The Contact entry in the Local Contact Directomylongertakes a long time to displagpplies
to SoundStation IP 6000 and 7000
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57398

57443

57597

57615

57849
57863
57958

58023

58172

58197

58296

58362

58464

58498

58509

58520

58574

The ghoneno longerdisplaysPlease enter a contapbp up message after adding a contact in
the local contact directory.

The displayn the SoundStation IP 6000 and 7000 longerflickers while making an outgoing
call.

Using theVVX 150@hone with anHDX, the phone ne transmits video upon resuming a SIP
call.

The autohide featuren the VVX 1500 nownctionswhen PIN is pressed while the tool bar is
sliding down out of view.

The ghone nav acquiresthe correct VLAN using LLDP on occasion from a bootup.
Thephone accepta DHCP END (0xFF) option in a DHCP INFORM response.

In the faitover feature, while reregistering, there i®o longer @32 second delay before sending
INVITE to the thd server.

A call into a 3COM VCX audio conference sevhen using the/VX 150 no longercausethe
phone to reboot.

Hot-dial numberso longerdisappear from the screen if there is an incoming call during the
outgoing hotdialing state(applies toSoundStation IP 5000 and 6000

After upgrading from 3.0.0 to 3.1.3 ReWdgre is no longea delay in the audio signal when
answering a call using the speakerphone.

H.323 digitmapno longer routes filesvhen thereg.1.lineKeys configuation parameter has
a value of greater than 1 andg.1 is assigned alBnumber (applies to VVX 1500

Initiating a URL hedlial call by pressing the # or * kep the VVVX 1500 no longeauses the
Enter URL dialog to payp with the # charactealready inserted into the field, even through the
# character is not a validFBURL character.

A Contact camow be saved from a Corporate Directory search result into a local directory. This
is as a result of not checking the correct attribstechasPvs H.323.

Within there-registration on failover feature, Subscribeow triggersthe failover. The phone
now sendsthe register request to the second server after received an ICMP from the primary
server.

Within the Reregistration o failover feature, the phonao longersends an extra Register
request to primary server after the first faolver.

Resolved ani-directional Video Streaming interoperation issue with Siemens Video Desktop
Client ODapplies tovVX 1500

The SoundPointP650 phone nav validates an existing registration when it is registered with a
BroadSoft server.
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58619

58782

58785

58787

58874

58906

58907

58908

58913

59129

59262
59308
59430

59561

59737

59777

Updates to Previous Software Releases

The Ine no longerbecomes unregistered when an invalid name and password is entered from
the menu options on the phone. The line becoruesegistered until the phone is rebooted.

The phone setthe Call Control 802.1Q Priority correctly when using TCP. The value is set
correctly when using UDP.

TheVVX 150 phonenow appendsthe MAC address to HTTP user ageradezs when
configured to do so.

TheVVX 150 phoneno longerreboots immediately after making a call to an RMX when the
Camera Target Frame Rate is set to minimum.

When using TCP preferred transport, the phosv resends a 200 OK message after answering
a call without receiving an ACK.

Thephonenow clearsits BLA state table when receiving a NOTIFY message with state = full after
a SUBSCRIBE message.

TheVVX 150@honenow sendsan INVITEIBpacket when the configuration parameter
msg.mwi.1. callBack=voicemail andthe user presses the Messages key.

With BootROM 4.2.1.0334, the VVX 05honeno longersends a truncated Option 60
message.

The phoneno longerreboots when pressing the Messages key while Message Waiting Indicator
is dsabled. When the phone has more than one registration and

msg.mwi.1. callBackMode=disabled andmsg.mwi.2. callBackMode=disabled , the

phoneno longerfreezeswhen the Messages key is pressed. The phone will no longer respond to
any further key presses.

The Centralized Conference feature longerfails when a URI is incorrectly assigned to
volpProt.SIP.conference.address

A conference notificationo longercausesthe phone to lockup and then reboot.
A retransmitted INVITE message longerresults in a 400 response.

Calkreceived from a mobiléo the VVX 150 no longercause the phone to displef§Pby ¢ X X &
The @ should not be displayed.

TheVVX 150 phoneno longerdisplaysanincorrect time after the configuration parameter
tcplpApp.sntp.daylightSavings.enable is set to disabled.

The Line Label modisplays on the top line of the screen when using the HTML idle display
micro-browser pagdapplies toSoundPoint IP 320, 321, 330, 331, and)335

When using NN# speatial feature, the titleno longerdisplays Directory instead of Speed Dial
(applies toSoundPoint IP 320, 321, 330, 331, and)335
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59949

59954

59967

60013

60126

60145

60264

60266

60267

60340

60650

62621

Idle bitmap graphic iso longerdisplayed on the bottom of the screeso that aly half of the
display is utilized wheimd.idleDisplay. mode=2 or 3 (applies to SoundPoint IP 320, 321,
330, 331, and 335

The phoneno longerlocksup and reboos when a RANVITE message within same dialog is sent
to the phone immediately afterending a CANCEL message for the initial INVITE.

When an incorrect CA certificate is installed, the phone will not attempt to retry a TLS
handshakdapplies to LDAP on the VVX 100

The phoneno longerlocks up and reboos when accessing the atact directory if
dir.local. readonly=1 (applies tcSoundPoint IP 320, 321, 330, 331, and)335

Gatewaysno longerreject an INVITE message wheg.1. csta=1 . The INVITE includéhe
headerAcceptapplication/sdp/application/csta+xml

The SoundPoinP 650 phonenow correctly presents 2 BLA call appearandds 2nd call
appearancenow correctly indicates a remotely held line, when it is.not

When a BLA line is showing the dialing screen, remote call appearamémsgerdisplaywhen
the remote BLA line resumes a dalbplies toSoundPoint IP 450, 550, 560, 650, and)670

When a phone is in dialing screen, if a remote SCA/BLA line holds and resumes, the dialing icon
no longerchanges betweenthe animation arrow andhe termination (speaker) icon. The

termination icon displagcontinuously andaho longerchanges (applies toSoundPoint IP 320,

321, 330, 331, and 335

Cannow change a checked item twice in the Prioritize Background ni@mplies toSoundPoint
IP 550, 560650, and 671

The Join soft kegn the SoundPointP650 no longedisplays on a phone with a BLA line when
there is only one call on the phone.

The idle browseon theVVX 150 no longeralternates between current content and earlier
contentwhen it the display is refreshed.

SoundPointP321 and 33Jhones running $3.2.3.3122 and configured for HTTiRSlonger
displaythe error messageglert: Fatal, DescriptiorDecode Error

Configuration File Enhancements

Note that the configuration files, their respective parameters and defaults, as well as the provisioning
methods have been simplified but extensively modified compared to previous releases.

Before installing the software, it is highly recommended that you first fanzéarourself with the
changes outlined ithe Administrators Guide for the Polycom® UC Softw&.8.0and Technical
Bulletin 60519: Simplified Configuration Enhancements in Polycom® UC Software 3.3.0
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Updates to Previous Software Releases

Understanding Updates to SIP3.2.5

This section lists additions and changes, removals, enhancements, and configuration file parameter
charges toSIP3.2.5 beside their respective Polycom tracking ID number.

New or Enhanced Features

59000 Phones now ignore BLA dialog documents sent within NOTIFY messages that are reflected to
User Agents that are party to the dialog.

62939 Variousenhancements to the GeRedundancy (multiple server faer support) featureFor
full details, refer to the list of documents in Sectidn

6439 Bridged Line Appearance BLA line dialog rendering is now converted from No to Yes on User
Agents that are a remote party to the dialog.

Enhanced Capabilities

54219 The SoundPoint IP 560 a6@d0 phones novestablish a data link when connected to some
switches when both phone and switch are configured for 1200Mbits/Full Duplex.

57570 A failover is now performed as a result of BPResponse code 503.
60851 Dialingusing the Speaker or Headset kaylongerdropsthe initial call appearance

60973 Enteringausername and passwoigsing theQuick SetugQ<tup) softkeyfollowed by a
request to save, nowmutomaticallyinvokes the phone toebootthe phonein order to the
changes to be applied.

61248 After configuring a phone with 3 line registratiomgile the 2nd lineis on hold if a user hot
dialsusing thespeaker/headset termination key, the phone longer inadvertentlgeizes line 3
to dial out.

61283 Thephoneno longerincorrectly sends a NOTIFY withaxam pname=+sip.rendering pvalue=no
/>when a user attempts to place a conference call on hold and the phone recetdfsEad
request

61541 When auser attemptsto place a conference on hold attte phonereceives a 400 Bad request,
the phone correctly sends a NOTIFY W#tho. Thisio longer causes thencorrectpresenceon
the other Bridged Line Appearance lite be displayed.

62206 Phoneno longerdisplays Service Unavailable upon lifting tzendset and pressing the Line 2
key (applies to SoundPoint IP 320, 321, 330, 331, angl 335

62226 The ghones no longer join a conference after receiving a 403 Forbidden from the switch.

62383 A held call on a Bridged Line Appearamnith remote phones is n@ presented(applies to
SoundPoint IP 601
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62567

62621

62642

62643

62669

62672

62855

62902

62926

63099

63280

63388

63536

63631

SoundPoint IP 3xx phones monitoring eatfer in a 2x2 BLA configuration are now able to pick
up held calls.

SoundPoint IP 3xxhpnes configured for HTTIRS longerdisplaythe error messagesélert:Fatal,
Description, Decode Error

Phoneao longermplayadial tone as well as RTP dmdvhen resuming a call held at another
phone.

Whenthe userpresses both line keys (Linéhdld and Line Active callsimultaneously on the
SoundPoint IP 3xx, thactive call on Line 2 i® longerdropped.

Multiple phonesno longertry to resume a held@ridge Line Appearance Bline at the same
time.

Directed Call PickupCP ofGroup Call Pickuieature (using soft keys instead of *53 and *54
feature access codes) no londail when the user enteyan account code. The account cade
not appended to the user portion of the URI.

Invoking either the Group Call Pickup or Directed Call Pickup feature, using its corresponding
soft key, now functions properly. The display shows Unknown and the call is not picked up
(applies toSoundBint IP 3xx

The phone nw accepsinbound $Prequests from a RROFQGecredundancyserverthat is
not registered with that phone.

TheResume sofkeyon the SoundPoint IP 3ixnav presentedwhenthe line key is pressed
continuously while the line i aremote held callstate. This occurs when the line is configured
ascallsPerLineKey =1.

The phones mnitoring Bridged Line Appearan®&LA line configured foione call per linecan
now pickup the held call after theall onaBLA line has been put on halding the
Transfer/Conference key.

Regardingzeo-redundancy RROF-@lls on hold are n@ released when pressing the Resume
soft key after thdPBE failover occurs while using the ge@edundancy feature. Theserno
longer needs t@ress the End Call soft key to complete the intended result.

If a phon&® 3Plines are not registered with a call server, and the Emergency Call Routing
Feature is enabled (by configuring tti@alplan.routing.emergency.x.value and
dialplan.routing.emergency.x.server.y parameter3 dialing the configured
emergency number wihow work whenyou use orhook dialing and when URL Dialing is
enabled.

The Redial feature functi@torrectly afterinvoking an outgoing call accompanied with an
account code.

The counting down aspect of the Gesdundancy RROFONSTTL featureo longerfails during
fail-back. The Tim@o-Live TTL timer should be reset aftefregjistering to the secondary
server.
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63704

64093

64212

64219

64274

64327

64340

64356

64360

64762

64862
65119

65207

65368

65842

67178

Updates to Previous Software Releases

Regardingsecredundancy RROF-@e phoneno longersends three extraneous registration
requests to the primary proxy server during a-faier.

Regardingsecredundancy RROF-@fail-over using either the Conference or Transfer feature
now stopsa consultative call when the primary call is terminated.

Invoking theCall Pareature on the SoundPoint IP 3xx with the soft key now functions correctly
when the soft key is configured as 1 line and 1 call per line.

TheSoundPoint IP 3xphonesends a proper hold NOTIFMessageafter a consultative transfer
is canceled whethe configuration parametenotifyTransferHoldAsActive is disabled

In an attempt toresume a held calthe held call is no longer terminated when the user
inadvertentlyseizegwo line keyssimultaneously

In an attempt to answer an incoming call, the user no longer inadvertprtiyses line keys.
The user is no longer connectemboth lines one vith anincoming caller anthe other withdial
tone.

The indicator, on a Bridged Line Appearance BLA line that is monitoring other lines, no longer
remains on continuouslgfter the monitored phoneperforms the following sequencéransfer
> split > endcall>resume> hold.

The display on the SoundPoint IP 3xx showirgjreote call appearanceow times outproperly
whenthe user presses continuousi\B& A line keyollowed by pressing down arrow keywhile
there aremultiple calls on hol@n theremote BLA.

The state of the indicator of a BLA line appearance wgproperly reported after the phone
receives an INVITE containing replaces.

When special characters in the FROM field are receieyno longerprevent the SoundPoint
IP430 phone from displaying Caller ID information.

Joining an internal extension with an external PSTNhodbbngercauses one call to drop

When aBridged Line Appearan®LA line ipresentedin adialing screenthe remote call
appearancenow displays when the remote BLA line resumes a call

A slow memory leak no longer occurs in Bstackdue to the eceipt of hunt group INVITE
containingreplaceswith phones usindADTRANwitches.

When the configuration parameteignalWithUn registered =0, the phonenow always
ignoresall of the messaging traffic

Call waiting toneno longercontinues to play after an inbound call has been forwarded and
answered by the PSTN.

Centralized conferencean nowbe established whereg.1.] ineKeys is 5 or greatefapplies
to all SoundPoint )P
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Configuration File Enhancements

Referto TablelO: Software Version 3.2&Configuration File Parameter Enhancemefasa list of
enhancements made tthe SIF3.2.5 configuration file parameters.

Table10: Software Version 3.2.§ Configuration File Parameter Enhancements

File Change Configuration Parameter OldValue New \alue

phonel added reg.n.server.m.failOver.onlySignalWith N/A Null
Registered

phonel added reg. n.outboundProxy.failOver.onlySignal N/A Null
WithRegistered

phonel added reg. n.filterReflectedBlaDialogs N/A Null

sip added volpProt.server. n.failOver.onlySignalWith N/A Null
Registered

sip added volpProt.S  IP .CID.sourcePreference N/A Null

sip added volpProt.S  IP .failoverOn503Response N/A 1

sip added volpProt.S IP. outboundProxy.failOver.only N/A Null
SignalWithRegistered

sip added call.localConferenceEnabled N/A 1

Understanding Updates to SIP3.2.4B

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes t&I1P3.2.4B beside their respective Polycom tracking ID number.
Enhanced Capabilities

66743 Phones may be vulnerable to Denial of Service attacks when used in certain configurations.
Sending HTTP GET requests with a broken authorization header can produce a device restart
under certain circumstances in certain models of phonesfitbdetails, refer torechnical
Bulletin 66743

Understanding Updates to SIP3.2.4

Thissection lists additions and changes, removals, enhancements, and configurationditesper
changes to SIB.2.4 beside their respective Polycom tracking ID number.
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Updates to Previous Software Releases

Enhanced Capabilities

59308 A retransmitted INVITE message causes a 400 Bad Respolysd hépis in violation of RFC
3261 section 17.2.1

65207 A consistent but slow memory leak occurs as a result of receiving INVITE messages containing
replaces.

6543565725 With reference tdEC 60264, the default and maximum values for the headset and
headphone audio levels have been adjusted to ensure compliance with the IECHU2B8
safety requirementgapplies toSoundPoint IP/VVX 1500

65660 The BootBlock may become corrupted as a result of accessing unprotected section of flash
memory.

Understa nding Updates to SIP3.2.3

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes td51P3.2.3 beside their respective Polycom tracking ID number.

New or Enhanced Features
43099 Added support fothe SoundStationP5000conferencephone.

43297 Sound effects can now be played out of a destination based on user configuiEti®mvailable
destinations arechassishandset headsetor active The dfault ischassis

45462 All SoundPoint and SoundStatiphones now comply with retrgifter instructions embedded in
9P Response codes 500 and 503 as part of REGISTER and other requests.

50739 On a multileg conferencen the SoundStatiorlP 7000, when the End Call soft key or the On
Hook hard key is presseithe conference phone will ask the user if the entire call should
terminate. A negative response will guide the user to the conference manage menu to allow the
user to terminate the individual legs of the call. The dialog only appears forlewlitonferece
calls

51753 Enhancedhe appearanc®n the SoundPointP450 of anti-aliased characters.

51940 All 3Pphones now have a fadver feature that enables phones to-register before diverting
9Psignalihg to an alternate servem.his feature will bedrmally released and documented in a
future release.

54041 Format of DHCP Option 60 Data is now configurable and added support for Option 125 as per
RFC 3925.

54983 InternallPaddress othe VVX 150 phone (instead of an alias) is no longer being settten
Facility Message.
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55524 Logs no longer display Cant set 802.1Q VIDXbrr TCP protocol messages at default when
running on a VLAN.

56272 Network Configuration DHCP sutenu now supports Option 60 format. The new options
include setting either RFC 39Btary [default] or ASCII String.

Enhanced Capabilities

45188 The minimum acceptable amount of free RAM has been increas¢dde SoundPointP 320,
330, and 48 in order that functions such aggtones are not affected.

47897 TheBack soft keyorkswhen auser tries to exit from Instant Message menu.

52119 VVX 150 phonesno longerreboot during G.729 packet loss concealment such as when the
remote phone is placed on hold.

52787 The configuration parameteslpProt.SIP.requestValidation.x.meth od=source does
workswith DNS SRV Static Cache

53473 Whenthe SoundStatiodP 7000 isused with an HDX, the parameter
voice.volume.persist.handsfree =0 also affect¢he HDX.

54549 Changes in the display color palette the SoundPointP450 no longer causeontrast
problems.

54751 9P INVITEessagscan be sentvhen dialing a number containing the period character

54832 Phoneenablesuser to add more than 32 characters in Hot Dial sci@gplies tovVvX 1500, 321,
325, 330, 331, and 335

54867 In the ContacDirectory, the text field scroll to the left to reveal the first charactas you move
the text cursor lef{applies taSoundPoint IP 321, 325, 330, 331, and)335

54908 An unexpected colon has been removadhe scrolling status line during an incomirgy|
(applies toSoundPoint IP 321, 325, 330, 331, and)335

55099 In a long SRTP conference, steering video on the VVX 1500 between active and inactive no
longer causes the video leg to fail.

55120 Dialing numbers ithe Contact Directoryno longeropenscontacts for editingapplies to
SoundPoint IP 550, 560, 650, and)670

55296 On the VVX 1500he dial pad widgetlisplaysmvhen attempting to conference or transfer a held
call while in a ringback state.

55378 TheVVX 150 phonecaninvoke LCD power down mode afeeremote end places the call on
hold.

55415 The ghoneenableshe user to enter more characters than it is capable of saving in the Contact
Directory fields.
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55420 TheVVX 150 phonecanplay back video after d¥re-INVITE message is sentao RMX
meeting room.

55560 TheVVX 150 phone displays correct call timer values while in an H.323 call to anZRBIX

55618 Switching to Katakana characters before the character selection widget timesdonger
produces randomltaracters that on occasion cause the phone to malfuncfagmplies to
SoundPoint IP 450, 550, 560, 650, 670; SoundStation 5000 and 7000

55844 Proceeding outgoing call state on one line is adversely affected by an outgoing call on another
line (applies taSoundPointP 321, 325, 330, 331, and 335

55884 The displag on aSoundPointP650 with expansion modules no longieeezeduring a
consultative transfer.

56032 SoundPointP 650 phoneswith two expansiormodulesno longerreboot while monitoring
continuous BLF traffic.

56488 In packets sent from the client, the Parameter Request List opitolengercontains two
duplicaterequests for the options Rout¢B) and Domain Nam@5) (applies taSoundStation IP
6000 and 700p

56641 Phone no longeignores the LLDP broadcast from a switch. It will default to the data VLAN
instead of the voice VLAN. There is a LOSS of LINK during the boot process causing LLDP to fail
(applies toSoundStation IP 6000 and 7000

56836 After dialing and theradjusting the wlume, lifting the handseho longerdials the last hot
dialed number immediatelfapplies toSoundPoint IP 550, 560, 650, and 670

57133 TheSoundPointP321, 330, and 33fhones candisplay a customer supplied logo
57457 ThelLoudRing.wav audio fileas beerdistributed in release 3.2.2

57796 Invalid Messag&ummary Evernto longerresults in invalid MWI notification.
57849 TheSoundPointP330 and 58 phones canacquite the correct VLAN via LLDP.
58024 TheHold functionon the VVX 1500Mo longerfails in a specific customer scenario.

58024 TheHold functionon theVVVX 1500Do longerfails in a specific customer scenario.

Configuration File Enhancements

Refer toTable 11 Software Version 3.2@3Configuration File Parameter Enhancemdioisa lig of
enhancements made tthe SIP3.2.3 configuration file parameters.

Tablel1: Software Version 3.2.8 Canfiguration File Parameter Enhancements

File Change Configuration Parameter New Value

phonel added reg.n.server.1.failOver.reRegisterOn
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File Change Configuration Parameter New Value

phonel added reg.n.server.1.failOver.failBack.mode

phonel added reg.n.server.1.failOver.failBack.timeout

phonel added reg.n.server.2.failOver.reRegisterOn

phonel added reg.n.server.2.failOver.failRegistrationOn

phonel added reg.n.server.2.failOver.failBack.mode

phonel added reg.n.server.2.failOver.failBack.timeout

phonel added reg.n.outboundProxy.failOver.reRegisterOn

phonel added reg.n.outboundProxy.failOver.failRegistrationOn

phonel added reg.n.outboundProxy.failOver.failBack.mode

phonel added reg.n.outboundProxy.failOver.failBack.timeout

phonel added reg.n.useCompleteUriForRetrieve 1
sip added volpProt.server.1.failOver.reRegisterOn

sip added volpProt.server.1.failOver.failRegistrationOn

sip added volpProt.server.1.failOver.failBack.mode

sip added volpProt.server.1.failOver.failBack.timeout

sip added volpProt.server.2.failOver.reRegisterOn

sip added volpProt.server.2.failOver.failRegistrationOn

sip added volpProt.server.2.failOver.failBack.mode

sip added volpProt.server.2.failOver.failBack.timeout

sip added vol pPort.S IP .useCompleteUriForRetrieve 1

sip added volpProt.S  IP .outboundProxy.failOver.reRegisterOn

sip added volpProt.S  IP .outboundProxy.failOver.failRegistrationOn

sip added volpProt.S  IP .outboundProxy.failOver.failBack.mode

sip added volpProt.S  IP .outboundProxy.failOver.failBack.timeout

sip added volpProt.H323.blockFacilityOnStartH245 0

sip added se.destination chassis
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File Change Configuration Parameter New Value
sip added voice.codecPref. IP _5000.G711Mu 2
sip added voice.codecPref. IP _5000.G711A 3
sip added voice.codecPref. IP _5000.G729AB 4
sip added voice.codecPref. IP _5000.G722 1
sip added voice.codecPref. IP _5000.iLBC.13_33kbps

sip added voice.codecPref. IP _5000.iLBC.15_2kbps

sip added voice.gain.rx.analog.chassis. IP _5000 0
sip added voice.gain.rx.analog.ringer. IP _5000 0
sip added voice.gain.rx.digital.chassis. IP 5000 11
sip added voice.gain.rx.digital.ringer. IP 5000 12
sip added voice.gain.tx.analog.chassis. IP 5000 0
sip added voice.gain.tx.digital.chassis. IP 5000 15
sip added voice.aes.hf.duplexBalance. IP _5000.0 10
sip added voice.aes.hf.duplexBalance. IP _5000.1 9
sip added voice.aes.hf.duplexBalance. IP _5000.2 8
sip added voice.aes.hf.duplexBalance. IP_5000.3 7
sip added voice.aes.hf.duplexBalance. IP_5000.4 6
sip added voice.aes.hf.duplexBalance. IP _5000.5 5
sip added voice.aes.hf.duplexBalance. IP _5000.6 4
sip added voice.aes.hf.duplexBalance. IP _5000.7 3
sip added voice.aes.hf.duplexBalance. IP _5000.8 2
sip added voice.ns.hf. IP _5000.enable 1
sip added voice.ns.hf. IP_5000.signalAttn 6
sip added voice.ns.hf. IP _5000.silenceAttn 9
sip added voice.rxgq.hf. IP _5000.preFilter.enable 1
sip added voice.rxgq.hf. IP_5000.postFilter.enable 0
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File Change Configuration Parameter New Value
sip added voice.txEq.hf. IP_5000.preFilter.enable 0
sip added voice.txEq.hf. IP_5000.postFilter.enable 1

Understanding Updates to SIP3.2.2

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes t&1P3.2.2 beside their respective Polycom tracking ID number.

New or Enhanced Features

41450
43760
43862
45172
47173
48557
48743
48961
49069
49079
49277
49430
50125
51084
52944
53849
54025

Change of the real time operating systéapplies tovVX 1500

H.323 signaling protocol support for vidépplies tovVX 1500

Support for Webkit browser to replace the XHTML brow@gplies tovVvX 1500
Support for iLBC audio coddapplies tovVX 1500

Qupport for H.261 vide@odec(applies tovVX 1500

Max video bit ratedefaultsto 384 kbpgapplies tovVX 1500

Upgracded curl library to version 7.1@pplies tovVX 1500

Support for H.235 securit{applies tovvX 1500

Added support for iLBC audicodec(appliesto SoundStation IP 6000 and 7900
Support for mutual TLS authenticatidapplies tovVVX 1500

Support for LLDP protocdgapplies tovVvX 1500

Added ITUT G.719 vocoddapplies tovVvX 150D

Outgoing calls suppodual ($P/H.323) protocolgapplies tovVX 1500

Qupport for video fast update request via RTCP, RFC @Gpplies tovVvX 1500
Menu support applicable to H.323 usa@@plies tovVX 1500

Formalizel support for DTMF vialBINFO (irtially supported in 823.2.0.

Increasel maximum size of contact directory to 128 to facilitate complex dialing scenarios.

54239 Added user accessible menu option to select the video call rate. Default configuredthsing

configuration parametevi deo.callRate  (applies tovVX 1500
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Discontinued Features

52522

Removel Launchpad Featur@pplies tovvX 1500

Enhanced Capabilities

44782
44980

47023
47476

47768

48175
48784

48857

48921

50152

50192
50286

50531

50624
51141
51449

51533
51605
51643

Improved phone Ul response when a local conference is agépplies tovVvX 1500

Phonefalls back to configured video codec configuration for Tx video when incoming signaling
lacks codec modifief@pplies tovvX 1500

Text font no longer randomly changégpplies tovvX 1500

Using theXML ARIwhen the user is inside an XHTML Fé1ield the Submitsoft keydisplays
properly.

CDP power usage advertisemenatchesthe peak power conditiongapplies tcSoundPoint IP
450).

EFK feature can establish conference capglies to VVX 1500

Softkeysarerestored after rejecting a call from within the Applications Ul contagplies to
VVX 150p

Recording (R)o longerstops or reboots phone in various high load scenarios such as (a)
recording during SRTP conference call, or (b) recording wialesimg the application menu
during norSRTP conference c@pplies tovVvX 1500

Digit key presseare no longemissed in certain scenaridapplies tovVVvX 1500

Change nomull sticky primary filter, search (filtered) bar remains on olthdapplies toVVX
1500.

Media Statistics menu displagorrectly for several languagéaspplies tovVVX 1500

Pressing page down key # does not move entry list after pressing page up key * in quick search
menu (applies tovVVX 1500

TheSoundStationP 7000 phonecanstartup without network connection when using the PIC
cable

Phone sends a 603 Decline message when an inbound call times out.
Asmall number on the left side of the scrolling status bas been removed.

Out of Dialog Refer based dialiog the VVX 150 no longer failsSDP on INVITE from VVX is
missing media attributes, generating a 606 response.

Backlight intensity change updataeppropriately in Overridesonfigurationfile.
VVX 1500 phonesorrectly handle backo-back Push requests.
Japanesdlisplays properly on th8oundStationP6000 andVVX 150.
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51753
51959
51965
52164
52360
52365
52370
52376

52381

52415

52568
52580

52656

52678

52709
52770
52836

52860
52883

52943
52950

52963

52971

Display texbn the SoundPointP450looks clearer.

Handling of Hold rénvites is correct after ontouch blind transfeto full park orbit.

HTTP request messages are directed to proxy

Hot-dialon the VVX 150 works in headset mode.

Auth Password field camo longerbe viewed inWeb configuration page

Phonescan easilyransition from LLDP to CDP.

Removing Ethernet cabfeom the SoundStationP 7000 no longen-mutes the muted phone.

The parameteraylightSavingsTime can now be disabledntroduced in 83.2.0(applies
to SoundStation IP 6000 and 7000

TheRetrieve, Directedand Group soft keyrao longerdisappear after entering some digits. This
occurs when using th€all Park/Pick-Up feature using I®signaling. Introduced inlB3.2.0
(applies toSoundPoint IP 430, 450, and SoundStation 000

When using shanced BLFingtones areno longersuppressed when a user is parked
TheSoundStationlP 7000phone play DTMF tone withthe default configuration

Delayed DTMF audio feedback is heard when conferencing third POTS end while using the
SoundStation IPO0O0User Interface.

TheVVX 150 phone supporstranscoding of video codecs that are not included in thecfiads
capability set

Using thequick/AdvFind search on full last nanmethe Corporate Directoryio longer misses
some entries

Liceng menudisplaysActive to indicate dicense with no expiry date.
Messagesummary SUBSCRIBE is sent whgn. type=shared

Phoneno longer enablethe user to enter more thathe maximum allowed (32) characters in
hot dial ard contactdirectory operations.

Split ®ft keyno longer displays while transferring calls if the call per line limit is reached

When a call is placed to a shared line, the ringer foP&850no longerstutters when the call is
picked up at anothestation.

LLDP reported power usage in logs indicates appropriate power consumption.

Packet Loss and Burst Gap Loss metrics too high when calling IVR, caused by valid gap in audio
sent from IVR.

TheSoundPointP320, 321, 330, and 33ihones no longer rebootwhenthe user presses NN#
from idle screen to invoke Contact Directory engnreen for NN speed dial index.

Phoneno longer reboos whenthe efkprompt  label is longer than 32 characters.
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52977
53007

53034

53254

53598
53656
53855

53917
53944

53946

53975

54034
54139
54262
54631
54765

54768
54886

54940

55052

Updates to Previous Software Releases

TheDirectory soft keyon the VVX 500 does notdisappear after selecting Blind transfer mode

VQMonon theVVX 150@hone computs RFactor and MOS quality scores for the G7221C
codec

SUBSCRIBE for BLA with expliesceived from server is recognized as terminating the
subsciption

VVX 1500 enables users to chadgeh Password forIBLinesli K N2 dzZA K (G KS LIK2ySQa
interface.

Sidetone disappearsafter a call hangs up on headsesing GN9350e with EHS.
Part number in Phone Status medisplays proper pamumber.

When a phones extension has an underscore in the name, followed only by numbers, the
underscore is10 longerremoved in 8 signaling and the deviaanbe found.

Phoneno longer eboots in a certain scenario when using the Join key

SoundPointP320, 330, 321, and 331; SoundStatiBi7000: Phone displayDir soft keyin
Korean and Slovenian languages

SoundPointP550, 560, 650, and &phones no longer randomlylisplay the time and date
behind a custom idle display.

Phones will send a SUBSCRIBE message in a certain scenario when using SCA with barge in
enabled.

TheVVX 150 phoneno longergenerates loud static when CNG packets are received.
Consultativaransfer useshe correctURI on REFER.

TheEthernet status menon the SoundPointP320 and 32Misplayshe correct information
The Voice/Video call type promph the SoundStationP 7000defaultsto Voice.

TheVVX 150 phone fails to resend INVITE after 401 from server whears&N\VITE is roughly
1500 bytes.

VVX 1500 phones castablish calls properly when booted without a network connection.

Phones send relnvite with SDP containing session attribute a=sendrecv upon resuming a call
when the call is initiated wit=sendrecv offered

New REQUESTS sent directly to far end; route set ignored after a call is placed ore80iHg
in a bss of audio.

Additional parameter itthe From header of INVIT#6 longercauses way audio when it is not
found in the ACK to a 200 OK
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Configuration File Enhancements

Refer toTablel2: Software Version.2.2¢ Canfiguration File Parameter Enhancemefuasa list of

enhancements made tthe SIF3.2.2 configuration file parameters.

Tablel2: Software Version 2.2 ¢ Canfiguration File Parameter Enhancements

File Change Configuration Parameter OldValue New Value
phonel added call.autoOffHook.1.protocol
phonel added call.autoOffHook.2.protocol
phonel added call.autoOffHook.3.protocol
phonel added call.autoOffHook.4.protocol
phonel added call.autoOffHook.5.protocol
phonel added call.autoOffHook.6.protocol
phonel added reg.1l.protocol.H323
phonel added reg.l.protocol.S IP
phonel added reg.l.server.H323.1.address
phonel added reg.1l.server.H323.1.expires
phonel added reg.l.server.H323.1.port
phonel added reg.2.protocol.H323
phonel added reg.2.protocol.S IP
phonel added reg.2.server.H323.1.address
phonel added reg.2.server.H323.1.expires
phonel added reg.2.server.H323.1.port
phonel added reg.3.protocol.H323
phonel added reg.3.protocol.S IP
phonel added reg.3.server.H323.1.address
phonel added reg.3.server.H323.1.expires
phonel added reg.3.server.H323.1.port
phonel added reg.4.protocol.H323
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File Change Configuration Parameter OldValue New Value
phonel added reg.4.protocol.S IP

phonel added reg.4.server.H323.1.address

phonel added reg.4.server.H323.1.expires

phonel added reg.4.server.H323.1.port

phonel added reg.5.protocol.H323

phonel added reg.5.protocol.S P

phonel added reg.5.server.H323.1.address

phonel added reg.5.server.H323.1.expires

phonel added reg.5.server.H323.1.port

phonel added reg.6.protocol.H323

phonel added reg.6.protocol.S IP

phonel added reg.6.server.H323.1.address

phonel added reg.6.server.H323.1.expires

phonel added reg.6.server.H323.1.port

sip added call.autoAnswer.H323 0
sip added call.autoAnswer.micMute 1
sip added call.autoAnswer.ringClass 4
sip added call.autoAnswer.S IP 0
sip added call.autoAnswer.videoMute 0
sip added call.autoRouting.preference line
sip added call.autoRouting.preferredProtocol gp
sip removed httpd.Ip.port

sip removed httpd.ta.enabled

sip added log.level.change.h323 4
sip added log.level.change.poll 4
sip added log.level.change.push 4
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File Change Configuration Parameter OldValue New Value
sip added log.level.change.wmgr 4
sip removed mb.launchpad.enabled

sip removed mb.main.1l.icon

sip removed mb.main.1.text

sip removed mb.main.1.url

sip removed mb.main.2.icon

sip removed mb.main.2.text

sip removed mb.main.2.url

sip removed mb.main.3.icon

sip removed mb.main.3.text

sip removed mb.main.3.url

sip removed mb.main.4.icon

sip removed mb.main.4.text

sip removed mb.main.4.url

sip removed mb.main.5.icon

sip removed mb.main.5.text

sip removed mb.main.5.url

sip removed mb.main.6.icon

sip removed mb.main.6.text

sip removed mb.main.6.url

sip added sec.H235.mediaEncryption.enabled 1
sip added sec.H235.mediaEncryption.offer 0
sip added sec.H235.mediaEncryption.require 0
sip added up.callTypePromptPref 1
sip added up.enableCallTypePrompt 1
sip changed up.idleBrowser.enabled 0
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File Change Configuration Parameter New Value

sip added up.manualProtocolRouting 1

sip added up.manualProtocolRouting.softKeys 1

sip changed video.autoStartVideoTx 1

sip added video.callRate 448

sip added video.codecPref.H261 4

sip changed video.enable 1

sip added video.forceRtcpVideoCodecControl 0

sip changed video.maxCallRate 512

sip added video.profile.H261.annexD

sip added video.profile.H261.CifMpi 1

sip added video.profile.H261.jitterBufferMax 2000

sip added video.profile.H261.jitterBufferMin 150

sip added video.profile.H261.jitterBufferShrink 70

sip added video.profile.H261.QcifMpi 1

sip changed video.screenMode normal

sip changed video.screenModeFS normal

sip added voice.audioProfile.G719.32kbps. 107
payloadType

sip added voice.audioProfile.G719.48kbps. 108
payloadType

sip added voice.audioProfile.G719.64kbps. 109
payloadType

sip added voice.audioProfile.G719.jitterBufferMax 200

sip added voice.audioProfile.G719.jitterBufferMin 40

sip added voice.audioProfile.G719.jitterBuffer 1500
Shrink

sip added voice.audioProfile.G719.payloadSize 20

sip added voice.codecPref.VVX_1500.G719.32kbps
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File Change Configuration Parameter OldValue New Value

sip added voice.codecPref.VVX_1500.G719.48kbps

sip added voice.codecPref.VVX_1500.G719.64kbps

sip changed voice.gain.tx.digital.chassis.VVX_1500 6 3

sip added volpProt.H323.autoGateKeeperDiscovery 0

sip added volpProt.H323.dtmfViaSignaling.enabled 1

sip added volpProt.H323.dtmfViaSignaling. 1
H245alphanumericMode

sip added volpProt.H323.dtmfViaSignaling. 1
H245signalMode

sip added volpProt.H323.enable 0

sip added volpProt.H323.local.port 1720

sip removed volpProt.local.port

sip added volpProt.server.H323.1.address

sip added volpProt.server.H323.1.expires

sip added volpProt.server.H323.1.port

sip added volpProt.S  IP .dtmfViaSignaling.rfc2976

sip added volpProt.S IP .enable 1

sip added volpProt.S  IP .local.port 5060

Understanding Updates to SIP3.2.1B

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes td51P3.2.1B beside their respective Polycom tracking ID number.

New or Enhanced Features
48947 Support for the SoundPoihiP335 product.
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Configuration File Enhancements

Refer toTable B: Software Version 3.2.18Configuration File Parameter Enhancemefuasa list of
enhancements made tthe SIRconfiguration file parameters.

Table B: Software Version 3.2.1B Configuration File Parameter Enhancements

File Change Configuration Parameter New Value  Description

sip added ind.anim. P _335.42.frame.1.bitmap Handset See Administrators
. . - Guide for #3.2.2

sip added ind.anim. 1P _335.42.frame.1.duration 1300 for details

sip added ind.anim.  IP _335.42.frame.2.bitmap PlumHd

sip added ind.anim. 1P _335.42.frame.2.duration 1300 See Administrators
: ; , Guide for 83.2.2

sip added ind.anim.  IP _335.43.frame.1.bitmap Headset for details

sip added ind.anim. 1P _335.43.frame.1.duration 1300

sip added ind.anim. 1P _335.43.frame.2.bitmap PlumHd

sip added ind.anim. 1P _335.43.frame.2.duration 1300

sip added ind.anim. 1P _335.44.frame.1.bitmap Speaker

sip added ind.anim. 1P _335.44.frame.1.duration 1300

sip added ind.anim. 1P _335.44.frame.2.bitmap PlumHd

sip added ind.anim.  IP _335.44 frame.2.duration 1300

Understanding Updates to SIP3.2.1

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes t&IP3.2.1 beside their respective Polycom tracking ID number.

Enhanced Capabilities

53322 SettingvolpProt.local.port to a non standard port does not send from or advertise that
port.

53611 User Language Selectionrégainedduring an ypgrade to 8 3.2.0
53685 Phonemo longerignore nat.ip  parameters.

53852 DTMF duratioron the SoundStationP 7000 defaults t800msfor HDX integration.
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Understanding Updates to SIP3.2.0

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes t&1P3.2.0 beside their respective Polycom tracking ID number.

New or Enhanced Features

22527 Implemented Scrolling Status Bar on tBeundPointP 320, 321, 330, 331, 550, 560, 650, 670
and SoundStation IP 6000 and 7000.

26754 Support for the iLBC codemn the SoundPointP320,321,330,331,450, 550, 560, 65@nd
670.

30079 Added support formutual TLS authentication. S&echnical Bulletin 526d6r more details on
this feature.

32259 Microbrowser ecognize multiple mime types.

32753 Support for LLDP protocol. To take full advantage of this featwoa will need to us&o0otROM
4.2.0.

34782 Replacd libSRTP algorithms with OpenSSL versions
35525 The DND icon containeitt identifying that DND is active
37118 Addedthe ability totakea screen capture

39358 Addeda Loud Ringer Ritgne selection. Se@echnical Bulletin 39358r instructions on how
this can be configured.

30855 Create a SoundStatidR 7000 Setup Guide.
41579 Met requirements of ETSI TS 102 €2v4.1.1 RFC 3261 compliance test for Anatel/Brazil
43141 SQupport for Statically Configured BLF and €alk andRetrieve enhancements

43142 Support for single button Blind Transfer and Retrieve of a call designated as an automata in the
dialogused for Statically Configured BLF.

43646 Improved boot speedin some situations where the boot server is incorrectly configured.
45057 Languages selection presented in appropriate language

45174 Upgrade zlibto version 1.2.3

45743 Upgrade curl library to version 7.19.2

45787 Addedinstructionsto the SoundPointP450, 550, 560, 65@nd 670 for changing label colors in
the User Guides.

45791 Addeda configuration optioron the SoundStationP 700to disabledigit-map rules for Remote
Dialing when connected to an HDX.

46093 Added theability for User to enable/disable display of idle browser from menu
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Updates to Previous Software Releases

46113 Added navigation button shortcuts in Idle Mode consistent with other phone mogiiplies to
SoundPoint IP 320, 321, 330, and)331

46248 Added an Admin menu optioron the Sound&tion IP 70000 manually specify the value to be
used as the extension displayed on the phone screen.

46424 Improved readability of Menu items when using Background images on the display.
46446 Newmenu option to view the status of feature licenses.

46683 Remove Background from scrolling Status Bar for improved readability.

47355 Scrolling Status Bajivesequal time to each status message

47390 Added configuration parameters for select ETER@mpliance requirements

47463 Phonesallow for secure etry of passwords in the micrbrowser APRI

47487 Added the ability to enable/disabkeBacksoft keyin the microbrowser

47689 Added support for SoundStatiol? 7000/HDX6000 Integration. This feature requires a future
update release to the HDX6086ftware.

47749 Support Transmission of Join Header as per RFC 3911
48004 Support for BLF call pielip using Dialognfo within an INVITE with Replaces header

48055 Improved user experiencef the Enhanced BLeature when an incoming call occurs whitae
user is viewing BLF monitored line call details.

48109 Included fmtp attribute specifying Mode=30 in the SDP when 13.33 kbps iLBC is used.
48136 Removel platform specific TFTP code and insteadduBETRBupport in curl library 7.19.2
48137 Support forBLF call pickp using Dialognfo within an INVITE with Replaces header
48205 Support for the iLBC Codéapplies toSoundStation IP 6000 and 7000

48559 Consistenscrolling status line on various phong@gplies toSoundPoint IP 450, 550, 560, 650,
and 670; SoundStation IP 6000 and 7000

48578 Reducel the local Contact Directory maximum to 68 the SoundPointP430.
48579 Reduce the maximum number bcalls supported to 4 (from 8) on tif®undPointP430.
48664 Addeduser accessible menu option tlisplay whether a device certificate is installed.

48678 Media Statistics menu is more easily accessibeessed fronMenu > Status> Diagnostics
Media Statistics

48738 Added configurable behavior for Directed Call Pigk as used for Enhanced BLF.
48780 Added option to apply digimap rules to tel:URI initiated calls

48846 Added configuration option for whether the call appearance on a remotely monitored BLF line
should be presented on the monitoring/attendant phone.
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48861 Add configuration optiowolpProt.SIP.strictReplacesHeader to control whether the
phone requires caild, to-tag, and fromtag to perform anl INVITE with Replaces.

48984 Phone will populate the displayame field in the To header of responses that it generates
48998 Added configuration option for the phone to send 486 Busy wiherall is rejected.
49309 Combina the SoundPointP550 and 56@serguides.

49465 Updatal Destination of outbound call based time displayname inthe SPTo header
responses

49660 Duringcall forwardinguser=phoneshould be included irefer -to parameter of Refeheader
49695 Allow for SDP offer or answer in provisional reliable response and PRACK request and response

49839 RTP Rx detegaind correcsfor G.722, G.722.1, G.722.1C, and G.7® tRidestamp increments
based on different sample rates

50769 Added support for HookFlash during POTS callsthe SoundStationP 7000
50927 Added Equifax Secure eBusiness-Ci the trusted CA list.
51419 RFC2548lold not working when video SQ#fesent in certain scenarios

Discontinued Features
48283 Removel support for SoundPoirnf 301, 501, 600and601 phones.
48698 Removel support for SoundStatioliP 4000

Enhanced Capabilities
Application load progress bar matedactual progress

29148 Phone formasthe file system when it noteanerror onthe screen while loading large
configuration files.

29344 HTTP Digest Authentication werdn 11S.
30219 Logs are uploaded when phone resets to factory default

31858 When two phones with a shared lisgmultaneously resume a held call, the phone which did not
retrieve the call shows call in progress on its shared line indicator

34681 The parameterstickyAutoLineSeize andcall.enableOnNotRegistered =0 do not
seizecorrectlyif the 1stline isunregistered

35288 TheWebGonfiguration Utilityuses less memorguring initialization
35991 TheRoaming Buddy list with Office Communicator repdnes proper status oéll buddies
36969 TheSoundStationP6000displayslapanese language correctly
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38348

38392

38418
38824

39013

39143
39949

40679

40892
41939

42092
42213
42611
42761

43910
43916

43990
44100
44248

44273
44278

44301

Updates to Previous Software Releases

TheSRTP call displagsoperline icons in a certain scenamm the SoundPointP 320, 321, 330,
and 331.

Performinga Blind Transfer fronanencrypted phone to an unencrypted private line estaldish
the new call as encrypted

Phoneao longershow SRTCP authentication failure at log level O.

After audio diagnosticsuch asRecord and Play in handsghe 1st callis no longelestablished
in handset mode even if the handset is GIRDOK.

Attaching a cell phone cable thé SaundStationlP 7000no longer invokes the Cell phone Ul
until aphysical cell phonés attached.

TheP-Assertedldentity header in initial INVITE messag@o longewused for caller ID

Thenavigation icorin the Corporate Directorgorrectly displays the available navigation
optionswhen usinghe keypad to navigatéapplies toSoundPoint IP 320, 321, 330, and)331

Changing the status dhe MyStatus menwf the SoundStatioP 6000 changethe OC client
status wherroaming_buddies. reg=1 .

The Time/Dates displayedon the SoundStatiodP 7000 when thefirst phone calis established.

The wser is not able to play th&/AVfile when it has a call on hold and also in remote busy state.
Junk characters appear audio player.

Special Slovenian characten® included inthe phone® fonts
Thed9P:€ string displayon the SoundStatioP 7000 when using URL dialing.
Recording no longer begins when a full USB drive is attached

Pressinghe Content soft key othe SoundStatiolP 7000no longerprompts the user to choose
VGA input

The microbrowsecanprocessan http response wich containsanimage/bmp

Gonfigured sampled wave filesan bedownloaded ontahe phonedepending orsufficient RAM
Disk size.

Missing glyphs in the Katakana bit stream fasnisthe SoundStationP 7000.
Call display names containing an @ symbol no longer truncate characters after the @ symbol.

The mcrobrowserdisplaysan eror message when unsupported medsonfigured in the
microbrowser URL.

Phones can process all contairtsaSP Contact headecontaininga comma separated list

Phone numbes aredisplayed correctly on line keyhen the length o phonenumber is more
than 10 characters.

TheDate is displayedn the SoundStationP 6000 and 700 whenthe idle browser is enabled
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44377 TheRedial key can be reassigned

44443 TheMenu exit vithe Menu key is ignored while in Edit mo@pplies toSoundPoint IP 320,
321, 330, and 331

44635 TheSoundStationP 6000 phone useghe correct configuration parameters to download
customizable fonts

44783 The Ciphelistis the samdor different TLS transactions
44844 USB Call Recording can be stoppsithg the Stop soft key
44855 When usingCall ListstheMissed Callareincremented on Call Forward on Busy

44892 When usingSCA Barghi on the SoundStationP6000 and 700 phones, the useno longer
barges in to the wrong call in certain scenario

44962 Phoneno longerdisplays 3vay animation icon in held screen when conference legs on hold

45143 Whenthe maximum conference size is reach&then usingCentralized Conferengéhe phone
no longerdisplaysalocal conference Ul

45327 When the user stablishesa call between two phones configured as shared linedpres®s
the down arrow key, all soft key® longerdisappear

45428 An unexpected relNVITEo longeroccurs before BYE when removing a leg from a conference
call

45650 In adouble holdwith music on holdaind a norPolycom 8 phone ¢ MOHnNo longerfails.
45658 The patform string in transmitted CDP packets is consistent across SoundPpioducts.
45716 Texton the SoundPointP450 isconsistentas on other phones.

45835 Status Bar texvn the SoundPointP450 is easierto read on some backgrounds.

45943 Correct logicis used when picking line for outgoing call in a multiple registration scenario.
46068 Transfer On Proceeding is supported whesing a proxygerver.

46334 DTMF local rendering does not stdithe far end holds while local digit key is pressed thiea
far end resumes

46478 On the EFK featuréhe phone sendinvite when executing $Cwaitdialtone$
46513 Dialog Event Package Content Guideline 6B (Locaitigen
46514 Dialog Event Package Content Guideline 6C (Local Target)

46547 Warning Header Text notificatiayn the SoundStatiolP 7000 displayson phone (when
configured)

46550 DirectedCaltPickupno longerfails when $server is a proxy.
46588 Info Soft keyon the SoundStationP 7000s no longermissing irthe Contact Directory
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46738 Theattendant.ringType parameter is removed from the override file when default (silent)
attendant ring type is selected

46741 Usingenhanced BLFvhen the watbed line hangs up an outgoing calietremote call
appearance screen tins®ut onthe consolephone.

46770 On the nicrobrowser, thet and # buttons work correctly whethe text input mode is set to
numeric on input fields

46899 When using the elctronichookswitch audiois heardduringan active call ithe useranswes by
pressinghe hookswitch button immediately oa Jabra headset undexspecific scenario.

47039 The line LEDashesnsteadof remainng astable green when an active call is kept ahch
during an incoming call.

47123 When using theJSB Call Recordintipe missed call notificatiomo longer displayen the audio
player screen if an incoming call is not answered during playback

47207 When the MUTE is activan the SoundStationlP 7000jt no longercovers up the dialing fields

47248 Hot dial worlswhen lifting the handset for the second call when
call.stickyAutoLineSeiz e=1.

47300 URL dial disabled message displayd successfulloutesto voicemail from Message Center
tab.

47336 TheReceivetMissed call lisbn the SoundStatiolP 7000 no longeshowsthe IPaddress othe
9Pserver instead of the Extension number of a call received/Missed froifAex@nsion.

47464 When two incoming calls are active on a phglifing the handsebr pressing the handsfree
key to answer the cafio longerresults in the most recent call being answered even though the
ringtone is played according to the first incoming ¢afiplies toSoundPoint IP 320 and 330,
and SoundStation IP 7000

47535 The ®ft keysno longerreset tothe default layout on an inbound call in some multiple call
handling scenarias

47566 When ainternal URI is executed with multiple VolUp and VolDown adtiBh, the Ringer
horizontal bar is seeandthe Volume sound going Wnd Down is heard.

47578 When using theCorporate Directorpn the SoundPointP320, 321, 330, 33%he sticky
attributes are saved.

47612 When usin®BLE cancelling a Transfer for a call that was initiated using Directed CalUBick
sequence resudtin the correct callerid display to the user

47641 ThedNetwork Link down messagen the SoundStationP 7000 displays on the screenless
the phone reboos and comes up with Ethernet cable.

47695 Whenthe phones havetwo registrationsthe NewCall soft keyo longerdisplays for alerting call
appearance when there are max call appearar(egplies toSoundPoint IP 320, 321, 330, 331,
430, and 45
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47699

47712
47724

47729
47746
47798

47847

47853

47862
47863
47916

47921

47929
47932
47951

47953

47958

47962
48003

48011

48019

When usingKML APInternal URI®n the SoundStationP 6000 the Tel URI is workproperly if
embedded within a couple of internal URI actions.

Alocal contact directory searabn the SoundPointP320,321,330, and 331wvorks correctly.

Mute icon and Call appearance counter the SoundPointP450 no longerconflict when DND
isturned on and multiple call appearances are present on the phone

The m-hook dialing widgeho longeruses multitap behavior but is not in multap mode
TheNewcCall soft keis notdisplayed when phone holds max conference calls

Thelocation ofthe Transfer and Conference soft keysthe SoundStatiolP 7000 are more
easily accessibl@uring conference setup.

When usin@BLF the nonitoring phonecontinuesringing ifa shared line is seized whilke
monitored line has an toming call

When the leadset memory modeés active the Headset keycontinuesblinking during incoming
calls after endingthe firstactive call.

TheTime and Dat®n the SoundStationP 6000 displays duringa call
The ghone@ HTTP servasno longersending some HTTP traffic in very small TCP segments

TheResume soft kegn the SoundPointP320, 321, 330, and 334 available for 2nd call
appearance after splitting conf established through Join from different shared line edgiss.

The order of call appearances the SoundPointP320, 321, 330, and 33% consistentwith
other phones after splitting. conference

Rendering special characters like no longer break the hyperlink style display.
TheCallwidget counter (1/n) appeawhile inthe dial tone state.

Transferthasprecedence over pickup of a ringing BLF line when pressing thieeyngéuring a call
transfer.

Call info displapn the SoundStationP 6000 displays properly when volumeip/down keyis
pressed.

More than one contact can be add&thenthe SoundStatiodP 7000s configured with no
Ethernet cable connected + HDX

An incorrecticonis no longedisplayed when Redialing POTS @althe SoundStatioriP 7000

TheSoundStationP 7000 poneno longerdialsaPOTS call asvideo call when dialing frore
idle state for a certain configuration.

Use of the Idle Browsem the SoundStationP 7000no longerinterferes with some display
elementssuch as thévute Icon, Video/Phone Call Pojp when connected to HDX

The popup messageéVideo or Phone Cai®s no longeroverwritten by idle browseon the
SoundStationtP 7000.
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48045 When using shanced BLRhe thone holdsthe first call whenpressing theDial soft key to make
the secondcall to the same called party

48049 When usingBLFE the d@tendant phone displayall remote calls on a BLF monitored line if the
Monitored Phone has a call in the Ringing state.

48061 When using ehanced BLRhe atendant phone updates thel/x widget whenthe BLF
monitored line has oner multiple incoming calls being ended

48069 When using thesCA Bargh feature, extra soft keys ar@o longerdisplayed on remote shared
phone while viewing call appearance list by lomggsing line key

48071 Key:Handsfree internal URI action is executethieyphone in a certain scenario.
48115 HDXno longerplaysaring sound after answering POTS oallthe SoundStatioriP 7000.
48131 Call Forwarding Statusw showsmultiple CalForward Types are selected.

48149 SDP attributes no longetruncated when first character of the value is a digit

48162 TheBoot Server status fieldo longershowsanincomplete or blank path if a / is included in the
setting.

48174 A failed callino longercauses subsequent calls to skip URL/Number mode selection

48179 A alled Party number iso longershown overlapped in incoming event notificatiomen 1P
dialed callsare madebetween unregistered phones.

48209 Leftmost character can be deletdmkfore character selection timeout
48213 Key:LineXsexecuted only if X is a supported line key for that platform.

48333 When using theJSB Call Recordiniipe USB busy indicator appesasn main screen when
recording in progress.

48414 Thephoneno longeroccasionally fails to act dhe electronic hookswitch up/down signal from
Plantronics and Hydra headsets.

48700 When using theJSBCall Recordingplaybackcan be stopped through a Stop soft key.

48745 LDAP Critical Extension Error OROdonge causeghe CD Serveto not respondto message
from phone.

48981 SRTHRo longerfails in 3.1.2 when the user presses Hold then Resume during a call. This happens

on several different models @P phone.
48996 Phone tagcorrect DSCP value to some paskglfirying, Ringing and OK)
49106 The entire dialed URL is savedink S LJ&a# iis® a
49251 ThePolish XML Dictionary incluslPolish charactets

49300 Ensure thatthe DTMF tonsare being sent via the dtmf start/stop Clink2 A&fiplies to
SoundStation IP 7090
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49417 Thephoneno longerreports MOH dialog if SUBSCRIBE received while on hold
49459 Cancel workafter entering hot dial digits.
49461 DND symbol(X) appesafter the DND feature is disabled in a certain configuration.

49473 When using theCorporate Directoryn the SoundPointP320,321,330,331, usingthe # key to
change text entry mode it resethe Quick Search timeout timer

49476 The rolling indicatorson the Corporate Directoryork better.

49512 HTTP Refresh headersponse loasdthe specified URL on the phones after the specified amount
of time has passed, in a certain situation.

49516 Hanging ughe handset terminats callsin Audio or Display Diagnostics
49523 Asian fontsare cleaer on the SoundPointP450 and SoundStatidi? 7000.

49548 ThekEdit and Delete soft keyan the SoundPointP320, 321, 330 and 33disappeaafter
deletingthe last contact

49572 When using theCorporate Directorgn the SoundStationP 7000 numeric characters can be
enteredin the Quick Search entry field.

49617 Thephone plagadial tone after a hold reminder is played in certain scenarios.

49619 The @ll waiting beep plagon phone when call hold reminder is set.

49620 Volume settings for Recording work in handsfree mode.

49639 TheHandsfree dial tone iso longerinterrupted by hold reminder and call waitimgtones.
49641 Call info displapn the SoundStationP 6000 and 700 displays properly while changing volume.
49677 The hone compleswith RFC4475 3.1.2.3 Negative Contkangth

49685 OnSoundPointP320, 321, 330, and 33¥%ou carenter URLs with uppercase letters

49692 Thesecondscolon inthe time displayblinks for every seconan the SoundPointP450.

49693 TheACD icornisdisplayed wherthe parameter
volpProt.SIP.serverFeatureControl.cf =1 is enabled.

49696 After a long LAN outagehile downloadinga new applicationwhenthe phone reconnectto
the network it displays an error message.

49701 TheSoundStationP 7000 pone response withieg.1.server.1.expires =5 setting is
consistent

49706 TheSPExtersion display on th&oundStatioP 7000 is no longer disabled afteratianecting
from HDX with HDRreference option

49757 TheSoundStationP 7000 phone displag Network Link is Down after the cable is disconnected
from a hub
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49758 TheSoundStatiolP 7000 phoneno longergets into a bad state anchnrecover from
temporarily unplugging network connection during an active call.

49776 If dir.corp.user is migonfigued, the phone displasilogin Error

49813 When using theCorporate Directorythe phones no longatisplayEnter More Chars when
submitting a string that returns no results in the Quick search mode.

49825 When using theCorporate Directorythe Hack ackground fothe Search badisplays
consistently on differenplatforms

49829 NTP Time synchronizatigreliable in a particular scenario.

49834 Whenusing theCorporate Directoryif VLV indexing is configured and an Advanced Find yields
more resultghan the configured pag8ize (Default is 643crolling through the entries waosk
correctly.

49836 If the Corporate directory is down and the phone reboditg phones displays a staftiease try
again nessage

49911 Incomingring tones arelayed on he phone in a certain enhanced BLF use case.

49926 TheSoundPointP320,321,330,and331phones no longeauto-incrementthe new contacts
speed dial index to 100 even though the maximamount ofentries is 99.

49927 After an AdvFind search, exit andeater Corp Dir menu, phone displays search bar as Search:
not Search (Filteredppplies toSoundPoint IP 320,321,330,331 and VVX 1500

49929 TheSoundStationP 7000 is displayHDX Extension, when voice call type is set to Auto and
phone is not registed to $Pserver

49981 After rebooing theSoundStatioP 7000Qthe proper HDX extension is displayed.
49982 TheSoundPointP320, 321, 330and 331 phonesreconfigure when DHCP lease expires.

49989 TheSoundStationP 7000 phone isno longeradding contact directories frorte call list with
the existing speed dial number.

49977 TheSoundPointP320, 321, 330, and 33dhonesdisplay the selected status under MyStat
menu

50090 The $undStationlP7000 phone displagan Active Conference scraeon joining a remotely
held SLA call without first holding the local call

50099 Consultative Transfero longerfails ifthe secondeg is forwarding and its 302 response is
handled by proxy

50109 Volume level®n the SoundStationP 7000are in Sync wén Dialing a Video call

50110 AnEnter numbemessagalisplaysfor Video and audio calls once the Ethernet is remowed
the SoundStationP 7000
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50115

50118
50137

50153

50159

50189
50212
50253

50254
50255
50256

50264
50299

50381

50397
50407

50523

50546

50811
50869
50891

The DTMF tone of the first digih the SoundStationP 7000 plays at th8oundStationP 7000
volumeinstead of the HDX volume

Dial tone volume and Hands Free volume arsyitton the SoundStationP 7000

The volumeno longerresets to defaulton the SoundStationP 7000after aPOTS call is
connected ifvoice.volume.persists.handsfree =0.

When using theCorporate Directorysetting the Primary Attribute as sticky
dir.corp.attribute.1.stick y=1 gives a cleareuser interface behavior.

When using the&Corporate DirectoryaQuick search oanon-null sticky primary filters no
longer missing records

SPresponsesre no longemissingthe to-tag afterthe phone challenges INVITE
Scrolling upward for a whilen the Corporate Directorgorts thephoneentry listin order.

When using theCorporate Directoryn the SoundStation IP 7000and théit phone number
attribute in AdvFind menu, pressing tre 1/A/a soft keycreatesan Encoding sft key.

The ghone doeshonorsSDP sent in PRACK.
SPReliable Provisional responses are retransmitted.

When not yet registeredphones will experience mndom delay of 3®0 sec between
registration attempts

Global prefix+épresent on calls made from Placed Calls list.

When using theCorporate Directorgn the SoundStationP 7000,Quick searia text input starts
at thefirst multi tap character

Pressinghe left navigation keyn the SoundPointP 320, 321, 330and 331 beforethe
character selection timeouto longermoves cursor 2 spots

TheSoundStationP 7000 phone displaglicenses correctly ithe status screen

Whenthe Corporate Directory server is down with phone connecting to LDAP server, a quick
searchresults in the phone displaying a proper error message.

When using theCorporate Directorpn the SoundPmt IP320, 321, 330, 33%he phone
displays the Contact title inthe View menu

With URL dialing disabled BLIND soft key appears in ttiérd soft key slo@after pressing
TRNSFER.

P-Asserted ID display nanieasticky on Ul call appearam@nd inthe placed call list
The ghone will only offer SRTP when SRTP crypto suite is selected

The Resumsoft keyon the SoundStatiodP 6000 and 700 is displayed when the phone is put
on hold on another shared line phone.
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50989 Receiving 603 Decline by a BLF monitored user gtageorder tone
51041 Regarding¢ldieBrowserSelectUrhttp://url isno longerremembered by the phone
51245 BLF state is updated on receipttbé firstfull state NOTIFY after a reboot

51320 The messag€onference in Another Video or phone callAddongerdisplayed in a loop for
each press on Conf hard k@applies toSoundStation IP 7000

51432 TheConference Hard key Popup Messagethe SoundStationP 7000 does not display any
message except dirdg allowing the user to make a video call..

51554 Phoneso longeradd an additional CRC to some 802.1X packets received on the PC port.
51567 Server based CFWD/DND sywodongerfails on 3.1.2.0392

51605 APIPush request witho longer bdost if itimmediatelyfollows another push request.

51631 The honereleases thdirst assignedPaddress when VLAN is set via DHCP.

51633 The ghone plag busy/reorder tone upon a refebbased transfer when it gets a 603 or 486
response

51644 CertainJapanese stringsow displaycorrectly.

51690 TheEFK feature is used for one touch Voicemail dialing. When H&ikgwittSIP3.1.3 the
phonehonors thestickyautolineseize

51718 The ghoneno longercontinues to ring aftea call has been answered withcertain call
signaling sequence.

51763 When adding video to an existing aafl aSoundStationP 7000, pressing tHdute key
successfully mutes the far end.

51838 Japanese characters are properly displayed

5201453597 In 3P3.x.x when anlPphone pcks up a transferred call in a certain scenario, the call is
connected instead of being placed on hold.

52017 TheWeb interface issue Passwordtgnis masked when entered.

52108 The fhonesuccessflly restores destination to Asserted Identity or Remote ID after a transfer
fails.

Configuration File Enhancements

Refer toTable #: Sofware Version 3.2.@ Gonfiguration File Parameter Enhancemefdsalist of the
parameters that have been addedhanged or deleted from the templatgphonel.cfgand sip.cfgfiles.
You can findurther descriptiors of parametersn Administrator€Xuide for the SIP 3@Release

Note also that the templatéle 000000000000.cfhas been modified in order to facilitate support for
the Legacy phones and the VVX 1500 in this release.
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Table X4: Sofware Version 3.2.@; Configuration File Parameter Enhancements

File Change Configuration Parameter Old Value New Value Description
sip added call.directedCallPickup native or SeeAdministrators
Method legacy Guide for SIP 2.0
for details
sip added call.parkedCallRetrieve native or
Method legacy
sip added call.parkedCallRetrieve Star code  SeeAdministrators
String Guide for SIP 3.2.0
for details
sip added dialplan.applyToRemote Oor1; A flag to determine if
Dialing Defaultis 0 the dial planapplies
to calls made
through the Polycom
HDX system.
sip added dialplan.applyToTelUriDial Oorl A flag to determine if
Defaultis 1 the dial planapplies
to uses of theel://
URI
sip added ind.class.2.state.35.index 44 Changes Relating to
i - d.class2 -~ screen layout
sip added ind.class.2.state.36.index 42 modifications
sip added ind.class.2.state.37.index 43
sip changed ind.gi. IP _400.4.physX 122 0
sip changed ind.gi. IP _400.5.physX 112 10
sip changed ind.gi. IP _4000.6.physH 12 0
sip changed ind.gi. IP _4000.6.physW 14 0
sip changed ind.gi. 1P _4000.6.physX 16 0
sip changed ind.gi. IP _4000.6.physY 2 0
sip changed ind.gi. IP _450.16.physX 176 196
sip changed ind.gi. IP _450.17.physX 176 196
sip changed ind.gi. IP _450.18.physX 176 196
sip changed ind.gi. IP _450.19.physX 176 196
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File Change Configuration Parameter Old Value New Value Description
sip changed ind.gi. IP _450.2.physX 40 20
sip changed ind.gi. IP _450.3.physH 20 0
sip changed ind.gi. IP _450.3.physW 20 0
sip changed ind.gi. IP _450.3.physX 20 0
sip changed ind.gi. IP _450.3.physY 2 0
sip changed ind.gi. IP _600.13.physH 103 111
sip changed ind.gi. IP _600.13.physY 0 25
sip changed ind.gi. IP _600.4.physY 105 3
sip changed ind.gi. IP _600.6.physH 20 0
sip changed ind.gi. IP _600.6.physW 20 0
sip changed ind.gi. IP _600.6.physX 113 0
sip changed ind.gi. IP _600.6.physY 110 0
sip changed ind.gi. IP _7000.3.physH 20 0
sip changed ind.gi. IP _7000.3.physW 20 0
sip changed ind.gi. IP _7000.3.physX 20 0
sip added  Icl.mllang.menu.1.label 9z Language selection
(zhcn) displayed in the
appropriate
sip added Icl.ml.lang.menu.10.label language.
(iajp)
sip added Icl.ml.lang.menu.11.label
(ko-kr)
sip added Icl.ml.lang.menu.12.label Norsk
(no-no)
sip added Icl.ml.lang.menu.13.label Polski (pipl)
sip added Icl.ml.lang.menu.14.label Portugués
(pt-br)
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File Change Configuration Parameter Old Value New Value Description
sip added Icl.ml.lang.menu.15.label mm
(ru-ru)
sip added Icl.ml.lang.menu.16.label Slovenski
(sksi)
sip added Icl.ml.lang.menu.17.label Espafiol
(eses)
sip added Icl.ml.lang.menu.18.label Svenska
(swse)
sip added Icl.ml.lang.menu.2.label Dansk
(da-dk)
sip added Icl.ml.lang.menu.3.label Nederlands
(nknl)
sip added Icl.ml.lang.menu.4.label English
(enca)
sip added Icl.ml.lang.menu.5.label English
(en-gb)
sip added Icl.ml.lang.menu.6.label English
(enrus)
sip added Icl.ml.lang.menu.7.label Francais
(fr-fr)
sip added Icl.ml.lang.menu.8.label Deutsch
(de-de)
sip added Icl.ml.lang.menu.9.label ltaliano
(it-it)
sip added log.level.change.lldp 4 Control the logging
detail level for the
LLDP feature.
sip added mb.main.autoBackKey 1 SeeAdministrators

Guide for SIP 3.2.0
for details
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File Change Configuration Parameter Old Value New Value Description

sip changed ramdisk.minfree 3072 3150 Minimum amount of
free space that must
be leftafter the RAM
disk has been

created

sip changed se.patringer.13.name Sampled 1 Customer ringer file

: names.

sip changed se.patringer.14.name Sampled 2

sip changed se.pat.ringer.15.name Sampled 3

s|p Changed se.pat.ringer.16.name Samp|ed 4

sip changed se.patringer.17.name Sampled 5

sip changed se.patringer.18.name Sampled 6

sip changed se.patringer.19.name Sampled 7

sip changed se.patringer.20.name Sampled 8

s|p Changed se.pat.ringer.21.name Samp|ed 9

sip changed se.pat.ringer.22.name Sampled

10

sip added sec.srtp.requireMatchingTag Oorl A flag to determine
whether or not to
check the tagralue
in the crypto
attribute in an SDP
answer.

sip changed tone.dtmf.rfc2833Payload 101 127 The phoneevent

payload encoding in
the dynamic range to
be used in SDP
offers.
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File

Change

Configuration Parameter Old Value

New Value

Description

sip

added

up.idleBrowser.enabled

Oor1l,
defaultis O

A flag to determine
whether or not the
background takes
priority over the idle
browser. Used in
conjunction with
up.prioritizeBac
kground.enable

sip

added

up.prioritizeBackgroundMenu
Iltem.enabled

Oor1l,

default is 1.

If set to 1, the
Prioritize Backgrounc
menu isavailable to
the user. The user
can thendecide
whether or not the
background takes
priority over the idle
browser. Used in

conjunction with
up.idleBrowser.e

nabled .

sip

added

up.screenCapture.enabled

Oor1;
Default is O

A flag to determine
whether or not the
usercan get a screen
capture ofthe

current screen
shown on a phone.
The flag is cleared
whenthe phone
reboots.

sip

added

voice.audioProfile.iLBC.
13_33kbps.payloadSize

30

sip

added

voice.audioProfile.iLBC.
15_2kbps.payloadSize

20

sip

added

voice.audioProfile.iLBC.
jitterBufferMax

160

sip

added

voice.audioProfile.iLBC.
jitterBufferMin

40

sip

added

voice.audioProfile.iLBC.]
itterBufferShrink

500

SeeAdministrators
Guide for SIP 3.2.0
for details
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File Change Configuration Parameter Old Value New Value Description
sip added voice.audioProfile.iLBC. 110
payloadType
sip removed Voice.audioProfile.Lin16. 120 Parameter renamed.
44.1ksps.payloadType
sip added voice.audioProfile.Lin16. 120 SeeAdministrators
44 _1ksps.payloadType Guide for SIP 3.2.0
for details
sip added voice.audioProfile.Lin16. 116 SeeAdministrators
8ksps.payl oadType Guide for SIP 3.2.0
for ils
sip added voice.codecPref.iLBC. or deta
13 33kb ps
sip added voice.codecPref.iLBC.
15_2kbps
sip added voice.codecPref. IP _6000.
iLBC.13_33kbps
sip added voice.codecPref. IP _6000.
iLBC.15_2kbps
sip added voice.codecPref. IP _650.
iLBC.13_33kbps
sip added voice.codecPref. IP _650.
iLBC.15_2kbps
sip added voice.codecPref. IP _7000.
iLBC.13_33kbps
sip added voice.codecPref. IP _7000.
iLBC.15_2kbps
sip added volpProt.SDP.early.answerOr If setto 1, an SDP

Offer

offer or answer is
generatedin a
provisional reliable
responseand PRACK
request and
responself set to 0,
an SDP offer or
answer is not
generated.
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File Change Configuration Parameter Old Value New Value Description
sip added volpProt.SDP.offer.iLBC. SeeAdministrators
13_33kbps.includeMode Guide for SIP 3.2.0
for details
sip changed VvolpProt.server.1.port 5060 The ort of a 3P
server that accepts
registration
sip added volpProt.server.2.address
sip added volpProt.server.2.expires Minimum now 10
sip added volpProt.server.2.expires. 30
lineSeize
sip added volpProt.server.2.expires.
overlap
sip added volpProt.server.2.Ics
sip added volpProt.server.2.port
sip added volpProt.server.2.register 1
sip added volpProt.server.2.retryMaxC 0
ount
sip added volpProt.server.2.retryTime 0
Out
sip added volpProt.S  IP .compliance.RFC If set to 1, validation
3261.validate.contentLength of the SPheader
content language is
enabled.
sip added volpProt.S  IP .compliance.RFC If set to 1 or Null,
3261.validate.uriScheme validation of the 8
headerURI scheme it
enabled.
sip added volpProt.S  IP .strictReplaces This parameter
Header

applies only to
directed callpick-up
attempts initiated
against monitored
BLF resources.
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File Change Configuration Parameter Old Value New Value Description
sip added volpProt.S P .use486for If set tol and the
Reject phone is indicating a
ringinginbound call
appearance, phone
will transmita 486
response to the
received INVITE
whenthe Reject soft
key is pressed.
phonel added attendant.behaviors.display 1 Flags to determine
.remoteCallerID.automata whether ornot
phonel added attendant.behaviors.display 1 remote party caller
.remoteCallerlD.normal IDinformation is
presented to the
attendant.
phonel added attendant.behaviors.display 0 Flags to determine
.spontaneousCallAppearances whether ornot a call
.automata .
appearance is
phonel added attendant.behaviors.display 1 spontaneously
.spontaneousCallAppearances presented to the
.normal attendant when calls
are alertingon a
monitored resource
phonel added attendant.resourceList.x. The value of The user referenced
address x depends by
on the attendant.reg=
phone will subscribe to this
ForlP450 URI for dialog.
x=12;
IP550, 560
X=13;
IP650, 670
x=147
phonel added attendant.resourcelList.x. Text label to appear
label on the display
adjacent to the
associatedine key
phonel added attendant.resourceList.x. normal Type of resource

type

being monitored.
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File Change Configuration Parameter Old Value New Value Description
phonel changed attendant.ringType 1
phonel added dialplan.1.applyToTel 1 When present, and if
UriDial dialplan.x.digit
- mapis notNull, this
phonel added  dialplan.2.applyToTel 1 attribute overrides
UriDial the global dial plan
phonel added dialplan.3.applyToTel 1 defined in thesip.cfg
UriDial configuration file.
phonel added dialplan.4.applyToTel 1
UriDial
phonel added dialplan.5.applyToTel 1
UriDial
phonel added dialplan.6.applyToTel 1
UriDial
phonel changed divert.noanswer.1.timeout 60 55 Modified No Answer
. . Timeout
phonel changed divert.noanswer.2.timeout 60 55
phonel changed divert.noanswer.3.timeout 60 55
phonel changed divert.noanswer.4.timeout 60 55
phonel changed divert.noanswer.5.timeout 60 55
phonel changed divert.noanswer.6.timeout 60 55
phonel added reg.1.server.2.address SeeAdministrators
- Guide for SIP 3.2.0
phonel added reg.l.server.2.expires for details
phonel added reg.l.server.2.expires.line
Seize
phone]_ added reg.l.server.2.expires.over
lap
phonel added reg.1l.server.2.lcs
phonel added reg.l.server.2.port
phonel added reg.l.server.2.register
phonel added reg.l.server.2.retryMax

Count
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Updates to Previous Software Releases

File Change Configuration Parameter Old Value New Value Description

phonel added reg.l.server.2.retryTimeOut

phonel added reg.2.musicOnHold.uri

phonel added reg.2.server.l.Ics

phonel added reg.2.server.2.address

phonel added reg.2.server.2.expires

phonel added reg.2.server.2.expires.line
Seize

phonel added reg.2.server.2.expires.over
lap

phonel added reg.2.server.2.Ics

phonel added reg.2.server.2.port

phonel added reg.2.server.2.register

phonel added reg.2.server.2.retryMax
Count

phonel added reg.2.server.2.retryTimeOut

phonel added reg.2.tcpFastFailover

phonel added reg.3.musicOnHold.uri

phonel added reg.3.server.l.lcs

phonel added reg.3.server.2.address

phonel added reg.3.server.2.expires

phonel added reg.3.server.2.expires.line
Seize

phonel added reg.3.server.2.expires.over
lap

phonel added reg.3.server.2.Ics

phonel added reg.3.server.2.port

phonel added reg.3.server.2.register

phonel added reg.3.server.2.retryMax

Count
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File Change Configuration Parameter Old Value New Value Description

phonel added reg.3.server.2.retryTimeOut

phonel added reg.3.tcpFastFailover

phonel added reg.4.musicOnHold.uri

phonel added reg.4.server.1.Ics

phonel added reg.4.server.2.address

phonel added reg.4.server.2.expires

phonel added reg.4.server.2.expires.line
Seize

phonel added reg.4.server.2.expires.over
lap

phonel added reg.4.server.2.Ics

phonel added reg.4.server.2.port

phonel added reg.4.server.2.register

phonel added reg.4.server.2.retryMax
Count

phonel added reg.4.server.2.retryTimeOut

phonel added reg.4.tcpFastFailover

phonel added reg.5.musicOnHold.uri

phonel added reg.5.server.l.lcs

phonel added reg.5.server.2.address

phonel added reg.5.server.2.expires

phonel added reg.5.server.2.expires.line
Seize

phonel added reg.5.server.2.expires.over
lap

phonel added reg.5.server.2.lcs

phonel added reg.5.server.2.port

phonel added reg.5.server.2.register
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File Change Configuration Parameter Old Value New Value Description

phonel added reg.5.server.2.retryMax
Count

phonel added reg.5.server.2.retryTimeOut

phonel added reg.5.tcpFastFailover

phonel added reg.6.musicOnHold.uri

phonel added reg.6.server.1.Ics

phonel added reg.6.server.2.address

phonel added reg.6.server.2.expires

phonel added reg.6.server.2.expires.line
Seize

phonel added reg.6.server.2.expires.over
lap

phonel added reg.6.server.2.Ics

phonel added reg.6.server.2.port

phonel added reg.6.server.2.register

phonel added reg.6.server.2.retryMax
Count

phonel added reg.6.server.2.retryTimeOut

phonel added reg.6.tcpFastFailover

Understanding Updates to SIP3.1.7

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes td51P3.1.7 beside their respective Polycom tracking ID number.

New or Enhanced Features
61028 Added sipport for SoundPoint IP 430.

61547 Phones novsend a 486 (Busy) response to a received INVITE message when a call is rejected.
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Enhanced Capabilities

51718

52968
53975

55884

58689

58728

59789

60051

60141

60145

60177

60264

60340

60480

60756

61264

Under certain configurations, phone no longer continues to ring after the call has been
answered.

Deleted instant messages can be removexirfithe main screen

The phones send a SUBSCRIBE message in a certain scenario when using an SCAiwith barge
enabled.

The displag on aSoundPointP650 with expansion modules no longieeezeduring a
consultative transfer.

The phonesio longer send a 486 if an INVITE is received after a NOTIFY for the alerting state
and the configuration parameternalisPerLineKey is setto 1.

The phone presents the NewCall soft key and the EndCall soft key to allow the user to release
the calland place the phone into idle state after hanging up the call during a consultative
transfer.

On the SoundPoirP 650, the user is able to properly resume a held call after answering a
different call.

On the SoundPoirP 650 using a BLA, thisplay does shows the status of the remotely held
call while there is an active call currently displayed. Pressing the Down Arrow key followed by
the Up Arrow key refreshes the display to properly show the status of the held call.

On the SoundPoirP 650, on a Bridged Line Appearance BLA line, the display incorrectly
indicates 2 call appearances when there should only be one for the active call. The 2nd call
appearance is for the previously held remote call that is no longer on hold.

On the SandPointlP 650 using a BLA, the display on the phone correctly presents 2 call
appearances instead of only one.

The display on the SoundPoint IP 5xx and 6xx presertdialed digits when the idle display
feature is enabled.

During a call usg a BLA line, when the display is showing the dialing screen, remote call
appearances are no longer displayed when the remote phones BLA line resumes a call.

The Join soft key no longer displays for phones with BLA lines when there is only aatveall
on the phone.

A phone monitoring other BLA lines show the presence (LED goes out) of a BLA line when that
monitored line joins two other calls.

A phone monitoring a Shared Call Appearance line presents a correct presence indication of a
BLA line when that monitored line joins two other calls in a centralized conference.

Calls placed on hold using a shared BLA line timeout when a remote phone picks up the held call
(on the BLA line).
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61283 When a user attempts to place a conferergadl on hold and the phone receives a 400 Bad
request. The phone no longer sends a NOTIFY wdhasnpname=+sip.rendering pvalue=ro /

61298 When 1.2Mbps of multicast traffic is passed through the PC port on the SoundPoint IP 601
phone, the data port nooihger experiences a packet loss of 17%.

61299 When a phone has established a centralized conference call, the user is able to transfer a third
incoming call.

61321 When a phone joins a centralized conference bridge, other monitoring phones correctly show
the BLA line as being on hold instead of being in use.

61547 The fhone sends a 486 Busy message when a call (INVITE) is rejected. A binary configuration
parameter is added tsip.cfgcalledvolpProt.SIP.use486forReject . By default,
(parameter is 0) the feate is disabled. If the parameter equals 1, the feature is enabled. If
enabled and the phone is indicating a ringing inbound call appearance, then upon pressing the
Reject soft key, the phone will transmit a 486 Response to the originator of the recEiVETH
message.

61725 Users can pick up a held call after multiple hold/resume interactions on the phone.

6195062024 The ghone honosa retry-after header in a 500 Glare message responding to a BLA re
SUBSCRIBE message.

62036 TheSoundPoint IP 3xx phomentinues sending DTMF RTP EVENTS when receiving a second
incoming call while it is already active on a previously established call.

62050 TheSoundPoint IP 650 phone properly updates the number of held calls after sending 200 OK
messages as part of the tifications process.

62127 The Blind transfer soft key on the SoundPoint IP 650 is presented on the display when the
Transfer soft key is pressed on the second call.

62223 The hone no longer crashes after resuming a held call using a BLA.

62226 The ghoneno longer proceeds to join a conference after receiving a 403 Forbidden from the
switch.

62262 The phone no longer establishes-avay audio path after it has restablished a centralized
conference call with the dropped®arty. This behavior is obsemt with Sylantro switches.

62279 The presence indicator on a Bridged Line Appearance displays correctly after the phone receives
a 486 message.

62313 Using a BLA configuration, a dial tone is present when pressing the second line key followed by
lifting handset after holding a call on first line appearance.

62361 The call status on a BLA Bridged Line Appearance (configured for 1 call per line appearance) of a
monitoring phone is updated correctly when transfer/conference soft key is pressed.
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62435

62511

62514

62569

62669

62672

62704

62926

63099

63286

64212

64219

64271

64274

64327

The SounBoint IP 650 phone correctly displays a call appearance labeled Unknown Party if the
remote party is held while reorder tone is played locally.

In certain situations, the monitored Busy Lamp Field line invokes an incoming call notification
(icon andtone).

In certain situations, the status of the monitored Busy Lamp Field lines on the SoundPoint IP 670
is removed from the display even though the status has been updated by the switch.

The ghoneno longer generates a redundant NOTIFY mesgdugm triggered by a 100 response
during a reINVITE.

Whenmultiple phones try to resume a held Bridge Line Appearance BLA line at the same time,
the presence indicator on the BLA line is preserved on the trailing phone when the reorder tone
is playel.

Either Directed Call Pickup DCP or Group Call Pickup feature (using soft keys instead of *53 and
*54 feature access codes) no longer fail when the user enters an account code. The account
code is appended to the user portion of the URI.

Thepresence indicator of a Bridged Line Appearance BLA is updated correctly on monitoring
phones when the phones LAN data cable is disconnected and theanrected.

The Resume soft key on the SoundPoint IP 3xx is displadye the line key is pressed
continuously while the line is in a remote held call state. This occurs when the line is configured
ascallsPerLineKey=1

The phones monitoring Bridged Line Appearance BLA line, configured for one call per line, can
pickup the held call after theall on a BLA line has been put on hold using the
Transfer/Conference key.

¢CKS LIK2ySQa tIF NI bdzyo SN NEYY¥WAGSR O2NNBOGT @
Invoking the Call Park feature with the soft key on the SoundPoint IP 3xx functions correctly
when the soft key is configured as 1 line and 1 call per line.

TheSoundPoint IP 3xx phone sends a proper hold NOTIFY message after a consultative transfer
is canceled when the configuration parametetifyTransferHoldAsActive is disabled.

In anattempt to answer an incoming call, the call is no longer unintentionally terminated. This
occurs when the incoming calls line key is pressed simultaneously as the handset is lifted

In an attempt to resume a held call, the held call is no longéntentionally terminated when
the user inadvertently seizes two line keys simultaneously.

In an attempt to answer an incoming caikh the user inadvertently pressing 2 line keys, the
user is no longer connected to both lines one with an incorailgr on one and a dial tone on
the other..
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64340 The indicator, on a Bridged Line Appearance BLA line that is monitoring other lines, blink after
the monitored phone performs the following sequendeansfer > Split > EndCall > Resume >
Hold.

64356 The dsplay on the SoundPoint IP 3xx showing a remote call appearance times out when the user
presses continuously a BLA line key followed by pressing a down arrow key while there are
multiple calls on hold on the remote BLA.

64822 When configuring the SoundRuilP 3xx phones usirgyp_att.cfg the phone no longer shows
Service Unavailable when the speed dial key is pressed while the phoné&dkff

64862 Joining an internal extension with an external PSTN call no longer causes one call to drop.

65119 Whena Bridged Line Appearance BLA line is presented in a dialing screen, the remote call
appearance is correctly displayed when the remote BLA line resumes a call.

65207 A slow memory leak due to the receipt of hunt group INVITE containing replaces no longer
occurs in the SIP stack

67186 All soft keys on the SoundPoint IP 301, 501, and IP 601 no longer disappear on the assistant
phone when pressing down the arrow key after placing multiple calls on hold with the boss line
appearance.

Configuration File Enhance ments

Referto Table b: Software Version 3.1F Gonfiguration File Parameter Enhancemefdsa listof
enhancements made to software version 3.1.7 configuration file parameters.

Table B: Software Version 3.1.¢ Configuration File Parameter Enhancements

File Action Parameter Modification Description

sip added volpProt.SIP.use486forReject Defaults to null

sip added call.localConferenceEnabled=1 Defaults to 1
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Known Issues and Suggested
Workarounds

The following issues will be fixeddrsubsequent release.

24805 Cannot answer an incoming call while directory is being sdwedts in SIP 1.1.80
workaround is currently available.

26615 Subnet mask forces all packets through gateway when not using DHCP and when using the
wrong subneimask for the network class in use, for example using 192.168.X.X addresses with a
255.255.0.0 subnet maskxists in SIP 1.4.x.

Workaround:Use the correct subnet mask.

26920 Centralized conference fails due to RTP port being slow to open in someEsdstssn SIP
1.3.2.No workaround is currently available.

27469 Local Conferencing di?4000 phones is disabled if G.729 is in the Codec preference list
Workaround:Disable G.729 as a Codec option on the phone by sefting.codecPref.|P
_4000.G729AB =¢€ 4(NULL). Exists in Sip 1.5.0.

30086 Boot servers running explicit FTPS are not suppog&egists in SIP 1.6.3.

Workaround:Use implicit FTPS or HTTPS.

30371 Pattern generator for tones does not work well for the case of a single repeating.chord
Workarourd: Start the pattern with a short period of silence then the desired initial chord. Loop
back to the desired initial chord instead of the initial silence.

31322 Index for distinct ringtones is incorrectly mapped. No workaround is currently available.

33445 LCS Presence and dialing from Buddy Lists does not work across Federations
Workaround To dial contacts across federations program a speed dial withlEhgR of the
contact. There is no workaround for watching Federated Buddy status from the phone.

33593 Shared line does not show remote active for the second incoming callsierLineKey
parameter is set to 1
Workaround SetcallsPerLineKey parameter to a value greater than 1.

36954 Block/Unblock Buddy is not fully functiorfapplies to all SoudPoint IR. No workaround is
currently available.

37175 If configuration files are used to set the SNTP server address, date validity checking on CA
certificates will be ignored for https provisioning.

Workaround Set the 8ITP server address through thkegme Ul or use DHCP to inform the
phone of the SNTP server addses
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37273 If the custom idle @play anddle browser features are both enabled the phone Ul displays
incorrectly.
Workaround Do not setind.idleDisplay. enabled=1 and enable the Idle Browser at the
same time.

37437 When SRTP is used with both Authentication and Encryption enabled on Sourn&36iht 501,
600 and 601 platforms, and thregay conferencing is enabled the phone wébootwhen a
local conference is attempted.

Workaround Disable local conferencing by settiser.srtp.leg. allowLocalConf=0  (this
is the default settingdr disable SRTP Authentication.

37984 Enabling the Idle bimap on SoundPoirlP330and 320 phones causdhe Line Key labels and
dialed digits to be invisible
Workaround Do not use the idle bitnap on 330/320 phonesnstead set
ind.idleDisplay. enabled=0 .

38347 The video call appearance disappears from the SoundStHio®00 Ul and the far end audio is
routed to both thelP7000 and the HDX when the external microphone is plugged inttRthe
7000 during a video caMNo workaround is currently available.

39001 Difficulties with phone operation due to memory limitations may be experienced if phone
directories larger than 50Kbytes are used with SoundRBi880, 330, 430 phones
Workaround Keep the local contact directory to less than 50kbytes in size.

41706 USB callrecording phone does not detect the USB ita¢tached quickly after removal before
the popup USB device removed disappears
Workaround Wait until the USB device removed message has disappeared beforseréing
the USB device.

41993 Scrolling though the Corporate Directory may not return complete results if results contain
Unicode character values > 127 (server does not support sorting).

Workaround Start the search in a different location or avoid use of Unicode characters >127 in
directories.

42027 In certain scenarios the timstamping in log files of a SoundStati®v000 that is used as a
secondary/slave device is incorrect.

Workaround As of 83.1.0 the occurrence of this issue only relates to the treatment of
Daylight savings Time s$@igs.

44764 SRTP processing may cause performance degradation with certain video/audio codec
combinationson the VVX 150.

Workaround If SRTP is being used limit the video bit rate to 384kbps.

46997 Camera brightness adjustment does not work betwémrels 3 to Gn theVVX 150. No
workaround is currently available.
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47651

48905

52141

52142

53514

54027

54028

54321

54799

54976

54977

59369

59773

59812

61085

URL daling must be enabled in order to place calfsthe SoundStationP 7000No workaround
is currently available.

Jitter parameter is not correctly computexh the Sound&tion IP6000/70M® as per RFC3550.

No workaround is currently available.

Daisychained SoundStatiolP 7000 phones sometimesbecomestuck during software upgrade.
Workaround Pressing any key on the phone will continue the upgrade

Video conections with CounterPath Eyebeam cliemt the VVX 15080 not work if H.2631998

codec is selected his was egperienced with Eyebeam version 1.5.19.5 build 52345.

Workaround Try usinga different codec. Try other versions of Eyebeam cliesome do verk.

H.264 calls to an HDX9002 device using an MGC 50 Gateway using H.320 result in lip sync issues
(applies tovvX 1500

Workaround Set the call for transcoding on the MGC.

The receiving phone does not-irevite with a new key at the hdlife of the key lifetime.
Workaround Ensure that both ends use the same key life time such that the sending phone will
initiate a key renegotiation.

Key tianges do not function correctly when multiple crypto suites are enabled.

Workaround Confgure a single crypto suite on the phone.

TheVVX 1500 does not receive video (does receive awdieh calls are initiated from a

Tandberg C20 (running 2.0.0.191232) device udiadN\® workaround is currently available.
TheVVX 1500 transmitd.264 QCIF video to Tandberg MXPs in H.323 calls

Workaround Set the video bit rate on thgVX 1500 t&12kbps to avoid the issue.

H.264 calls to a Tandberg Edge95 MXP device using a Tandberg Gateway using encrypted media
(offered but not required results in distorted audio and no video on the VVX 1500

Workaround Configure system for encryption required

H.264 calls to a Tandberg Edge95 MXP device using a Tandberg Gateway result irsbpesync
on the VVX 1500No workaround igurrently available.

Phones are nable to edit a contact frorthe call listbecause there is nRdit softkey (applies to
SoundPoint IP 320, 321, 330, 331, 331C, 335,)335C

TheSoundPointP550and 650 phoneslock and reset when answerittige thirteenth incoming
call.

WorkaroundSet the number of calls per line to less than 13.

Blind transfer to a URL is not successfuthe SoundStationP 7000. Eventually, the URL soft
key becomes unavailablslo workaround is currently available.

Unable to add Callers soft key using EfipliesSoundPoint IP 23INo workaround is currently
available.
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61091

61143

62371

62387

62482

63123

63527

63609

64236

64607
64932

65133
65257

65650

66086

66232

66251

Known Issues and Suggested Workarounds

The configuration parameteacplpApp.port.rtp. forceSend=1024 works only for the
SoundStationP6000, 7000 and VVX 1500. It does not function properly for SoundiPoint
phones.No workaround is currently available.

Server controlled DNIRorks forshared lines.
Workaround Disable server based DND feature.

The phone does not display a N&all soft key when there is an incoming caiplies to
SoundPoint IP 450, 550, 560, 650 and SoundStation IP 6000, 7000

Adding a new line registration to a phone with BaEseghe notifications(ringing) for the BLF
line to display on the preweusline. Exists in UCS 3.3.1.

Server certificate Serial Numbisrchecked against the host name if the outbound proxy is
configured.No workaround is currently available.

Instead of initiating a new calin attendant phone playa reorder tone wheraBLF line key is
pressed for the second timé&xists in UCS 3.3.X. No workaround is currently available.

Phone sends out INVITE and CANCEL if no provisional sesp@teived Exists in UCS 3.3.1
(applies to all SoundPoint)IP

Cannot answea call usinghe speaker softkey when DND is enabled and
call.rejectBusyOnDnd is set to zerdapplies toSpectraLink 84xxNo workaround is
currently available.

BrowseRecording menudoes not updatecorrectly after attempting ¢ delete recorded files on
write-protected USB flash drivéapplies to VVX 1500

Switching from Bluetooth to handset may cause broken a(atiplies toSpectralLink 84%x

When wsing server sideall forward when no answer,wseris able toselectthe numberof rings
(applies to all SoundPoint)IP

Redial does not work after maidg a call with an account code.

The ponedisplaysEARPFAST hBandProvisioningmenus when norEARFAST is selected
(applies to all SoundPoint)IP

Noticeable higHrequency flickeis observed on the display when the Ul updster a BLA
remote hold/resumeNo workaround is currently available.

During an active call, the phone does not insert numbers using the left arrow key. ExiBts in Sl
3.1.7 and SIP 3.2.5.

Workaround You can cancel the active call to restore the normal state.

On pressinghe back key, active termination is switched to idle and cuts incoming PTT &ladio.
workaround is currently available.

British ElecomCaller ID type is not correctly supporteapplies to SoundStation DudNo
workaround is currently available.
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66440

66446

66527
67394

67551

67862

67908

68227

68519

68669

68815

68935

69209

69222

69292

69343

The sandby battery lifeon the on the SpectraLink 84xx doest meet specifications. No
workaround is currently available.

A Buetooth headset @esnot reconnect automatically after a rebooh the SpectraLink 84xx.
No workaround is currently available.

The EFK Selestft keydoes not work §pplies to SpectralLink 84xx

The ine icon and indicator are not clearedter removing all BLF icons on therver when BLF
linesarein abusy stateExists in SIP 3.2.5. No workaround is currently available.

ACD Conference by Emergency Escalation causes all phones to show Connect&diStsiia
UCS 3.3.1. No work@und is currently available.

The Ine icon is not displayed correctly when the phone, connected to an 802.1x enabled
network, gets a network authentication failurido workaround is currently available.

Cannot remove a line key assignment tisahdded from the Line Key Configuratimenu in the
Web Configuration Utility. No workaround is currently available.

In the Web Configuration Utility, thestwork IP settingsire not displayedn the Ethernetmenu
(applies to all SoundPoint)IP

¢ KS LI Bsédcaldistioes not update with missed calbspplies to SoundPoint IP 335, and
SoundStation IP 7000

The inger volume widget icon overlaps tlidle screersoft keys(applies to SoundPoint IP 320,
321, 330, 331, 335, and So8tdtion IP 7000

The plone doe¥ tenda CallState=CallConferenaetification whena conference is
establishedapplies to all SoundPoint IP and SpectraLink)8Kbaxworkaround is currently
available.

In case of an authenticated user aReferto sent over UDP, the INVITEs sent before and after
401 should both use the same transport protocol, UN& workaround is currently available.

TheBrowse Recordings menu shoaBle ona USB flash drive is deletedhen itQ not really
deletedif you detach the flash drive shortly after the delete operation. The USB Busy Indicator
or Please Wait not displayed irthe Ul for the delete operatioriNo workaround is currently
available.

The ghone doesn't display the second xhtml file inriessage queue whehe Eit softkey is
pressed irthe microbrowser(applies to SoundPaint IP 320, 321, 330, 331).335

Users cannogénterthe $ symbol under contact fielih the local contact directoryapplies to
VVX 1500, SpectraLink 84xx, &windPoint IP 630

TheSpectralLink 84xxhpnesd2 y seiida Refer request ta specified server for the emergency
call through blind transfeNo workaround is currently available.
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69411

69469
69502

69552

69638

69735

69898

70102

70293

70396

70480

70597

70618
70646

70723

70728

Known Issues and Suggested Workarounds

The mdlock onthe call icondoes not displayvhen you enableéhe parameter
sec.srtp.noAuthRxRTP (applies to all SoundPoint)IP

The phone sends400 Bad Request sponse to messages containingr< in a display name

Confirm Clicko-dial text does not appear on tigoundPoint IP 33ihone when SNTHils.
Workaround Configure SNTP.

Music on hold (MOH) call dialog does not get terminated when there is an update from the
MOH server.
Workaround End the call to restore normal state.

Internal dictionanyfiles contain platform overrideshat are not supported by XML dictionaries
(applies to SoundPoint IP 450, SpectralLink 84xx, SoundStation IP 5000, 6000, 7000

When the phone is registered withH.323 line DTMF digits are not sent in the Tel @RIl with
Ext and Postd optionsypplies to VVX 500, 15RNo workaround is currently available.

Quick search barn the SoundPoint IB21, 330, 331, and 35fly accept 15 characters when
corporate directory is configuredNo workaround is currently available.

The ghone does ot resetits TCRconnection withits SIPserver before 32 seconds have passed
(applies to all SoundPoint IP and SpectralLink)84xx

¢tKS LK2yS RAaLIIF@&a W yily 2daeddigisyandih&nSieviRig k
menu (applies toSoundPoint IP 320, 321, 330, 331,)335

The gcond call name does not display frahe clickto-dial feature.Exists in UCS 3.3.1. No
workaround is currently available.

When the phone is using the Polycom Desktop Connector, the keyboand keysR 2 y Q
support active and inactive callavigation(applies to VVX 500No workaround is currently
available.

Clock Time formathangeswhen the phone languagehangesrom Engkh (Internal) to English
(enus) @pplies to SoundPoint IP 650 andX/150).

Phones cannot dial an entry in the ReceivedisCalllist if it was receivedhrough an IP call.

In the Web Configuration Utility, the Choose Biléton andEnter the URL dialagye enabled,
evenwhen the maximum limiof ringtoneshas been reached.

Appending the gartnumber.xml toupgrade.plcm.server.url does not work No
workaround is currently available.

Software Upgrade does not work artnumber.xml file is not specified as a part of
upgrade.custom.s  erver.url configuration value

Workaround Ensure the partumber.xml file is part of thepgrade.custom.serverurl
configuration value.
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70809

70904
70913

71014
71032

71351

71386

71477

71606

71608

71684

71701

71716

71775

71800

71811

71818

71917

There are call lisssues whera phone receiveanincoming call whilét isbooting up applies to
SoundPoint IB31, 450, and VVX 500, 1500

There is no method tepecify a device certificate or keiging the Web Configuration Utility.

When a usemistals adevice ertificate ordevice key, the phone exits from the credential
installation menuapplies to SoundPoint IB21, 331, 33h

The phone sometimes displays the User Lagieen aftera successful login.

Update configuration function doesdwork properly
Workaround Reboot your phone.

In the Web Configuration Utility, userarmot add peeddial contacts ifthe First Name, Last
Name, Label, or Divert Contact fields cont&ior < characters

Softkeys URlare not functioning wherthe phone isn the Enter Numbescreen(applies to
VVX 150p No workaround is currently available.

Phonescannot connect to the Polycom hosted Dowandl server from behind a proxy.
Workaround Use a provisioning server to upgrade phones.

Entered textdoes not displayproperly when dong line label is adfiguredon the SoundStation
IP 5000 and 6000No workaround is currently available.

Contactdirectory entries show na-configured labed @pplies to SoundPoint 835,450,550,
650, SoundStation IP 6000, 7000, and SoundStatioh Duo

TheSoundPoint IP 331aonot answer incoming calwhile LED Diagnostiese running No
workaround is currently available.

The phone requires two reboots tmport wave filesinto the ring type menuapplies to
SoundPoint IP 650, VVX 500, 1500, SoutidBt 6000, 7000, and SpectraLink §4xx

When installing a ceificate, the Gancel soft key does not fully cancel the last request if it is still
waiting for a responseNo workaround is currently available.

The phone displays a generic EAtHRL text whemistalling a device certificate as separate
certificate/key files(applies to SoundPoint 820,321,330,331, 335.

Users annot changehe user password using the Web Configuration Utility.
Workaround Use the phones user interfate change the user password.

The Anguage setting is changed when the user is logged in and logged out immedhiately.
workaround is currently available.

Configured ring type name does not display wkerpat.ringer.ringerl5.name
parameter valie set to null §pplies to all SoundPoint)IP

TheNew Call soft keis available evethough the maximum amount of calls are established on
the phone épplies to SoundPoint IP 450
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71932 Using User Profilespriogin confirmation screen displays thre SoundPointP 450

71950 Using the Web Configuration Utility, tieset to Defaulbutton does not work correctly for
Button Colorutton.

72018 Invalid parameters in NAPTR or SRV records are not correctetheitieximum values

72051 There is nanethod to move the cursor left when editing@nl string irnthe Updater menu
(applies to SoundPoint IP 321, 331, 335, 450, VVX 500, SoundStation IP 5000, 6000, 7000,
SoundStation Duo, and SpectraLink §4xx

72055 In the Web Configuration Utility, a misleR A Bailed t&connect to the Polycom Hosted sefyer
message displays.

72081 The ghone ignoredongwarning header textapplies to SoundPoint IP 650, VVX 500, 1500

72082 The fhonesdo not detect a server certificate status change from REVOKED to G@tEhe
phone is rebootedapplies toSoundPoint IP 321, 331, 450, 550, 560, 650, and 670, and
SoundStation 500PNo workaround is currently available.

72176 Phone does not send DNS query to DNS server when TTL expires

72197 In the Web Configurationtility, the drop-down menu does not update to display available
software versions.

72211 An eplicitly trusted Intermediate CA fails TLS verification when it is the issuer of a server
certificate

72221 Site Survey Menu Itenen the SpectraLink 84xare Englistonly. No workaround is currently
available.

72299 Whenthe SoundPointP450, 560, 650 phones areregistered with BLA linethey continue to
display remote hold appearanseven afterthe remote BLA resumes the cdllo workaround is
currently available.

72315 TheSoundPoint IB50 phoneis not showing more than 24 lines wheeg.x.lineKeys is set
to a value larger than 24No workaround is currently available.

72387 After pressinghe Transfer soft keythe remote BLA line doesshow remotehold status when
call.shared.exposeAutoHolds is set to 1 No workaround is currently available.

72449 When theVVX 150@hone is registered to a shared lirthe Forward option is displayed in the
phone menuNo workaround is currently available.

72453 Phone displays only the last characters of a long line lapglies to SoundStation IP
5000/6000/7000. Exists in UCS 3.3.2 and SIP 3.2.5.

Workaround Use short line labels.

72457 When there are two incoming calls, tieall appearance order is wrorfgpplies to VVX 500No
workaround is currently available.
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72512

72576

72601

72677

72679

72825

72839
72866

72898

72911

72925

72952

73049

73085

73086

73089

73117

73126

Browsing phone menu using EFK action strings does not Workiorkaround is currently
available.

Chinesecharacterserasea pixel line underneattthe title baron certain screen menugpplies
to SoundPoint IP 33%0No workaround is currently available.

TheSoundPoint IP 330hene faikto dial authorized calNo workaround is currently available.

When a NOTIFY message with a higher version is sent, the phenbgeribedo the server and
gets a NOTIFY with the correct version, but fails to update the dialog with the apgtie§ to
SoundPoint IP 450/560/65%0No workaround is currently available.

Conference failing with 13 servéMo workaround is currently available.

PTT soft key gets stuck after holding it for couple of min(applies to VVX 500No
workaround is currently available.

In the Web Configuration Utility, th€hinesecharacters irthe menubuttonsare hard to read.

When headset mode is set to Plantronics EHS, attetopgo ofthook cause Sennheiser
headset to be dysfunctionaNo workaround is currently available.

Hard keyexternal URL mapping requires EFK enabtethe SoundPoint IP 6500Nvorkaround
is currently available.

Remappedard keysdo not launchthe microbrowsemith a configured external URlpplies to
SoundPoint IP 650

The phone does not reboot when using the Updatafi@urationoption to disable/enable EK
(applies to SoundPoint 821, 331, 450, 550, 560, 650, 670, SoundStation IP 5000, SoundStation
Duo.

Using the internal URI K&tatus viaan external URL fails tdisplaythe Statusmenu @pplies to
SoundPoint IP 630

The phone doesn't dispfathe forwarded information (Fwd:namber) inthe idle screen s&atus
bar (applies to all SoundPoint)IP

TheLog in soft key is missing whire parameterfeature.presence.enabled is set tolto
enable the presence featurafplies to SoundPoint 45650, 650, VVX 500, 1500, SoundStation
Duo, and SoundStation IP 5000

Keys name in Keypad Diagnostics menu has no translation. No workaround is currently available.

For a centralized conference call, the phone displays the local conferendeebithe server
responds with a 480 Temporary Unavailaligists in SIP 3.2.6.

Pressinghe Menu key does not brinthe phone back to idle scregapplies to SoundPoint IP
321, 331, 450, 550, 560, 650, 670, SoundStation IP 5000, and Sound3t&gion

The calltimedisplayg 2y (0 KS LiKnhed&ng asticky OrieBer g withnunregistered
line (applies to SoundPoint IP 450, $50
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Known Issues and Suggested Workarounds

73307 Nav OK key can only pick up a held call dapelies to SpectraLink 84xx

73561 When using th&Veb Configuration Utility, the phone does not update the line key icons
properly when static BLF is configurggplies to SoundPoint IP 450, 550, and)65{®
workaround is currently available.

73429 In the line view, touckand-hold onanactive line doesot always bring out the filtered view
(applies to VVX 500No workaround is currently available.

73617 The ghone displayshe Splitsoft key for a fraction of second while transferring a agiplies to
VVX 150 No workaround is currently available.

73721 The ghone does not properly display the caller ID for an incoming URIlapplids to VVX 1500
No workaround is currently available.

73807 Thecall forward feature can be enabled while in PSTN magglies to SoundStation Dudlo
workaround is arrently available.

73861 MicrosoftLync andOCSlialer lists behave differentlyNo workaround is currently available.

73926 A phoneconfigured with a Sylantro call servdisplaysthe incorrect calleiD onthe Ul after
establishig a centralized conferee call §pplies to SoundStation IP 70080 workaround is
currently available.

73996 Black lines appeafter cancelling aransfer(applies to SoundPoint IP 430lo wakaround is
currently available. Exists in SIP 3.2.6.

74003 The phone restartautomatically when the set lease time is expired after enabling/disabling the
DHCP server. No waround is currently available.

74059 The frstinstance of a contact with a duplicatentactaddresds overwritten bythe last
instance épplies to Spectramk 84xx and VVX 150MNo workaround is currently available.

74109 ! LIK2YyS ydzYoSNJ SYGSNBR 2y (GKS LXK2ySQa ARES
(applies to SoundStation IP5000/6000
Workaround Need to press Arrow up/dowreft key to restoe normal state.

Q)¢
O

74120 Plantronics Audio 646 DSP USB headset volume calaesh't work applies to VVX 500
Workaround Adjustthe volumeusingthe volume keys on the phone.

74121 Using shared lines with barge in enabled, a SoundStation IP 7000 / VVX1500 cannot barge in to
an active call on the shared lingxists irSIP 3.2.XNo workaround is currently available.

74126 A calling phone does not get a call waiting ring when theiwégg phone is busy placing another
call.Exists irSIP 3.2.XNo workaround is currently available.

74179 In the Call Lists menu, users need to press the Menu button twice to return to the main menu
(applies to VVX 1500
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74199 A phone displag theincorrect callerlD onthe Ul while calling théast dialed number using a
Last Call Return (LCR) soft kayplies toSoundStation IP 70pMNo workaround is currently
available.

74276 The audio picked up from the harfd=e far field micophoneis not as goo@dsthat from a
SoundPointP 650@applies to VVX 500No workaround is currently available.

74392 The leadset Rsaturateswhenthe volume is increased to three bars lower than the max
(applies toSoundPoint IP 331No workaround is currently available.

74402 Detectinga USB drivénterrupts media playbacKapplies toSoundPoint IP 6JONo workaround
is currently available.

74419 The call list type (missed, received, placed) which displays in the call list menu is not retained
when accessing the calltlthrough a custom soft keyapplies to VVX 500, 1500, and SpectraLink
84x%). No workaround is currently available.

74464 The line display label ahe phone is not same aan EFK lababn other platforms(applies to
VVX 500 No workaround is currently aMable.

74484 When a call is parked, the phone displays a Pickup soft key instedRedfiavesoft key applies
to all SoundPoint )PNo workaround is currently available.

74504 Phonesdo not support playing G729 .wav &l@pplies to all SoundPoit®, SoundStation IP
5000, and SoundStation DudNo workaround is currently available.

74533 A phoneconfigured with a Sylantro call servdisplaysthe incorrect calledD onthe Ulfor an
incoming cal{applies to VVX 1500No workaround is currently aable.

74535 With shared call appearances, a phone configured with a BroadSoft call server displays incorrect
soft keys ornthe Ul fora hold call appearanc@pplies to SoundPoint IP 450, 560, 670, and VVX
1500. No workaround is currently available.

74562 Paging and PTT call appearansesetimesdisappear when the phone receives a ranority
page, an emergency pagend an emergency PTapplies to SoundStation IP 7000

74587 After unlocking gophoneandupdating its configuratiosthe phoneentersthe Lockedstate. No
workaround is currently available.

74632 While in PSTN mode, a reboot results in differigagh imings @pplies toSoundStation DYoNo
workaround is currently available.

74650 In an active audionly call between a PC client an¥X 1500, the faend video never starts
onthe PC client whea user presseadd VideoNo workaround is currently available.

74726 While naconferencecall and the exchange calendar application is opened, repeatedly touching
the left/right arrow soft keys cause thelmpneto stop responding to the soft key actiorepplies
to VVX 500, 15Q0No workaround is currently available.

74763 TheMKCS5 key to upload logs doesn't wddpplies to SoundStation Duo
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74785 With preload set to autothe Play buttonand preview of first frame are not displayed together
(applies to VVX 500

74790 When a user isnianactive caland has an upcomingeeting, launchinghe exchangealendar
applicationdoes notopenthe month view.No workaround is currently available.

74813 When adjustinga page volumean incorrecicondisplays &pplies to all SoundPoint)IlNo
workaround is currently available.

74871 The gart of transmissiorbeepisn't heard for the first PTT cé&dipplies to all SoundPoint)IlNo
workaround is ctrently available.

74898 A phoneunregisteredo the ZTP server armbnfigured with the 000000000®_profile.cfg file
does not reboot when ZTP is set to Enabled

74958 When DND ignabled, the phone is msingthe call forwardnessage Fwdrrumber (appliesto
VVX 500, 1500, and SpectraLink 34X® workaround is currently available.

75134 The phone is not able to upgrade when the provisioning server is specified as a ho&tRame
(applies to SpectraLink 84xiNo workaround is currently available.

75157 Aphoneconfigured with a Sylantro call servdisplayshe incorrect softkeys aftera
Wonference service unavailabiror is shownExists in UCS 3.3.3

75195 Hold/Transfer/Conference does ndisplaywhenthe parameter
softkey.feature.basicCallManageme ntredundant =0 (applies to SoundStation Duo
No workaround is currently available.

75217 Linl6.16ksps and G.726QI codecs wmfaultjitter buffer settingsdo notcorrectly override
rxQos settingdNo workaround is currently available.

75229 A phoneconfigured with a Sylantro call server displays t@lconference Ul when
establishing acentralized conference usinge Joinsoft key.No workaround is currently
available.

75316 By defaultfor two call appearanceshe second call appearance is hiighted instead ofthe
first call appearancépplies to VVX 500No workaround is currently available.

75333 ¢ KS LIKIR $r@aQet wirddow remains on screen durmgestart. Afterthe phonereaches
the idle screen the idle browserscreen shows Invial Host Name untih usemrefreshesit
(applies to VVX 500No workaround is currently available.

75427 The Unified Call Appearance List (UCe)dd viewtimes outto the default UCAL view whem
user scrobthe filtered listanddoesnot chang the focus épplies to VVX 500No workaround
is currently available.

75456 For an invalid country settinthhe Web Configuration Utilitgisplays Argentina instead of the
defaultcountry setting(applies to SoundStation DudNo workaround is currently avdili.

75597 The idle screen sometimes gets stuck off screen when a user swipes the idle screen to the right
(applies to VVX 500No workaround is currently available.
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75632 Entering digits in the dialer becomes sluggish when the phone contains approxir@atel
contacts(applies to VVX 500No workaround is currently available.

75643 Users cannot disable the call list featuagplies to VVX 500No workaround is currently
available.

75644 The phone experiences connectivity issues when USBNET is ersgigibels(toSpectraLink
84xx%. No workaround is currently available.

75652 Using the multi key combination shortcut to do a MAC reset on the phone does not work
(applies to VVX 500No workaround is currently available.

75661 The multi key combination shimuts for uploading logs and rebooting the phone sometimes do
not work @pplies to VVX 5Q0No workaround is currently available.

75671 When marking a call from the Favorites merthe call park input dialog (where users enter a
park extension) disappesfapplies to VVX 5Q00No workaround is currently available.

75674 The phonesometimescannotdial missed URL calls from the call lgiglies to VVX 500, 1500
No workaround is currently available.

75682 The phones experience a memory leak whenNhierosoft Lync call server is not running
properly @pplies to SoundPoint IP 550, 560, 650,)8¥0 workaround is currently available.

75694 The electronic hook switch does not work after attaching and removing a USB hegoldet
to VVX 500 No workaound is currently available.

75778 Using Microsoft Lync, if a user dials an invalid extension, the entry is sometimes not logged in
the Placed Calls call listpplies to SoundPoint IP 321, 331, 450, 550, 560, 650, 670, SoundStation
IP 5000, 6000, 7000nd SoundStation DyoNo workaround is currently available.

75801 WSRALFfAy3 R2SayQi ¢ 2 Mpplies t& VVXE00,150D)6r# Wectralink NB & G I N
84xx. No workaround is currently available.

75811 The line key reassignment feature does not kathen configured to show presendsdo
workaround is currently available.

75852 The audio on a Bluetooth headset in HSP mode is interrupted by a recover trigger of TNGLAN.
workaround is currently available.

75963 The time and date do not immediatetiysplay once the hot dial screen times oapplies to
SoundStation IP 700
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