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General

These release notes apply thC SoftwardUCSB.33 andinclude previous versions tfie Polycom UC
Software UC Software 3.3.3 will supp@bundPoint IP, SoundStation IP, and VVX phéinesa
complete guide to UC Software 3.3.3, refer to thdministrato@ Guide for PolycotdC Software 3.6.

The UC Software 3.3.3 Release Notes contain the following sections:

1 GeneraGeneral You will need to read this section in order to understand how the changes in UC

Software 3.3.3 affect Polycohardware and deployment and configuration of the software.

T 2KIFIGQa bSg F2NIt 2f & EndryReferencesufcé notfaudhisosection o K
listsnew, enhanced, and discontinued software features.

1 Updates to Previous UC Software ReleasEsis section listenhanced and discontinued
software featuresn previous software releases.

1 Known Issues and Suggested Workaround#is section lists existing known issues andgests
workaroundsif available

i Reference DocumentsThis section listall documents relevant to these release notes. Each item

is linked for instant access.

Important Notes and Considerations in
UC Software 3.3.3

This section contains iportant notes on Polycom hardware and software.

Configuration Files

Since UC Software 3.3.0, Polycom s$iagplifiedand extensively modifiedhe configuration files, their
respective parameters and defaulemdthe provisioning methodsSome of the enharements are not
backward compatible with configuration parameters from previous software reledseamiliarize
yourself with the enhancementgnd to find out whether the enhancements are compatible with
previous software releaseBolycom recommends reiéng Technical Bulleti60519 Simplified
ConfigurationEnhancemets in Polycom®C Software 3.3.@nd thePolycom UC Software

I RYA VA& i Nk UCStare 33.aufdReyouinstallUC Software 3.3.3

Upgrade and Downgrade Considerations for VVX 1500 Phones
Upgrading VVX500phones toSIP 3.2.2r laterrequires aspecific procedure. Before you begin

upgrading your VVX phones to SIP 3.2.6, ref@retchnical Bulletin 53522/pgrading the Polycom VVX
1500 Phone to SIP 3.2\/X 150@honesrunning SIP 3.2.2 or later cannot be downgraded to earlier SIP

software orBootROMsoftwareversions


http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/spip_ssip_Admin_Guide_UCS_v3_3_0.pdf
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/Simplified_Configuration_Improvements_in_UC_Software3_3_0_TB60519.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/spip_ssip_Admin_Guide_UCS_v3_3_0.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/spip_ssip_Admin_Guide_UCS_v3_3_0.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/technical/products/voice/VVX1500_upgrade_to_v3_2_2_TB53522.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/technical/products/voice/VVX1500_upgrade_to_v3_2_2_TB53522.pdf
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Considerations for Legacy Phones

UC Software 3.3.80es notinclude support for theSoundPoint IPG, 301, 430, 500, 501, 600, 6@hd
SoundStation IP 4000qutucts.These products are termddgacy productand will be supported for
critical issue fixes in the SIP 2.1.x release (IP 300, S0®B.2.x (IP 430), and SIP 3.1.x release (for the
other legacy products)f you want to support these legacy phones using SIP 3.2.0 or latefeséeical
Buletin 35311: Maintaining Older Polyc@®Bhones Beyond Their Last Supported Software Release

Managing SoundStation IP 7000 Phones with HDX Integration

If your phone deployment includes SoundStation IP 7000 phones with HDX integration, Polycom
recommends usg the following software versions: UC Software 3.3.1 with BootROM 4.3 H2Kd
version2.6.1.3, 3.03.0.0.1, 3.0.0.2, 3.0.1, 3.0.8r 3.0.2.1.

Understanding Phone Platform Features and Licenses

UC Software 3.3.8upports the Productivity Suite, whidtcludesa Corporate Directory, Visual
Conference Management, and USB Call Recordllmgl/oice Quality MonitoringvQMon) featurewill
continue to be a licenseaind paid product.

For customers using versions of Polycom softvgaBe3 and prioy Polycom Wi provide a site license for
all features in the Productivity SuitexceptVQMon This license files available on the Polycom portal
and is free to downloadt http://www.po lycom.com/products/voice/applications/index.html

You can refer tdablel: SoundPoint IP and VVX Series Features and Licam$€able 2: SoundStation

IP Series Features and Licenweind out whether, in UC Software 3.3.3, a pleadoes not support a
feature (No), a phone supports a feature without a license (Yes), or the phone requires a Productivity
License to support a feature.

Tablel: SoundPoint IP and VVX Series Features and Licenses

Feature IP320/330  IP 321/331/335 IP 450/550/560 I[P 650/670 VVX 1500C/1500L
VQ Mon Productivity Productivity Productivity Productivity Yes
License License License License
LDAP Directory Productivity Productivity Productivity Productivity Yes
Licensé Licensé Licensé Licensé
Call Recording No No No Productivity Yes (Audio only)
License*
Conference No No Productivity Productivity Yes
Management License* License*
4-way local conference No No Yes Yes No



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://www.polycom.com/products/voice/applications/index.html
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Feature IP320/330  IP 321/331/335 |P 450/550/560 IP 650/670 VVX 1500C/1500L

Electronic Hookswitch Yes Yes Yes Yes Yes

Enhanced Featur&eys Yes Yes Yes Yes Yes

Customizable Ul No No Yes Yes Yes

Background

Local SRTP Conferenc Yes Yes Yes Yes Yes, with
limitations at high
bandwidths

Asian Language No Yes Yes Yes Yes

Configurable Soft Keys Yes Yes Yes Yes Yes

XML API Yes Yes Yes Yes Yes

Enhanced BLF No No Yes Yes No

Warning Field Display Yes Yes Yes Yes Yes

H.323 Video No No No No License installed
on the 1500D

Productivity License* Free to download.
Table 2: SoundStation IP Series Features and Licenses
Feature IP 5000 IP 6000 IP 7000
VQMon Productivity No No
License
LDAP Directory Productivity Productivity Productivity
License* License* License*

Call Recording No No No

Conference Management No No Yes

4-way local conference No No No

Electronic Hookswitch No No No

Enhanced Feature Keys No No No

Customizable Ul Background No No No

Local SRTP Conference Yes Yes Yes




Polycom® UC Software 3.3.3 Release Notes

Feature IP 5000 IP 6000 IP 7000
Asian Language Yes Yes Yes
Confgurable Soft I€ys No No No
XML API Yes Yes Yes
Enhanced BLF No No No
Warning Field Display Yes Yes Yes
H.323 Video No No No

System Requirements

Polycom recommends usitdCS 3.3.3 witBootROMversion4.3.1. Otherwise, refer tdable 3
Recommended Platforms and BootROM Softvtarkelp you choos an appropriate BootROM version
for your phone.

For more information abouivhichphone modelsa particularsoftware versiorsupports refer to the
Polycom UC Software/ SIP Software Release Matrix

Table 3 Recommended Platforms and BootROM Software

Platform BootROM Version
SoundPoint IP 320/330 3.2.3RevB or later
SourdPoint IP 321/331 4.1.3 or later
SoundPoint IP 335 4.2.0RevB or later
SoundPoint IP 450 4.1.2 or later
SoundPoint IP 550 4.1.0 or later
SoundPoint IP 560 4.1.0 or later
SoundPointP 650 4.1.0 or later
SoundPoint IP 670 4.1.1 or later
SoundStation P 5000 4.2.2 or later

SoundStation IP 6000 4.1.1 or later



http://downloads.polycom.com/voice/voip/sip_sw_releases_matrix.html
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Platform BootROM Version
SoundStation IP 7000 4.1.1 or later
SoundStation IP 7000 Release UCS 3.3.1 with BootROMU4iS.

Used with Polycom HDX 4000, 6000, 7000, 8000, "ecommended.
9000 video systems running one of the following
release:

2.6.1.3,3.0,3.0.0.1,3.0.0.3,0.1, 3.0.23.0.2.1

VVX 1500 4.2.2 or later

NOTE: As of 3.2.2, the SIP and BootROM are
distributed as single package fire VVX 1500.

Downloading the Distribution Files

You can downloatlCS 3.3.8singeither the combinedemplatefile or the splitemplatefile, both in
ZIP file format. For general use, Polycom recommends using the split file that corresponds to the phone
mode(s) for your deployment

Referto Table4: Understanding the Split ZIFileto match the correct software file to your phone
model. If you are provisioning your phones centrally using configurationdibe#load the
correspondindile versionand extract theconfigurationfiles to the provisioning server, maintaining the
folder hierarchy in the ZIP file.

In some deployments, yomayneed todownload boththe combined and split fileor example,
deployments running a BootROM relegsior to 4.0.0will require the combined file versiolf you
require both file versiongjownload bothZIPfiles, extract all theonfigurationfiles from thesplit
versionand extract thesip.ldfile from the combined filezersion Thesip.ld from the combined version
will be combined with theonfigurationfiles from the split version.

The current build ID for theip.ld and resourcdiles listed inTable4: Understanding the Split ZIFileand
Table 5Understanding the Combined ZIP Fable 5Understanding the Combined ZIP ksle
3.3.30069

Downloading the Split ZIP File

Polycom recommends using the split ZIP file when possible for a shorter upgrade tinfaldlse
Understanding the Split ZIFilefor a brief description of each fii@ the split distribution Downloading
the split zip filerequires that all phones be running BootROM release 4.0.0 or later.
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Table4: Understanding the Split A File

Distributed Files

File Purpose and Application

234512200002.sip.Id
234512200005.sip.Id

SIP application executables for SoundPoint IP 320

234512360001.sip.ld

SIP application executables for SoundPoint IP 321

234512200001.sip.ld
234512200004.sip.ld

SIP application executables for SoundPoint IP 330

234512365001.sip.ld

SIP application executable for SoundPoint IP 331

234512375001.sip.ld

SIP application executable for SoundPoint IP 335

234512450001.sip.ld

SIP application executabler SoundPoint IP 450

234512500001.sip.ld

SIP application executable for SoundPoint IP 550

234512600001.sip.ld

SIP application executable for SoundPoint IP 650

234512670001.sip.ld

SIP application executable for SoundPoint IP 670

3111-30900001.sip.ld

SIP application executable for SoundStation IP 5000

3111-15600001.sip.ld

SIP application executable for SoundStation IP 6000

3111-40000001.sip.ld

SIP application executable for SoundStation IP 7000

234517960001.sip.ld

SlPapplication executable for VVX 1500

sip.ver

Text file detailing buildd(s) for the release

000000000000.cfg

Example master configuration file

000000000004 irectory~.xml

ExamplepetJK2y S t20Fft O2y Gl Ol RANBOG?2

from name to seed phones which have no directory)

applications.cfg

Configuration parameters: micdorowser applications

features.cfg

Configuration parameters: telephony features

H323.cfg

Configuration parameters: H.323 signaling protocol
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Distributed Files

File Purpose and Application

reg-advanced.cfg

Configuration parameters: Line/call registratigadvanced feature settings
full

reg-basic.cfg Configuration parameters: Line/call registratianbasic settings
region.cfg Configuration parameters: Regional/localization settings (language, etc.)
sip-basic.cfg Configuration parameters: VolP server/softswitch registration. Basic settir

sip-interop.cfg

Configuration parameters: VolP server/softswitch registration/inter
operability configuration settings/registration

site.cfg

Configuration parametergarameters expected to be set on a pste basis

video.cfg

Configuration parameters: Video connectivity

video-integration.cfg

Configuration parametersor SoundStation IP7000/HDX Integration

SoundPointIRdictionary.xml

Dictionary files for multilingal support include:
1 Chinese, China (for IP 450, 550, 560, 650 and IP 5000, 600G/@0C
Danish, Denmark
Dutch, Netherlands
English, Canada
English, United Kingdom
English, United States
French, France
German, Germany
Italian, Italy

Japanese, Japan (for IP 450, 550, 560, 650, 670 and IP 5000, 600!
7000 only)

Korean, Korea (for IP 450, 550, 560, 650, 670 and IP 5000, 6000, "
only)

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

=

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

Swedish, Sweden

=A =4 =4 =4 -4 -4 -
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Distributed Files File Purpose and Application

SoundPointIPWelcome.wav  Start up welcome sound effect

LoudRing.wav Loud ringer sound effect

Warble.wav Loud ringer sound effect

Downloading the Combined ZIP File

UseTable 5Understanding the Combined ZIP Ritea reference guidi the files distributed in the
combined ZIP file and a brief description of each Tile. combinedile is required for any phones
running a BootROMreleaseprior to 4.0.0, for exampleBootROM 3.2.RevB

Table 5 Understanding the Combined ZIP File

DistributedFiles File Purpose and Application

sip.ld Concatenated SIP application executable

sip.ver Tex file detailing buildid(s) forthe release

000000000000.cfg Example master configuration file

000000000004irectory~.xml Example pesphone local contact directory XML file (edit and then

NBY2@S Ww9dQ FNRBY VyIYS (2 aSSR LXK

applications.cfg Configurationparameters: micrebrowser applications

features.cfg Configuration parameters: telephony features

H323.cfg Configuration parameters: H.323 signaling protocol

reg-advanced.cfg Configuration parameters: Line/call registratigmdvanced feature
settings full

reg-basic.cfg Configuration parameters: Line/call registratianbasic settings

region.cfg Configuration parameters: Regional/localization settings (language, e

sip-basic.cfg Configuration parameters: VolP server/softswitch registration. Basic
settings

sip-interop.cfg Configuration parameters: VolP server/softswitch registration/inter

operability configuration settings/registration
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DistributedFiles

File Purpose and Application

site.cfg Configuration parametergarameters expected to be set on a gEte
basis
video.cfg Configuration peameters: Video connectivity

video-integration.cfg

Configuration parameterdzor SoundStation IP7000/HDX Integration

SoundPointIRdictionary.xml

Dictionary files fomultilingual support include:

il

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

=A =4 =4 =4 4 -4 -2

Chinese, China (for IP 450, 550, 560, 650 and IP 6000, 7000
only)
Danish, Denmark

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

Japanese, Japan (for IP 450, 550, 560, 650, 670 and IP 5000,
7000 only)

Korean, Korea (fdP 450, 550, 560, 650, 670 and IP 5000, 600(
7000 only)

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

Swedish, Sweden

SoundPointIPWelcome.wav

Start up welcome sound effect

LoudRing.wav

Loudringer sound effect

Warble.wav

Loud ringer sound effect
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This section lists additions and changes, removals, enhancements, and configuratiiandiheter
changes to UC Software 3.28side their respective Pagtom tracking identification number.

New or Enhanced Features

48734 In aserverbased centralized conferenciéne phonenow sends both REFERs without waiting for
the 202 acknowledgment

63780 Enhanced API fahe VVX1500 browseanebkit.
72279 Enabled CaBack feature usiman Enhanced Feature Kegpfglies to VVX 1500

Enhanced Capabilities

64742 Using a dial plan containing #, the phone sends out the proper invite message.
73247 The default entry mode in the phone quick setup menu is set to numeric.

73466 The fhone updateghe new provisioning servetetails when modifiedinstead of usinghe
existing details.

73686 The phone can properlygpulate call list information, includingnissed, dialedand received
calls(applies to VVX 1500

73689 The EFkonfigured forthe CallBack feature no longer behaves like a redial kapyglies to VVX
1500.

74074 On the phonéNeb Ul the phone line registration password can longerbe viewed using view
sourceon theWeb page.

74285 Restored the headset/handsatdio changes to comply with IEC 60268UV safety test
standards.

74431 When BLF feature is enabled, thmnitoring phone receives a bespurd when the monitored
phones gmff hook.

74672 Phonenow updatesthe centralized conference parameter
volpProt.SIP.conference.address when Update Gonfiguration is performed on the
phone menu.

10
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74744 Phonenow displaysanerror message for insufficient bandwidth duriagentral conference

call.

74794 In a centralized conference call, when the maximum nunabdinesis reached, the phoneo

longerdisplayshe local conference UI.

74849 Phoneno longerdisplays wrong sofey option on the Ul when the oference service is

unavailable gpplies to SoundPoint IP 235,321,331

74895 Phonescan properlyhandlea 403 response to first REFER sent to phoredentralized

conference server

74912 Quick SetupThePassword entrfield is nav set to Numeric adefault.

75334 Fail over ora503 responseannow be disabled

Configuration File Enhancements

Refer toTable6: Software Version 3.3.3Configuration File Parameter Enhancemefotsa list of
enhancemens made to the UC Software 3.3c8nfiguration file parameters.

Table6: Software Version 3.3.3 Configuration File Parameter Enhancements

Configuration File Modification

Parameter

Description of the Modification

sip-interop Changed volpProt.SIP failoverOn The default value has changed from 1
503Response (Enabled) to 0 (Disabled).
sip-interop Added volpProt.SIP.conference. This parameter has been added to

parallelRefer

enable thephoneto sendparallel
REFERessages without waiting for a
202 Accepted

1: The phone sends parallel REFER
messages without waiting for a 202
Accepted message.

0: The phone waits for a 202 Accepted

message before sending the next REF
message

11
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Updates to Previous UC Software Releases

This section indicates updates to versiafishe UC Software prior to 3.3.3.

Understanding Updates to UCS 3.3.2

This section lists additions and changesnovals, enhancementand configuration file parameter
changes to UC Software versi8i3.2beside their respective Polycom tracking ID numbe

New or Enhanced Features

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

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

66464 Display enhancements: Provides simplified display option by remggrotocol tag & host
details @pplies to VVX 150Q0D

66624 Geographical redundancy enhancements.

67633 Added support for theZero Touch Provisioning ZTP featiNete that thisfeature should not be
enabled unless you are using the ZTP service. To find out more about this service contact your
Polycom sales representative.

68511 ! RRSR (KS TdzyOlA2yl f A e (2 damEld @iblh Y1SHads SNIGNR2YYZ
files (applies to VVX 150Q0D

68836 Addal support forSennheiser EHS headset to the phone menus and configuration.

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

Enhanced Capabilities
27777 Thephone now playsa local hold reminder tonépplies toSoundStation IP 40D0

34454 If the microbrowser is enabled and it is refreshed too frequently and the pages contain large
images, the phoneo longerlocks up.

34743 A phoneno longerfreezeswhen it receives a cheeync 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 SoundPoili®330/320 phone with LCS2005, blocking a roaming buddy fr@m th
privacy listno longerprevents the user from viewing the blocked béd@tatus.

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

12
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47827 Voice QualityMonitor feature onSoundPointP 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 Polycom HDX systésrconfigured for IR using UDP, ihow 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 sizmtion (applies toSoundStation IP 60D0

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

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

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

58177 When attemptngto do a blind transfer from a PSTN line to an internal extensioae beeps
are no longeheard after pressing the Sesoft key Cancelling the operations enables the call
transfer.

60086 TheSoundPoint IP 656honesnow send an OfHook or OrHook notfication when set to Auto
Answer.

60131 Reassignment of the speed dial keyswfanctions properly (applies toSoundStation IP 5000,
6000, and 700D

60186 Call connection bandwidth between the HDX and VVX h6@0synchronize when theVVX
1500is in CMAprovisioning mode.

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

60729 The ghone naw honorsa BLA NOTIRYhenthe version number inlte message body has
increased by more than 1.

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
Admink & (0 NJuide ditIbcl.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, pressingie Baclsoft keyin the Authentication menumow
restoresthe menu title correctly.

13
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61089 A popup no longerappears when adjusting the ringer volume while the call is on hold. Hands
free Volumeno longerappears instead of Ringer Volurtapplies toSoundPimt IP 320, 321,
330, 331, and 335

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.ri ngType (applies toSoundPoint IP 331, 335, 450, 550,
560, 650, 67&nd SoundStation IP 5000

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

61955 An RTP audio delay i longerdetected when calling 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.323 calls.

62450 When the value in configuration parameteb.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 TheVVX1500 phonesho longerdrop the domain information when sending call setup to the
gatekeeper

62675 Calls placewvith the VVX 1500 using théRL dialing n@ show up in the missed calls list
62687 Disabling local call forwambw stopsthe phone from forwarding calls
62974 Local call forwarding ruleme 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.

63277 During a call, a macro which is set to simulasoti keypressno longe displaysan error
(applies tothe VVX 1500

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

63746 Duringfail-back attempt line icon showssunregistered.

64036 Cdler 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 subscribethascorrectverson.

14
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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 via NOTIFY

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

65207 Resolved a mmory leak on the phonds specific call server environmexwhena call is
answered from a hunt group.

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

6534564862 One of the callers iso longerdropped when trying tese up a 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 entigs been seset to numeic
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 select line2 instead of line 1.

66217 Directed Call Piekp softkey nav works properly (applies tothe SoundPoint IP 650 and VVX
1500.

66554 During a video catin the VVX 15Q0he phoneno longerdrops video momentarilywhen there
are periodic offer lessrinvites/ 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 digitg¥ter entering the other two digits iho longerappend to the
earlier two digits thereby resulting in a failed c@pplies toSoundPoint IP 3xx running
UCS3.3)

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

66625 Thephoneno longersends threeextra registration requests to primary proxy during-aer.

15



Polycom® UC Software 3.3.3 Release Notes

66626

66666

66964

67455
67622

67641

67642

67753

67867

67966

68063
68195
68267

68344

68376

68382
68446

68476

69166

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

TheSoundStatioP 7000 phone is nev beingprovisioned via FTP wheie Windows 2003
server path MTU Discovery is disabled

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

The phone no longer crigsduring registration with TL@&pplies taSoundPoint IP 650/670

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

Pressinghe Drectory soft keyon the VVX 150@honeno longerredirects tothe Advanced Find
screen automatically.

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

Phoneno longerplaysringback after the call is timed out.

The phone seizethe correctline after transferring an incoming call to the line when going off
hook.

When a call is made between twd/X 1508 the answering/\VVX 150@vhich comes up after first
reboot no longerplaysanoise pattern on the screen before playing video.

Thephoneno longerreboots when DHCP failover occurs.
Directed Pickup using star codésr example}200,*300 nav works on theSoundPointP650.

When the BLF feature is enabled the SoundPointP650 and there is an active cail ringtone
heard in low sound within the handskas been removed.

Request Validation featungo longerrejectsrequests from another (second) senlimted in the
configuration files

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

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

The parameterca ll.hold.localReminder.startDelay value is nav honored when the
value is less than 60 seconds

The SoundPoinP331phoneis now bootable when setith Option 60, ASCII String and DHCP
Server Option 43

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

16
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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 with Genband CS200@vnworks properly.

70988 TheSoundPoint IP 558yhen powered by external AC poweaio longerrebootswhencertain
audioplayson full volume.

70233 When URL dialing ésabled the user isno longerprompted fora URL when attempting to
transfer cakb 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 the microbrowser screen

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

71328 Madifying the phone username via phol¢ebuser interfaceno longerchanges 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 dialedusingline key, handset, headset asgeakerphone key

72766 When the configuration parametatevice.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 toTable 7 Software Version 3.3:2Configuration File Parameter Enhancemefotsa list of
enhancements made tthe UC Sftware 3.3.2 configuration file parameters.

Table 7 Software Version 3.3.2Configuration File Parameter Enhancements

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

17
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Configuration Parameter Action Property Old Value New Value

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

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

18
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Configuration Parameter Action Property Old Value New Value
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

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
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Configuration Parameter Action Property Old Value New Value
numReplacelMax Const_NumLineRe
templates reg-advanced
type Bool

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

reg .X. server .y. failOver.onlySignalWith added callback CbReg

Registered cfgParamType param2DArray
defaultAll 1
help
numReplacelMax Const_NumLineRe
numReplace2Max Const_NumServer
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
templates hidden
type Bool

up.simplifiedSipCallinfo added accessType Admin
callback DefaultCbNone
cfgParamType param
default 0
help
templates new
type Bool
volpProt.SIP.dialog.strictVersion added accessType Admin
Validation callback CbSipStack
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Configuration Parameter Action Property Old Value New Value

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.only added callback CbReg
SignalWithRegistered 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.missed added accessType Admin
Calls callback DefaultCbRestart

cfgParamType param

default 0

help

templates sip-interop

type Bool
volpProt.server X. failOver.onlySignal added callback CbReg
WithRegistered cfgParamType paramArray

defaultAll 1

help

numReplacelMax

Const_NumServer

templates

sip-interop

21



Polycom® UC Software 3.3.3 Release Notes

Configuration Parameter Action Property Old Value New Value

type Bool
volpProt.server X. transport changed enum transport

max 256

min 0

type String Enum
voice.gain.rx.digital.neadset.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

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
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Configuration Parameter Action Property Old Value New Value
min -1000
templates new
type Sint

Understanding Updates to UCS 3.3.1F

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

Enhanced Capabilities

66743 Phones may be vulnerable to Denial of Service attacks when used in cendiigurations.
Sending HTTP GET requesth aibroken authorization header can produce a device restart
under certain circumstances in certain models of phones. For full details, refectmical
Bulletin 66743 Security Advisory Relating to Denial of Service Vulnerability on Polycom®
SoundPoint® IP and SoundStation® IP Phones.

Understanding Updates to UCS 3.3.1

This section listsdalitions and changes, removals, enhancements, and configuréite parameter
changes tdJC Software version 3.3.1 beside their respective Polycom tracking ID number.

New or Enhanced Features
50065 Added support for CMA presencapplies to VVX 1500

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

55059 Added support for Feature Key Synchronization using FAC/NOTIFY message combination.
Hosted IP solutions are implementing Synchronization of Feature key Functions (e.g.
DND/CRVD) using a Feature Access Code (FAC) to set the Feature, and a SIP NOTIFY message to
inform the phone of the feature state.

55061 Added support for the Team Function feature. This feature eddghe compatibility of
statically configured Busy Lamp Fi@ll F) 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-pgelcapability in a system that does not
generateRFC 4235 compliant dialagfo+xml documents.

58888 Added the ability to trigger a reboot (or configuration update) from the microbrowser.
example <softkey index=3 label=Reboot action=Action:UpdateConrfig /
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59000

60306

61343

61389

61861
62115

62259
62775

Phones now ignore BLA dialog documgpnta 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@Fforgcord
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.qg. it will bring it down
and up in an interval of one second) upon detecting a PC link down event. This shdahdorce
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 values 0 - Never recycle LAN link
and 1- Phone willunconditionally 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 ismb.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

59824
59843

60015
60175

60514

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

TheSoundStation IP 6000 and 700@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

The ghone nav changes all of the menu option labels into the selected language.

On theVVX 150, the caller ID correctly displag/during an active call after switching
(exchanging) valid logon credentials betweet phones.

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

When using the Contact Directory speed dial, the left and right arrow@ysngerincrement
and decrement the index unexpectedbppliesto SoundPoint IP 320, 321, 330, 38dd 335.

Theuserpassword camow be changed by an administrator if the old password is unknown.
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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 sidlyson the SoundStationP5000and 6000 are no longer
absent upon the 8th active outgoing call.

60788 When operating with a sipX server, there is no music on resume from a double Music On Hold
(MOH between two phones.

60814 The Login soft keyow displays whenfeature.acdLoginLogout.enabled is set(applies to
SoundStation IP 600

60831 Ringback tone continues faay for 30 seconds after the phone sends a BYE meésaplées to
SoundStation IP 6090

60848 After invoking the Update Configurationenu option, the phon@ow returnsto the idle screen.
60897 ¢ KS &/ dzali2Y wA Yy 3S NiopeechdBgairédnam8.y dz dza Sa G KS

61030 TheBuddy Watch presenaso longerfails onthe phoneatfter it boots initially with
volpProt.H323.enable =1 (applies to VVX 1500

6103L Active call does not have a timahen attempting to transfer or conference the c@pplies to
SoundPointP 450, 550, 560, 650, 670

61041 ¢ KS G/ I £ f { SNIS Nbwddpaph AN VA 2¢@m> as¥YdX0 SAGKAY
(applies to VVX 1500

61042 The Diected call pickup feature does notwors KSy G KS {!' . {/wL. 9 YSaal 3§

61046 TheSaved Ceificate prompt is nav shown when a ew CA certificate is downloadedpplies to
SoundPoint IP 320, 321, 330, 331, 335; SoundStation IP 5009, 7000

61088 The phoneno longer freezes anatboots after making a call with
tc plpApp.port.rtp.force Send=1024 4pplies to VVX 1500

61090 The configuration parameteslpProt.SIP.musicOnHold.uri is now updated upon a
configuration change.

61095 While dialing a URL using the-secreen keyboard hie firstenteredcharacter is unexpectiy
deleted @ppliesto VVX 150p

61102 TheRinger icon properly displayghen you adjust the ringerolume while the phone is idle
(applies to SoundStation IP 5000, 6900

61104 With a shared line configured on the phone, activity on the remote shared line will cause the
idle browser content to cycle off then dapplies toVVX 1500

61114 Phonecan successfully boeip with the DHCP VLAN 256 DVD option. The user inteniace
longerhalts at the BootROM coustiown screer{applies toVVX 1500
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61115 You can novanswer callgfter a configuration update is invoked.

61242 The configuration paranter volpProt.SIP.useCompleteUriForRetrieve now updates
upon a configuration change.

61246 ThevolpProt.SIP.allowTransferOnProceeding XMLschemahas the proper value type
as specifiedn thel RY A y A & (I NJTheaNa are0A1d&A R S

61273 Joining calls into local conference when 1 leg is a remotely held BL#llaegerresults in no
audio between both remote users.

61314 The number of characters for custom names is limiteti2oThe number has been extended to
127.

61367 2 KSYy RAIFfAY3 | ydzZYoSNI gAlGK I WbQ aA3dyz Sd3Id bn

d¢c2é KSI RSN

w»

61677 ¢ KS LIK2yS Saol LSa GK
(applies to VVX 1500

61723 Thephone is missing the first string "<?xml version="1.0" encoding=8'U#>" in FAST UPDATE
request which causes an integrat®&MX to reject the INFO methoabplies to VVX 1500

61779 Under certain conditions, the phom® longerreboots spontaneously from idle state or-imse
state.

z A

61904 ! Ol £t Aa LX I OSR 6AGK G(KS O2NNBOG aAIyriAiy3

protocol (applies to VVX 1500

62036 Phonenow continuessending DTMF RTP EVENTS when regeivsacond incoming ¢aluring
an active primary calbpplies to SoundPoint IP 320,330

62114 Users can nownlock the phone after the phone is locked lwi password containing letters
(applies to VVX 1500

62325 VVX 1500: Chinese characters causeptiene to become unresponsive to user requests.
62333+ +- wmMpnannY LYO2NNBOUG / KAySaS OKIFNIYOGSNAER | NB

62417 When an offnook event is received from the headset base station, the phone sends 3 events to
the base station. This reltsi in unusual audio effects at the headset. This affects all DHSG
headsets and platforms.

62453 Phone displays ghost call appearance labeled 'Unknown Party' if remote party is held while
reorder tone is played locally.

62490 9y I 6f Ay 3 (KS fundtichNiEhSiyd.etabledJi ¢Z8IBa longercauses the phone
to freeze and reboot.

62576 The phonenow reboots in order to pick up newip.ldfile after anUpdate Configuration is
invoked from the menu.

62642 The phone plays dial tone and RTP media whermnésgion a call held at another phone.
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62704 BLA presence recowgproperly on the monitoring phone when the LAN cable is disconnected
and then reconnected.

62906 Phonescorrectly provision using the HTTPS protocol option when using a server certifittate wi
an older MD2 digest message algorithm.

63076 Phones with BLA lines are able to establish more than 10 outgoing calls.

63214 Phone willno longerreboot ff it receives more REFERS thaj.x.callsPerLineKey is
configured for.

Configuration File Enhancements

Referto Table8: Software Version 3.34 Configuratiom File Parameter Enhancemerfds a list of
enhancementsnade to the UC Software 3.3ctnfigurationfile parameters The list applies only to the
enhancements made sin¢¢CS 3.3.0.

Table8: Software Version 3.3.& Configuration File Parameter Enhancements

Configuration Parameter Action
attendant.resourceList.x.callAddress added
attendant.resourceList.x.proceedinglsRecipient added
device.cma.disableTIsForDebug added
device.cma.disableTIsForDebug.set added
dir.H350.dev.bindOnlnit added
dir.H350.group.bindOnlInit added
dir.H350.person.bindOnlnit added
dir.corp.bindOnlnit added
feature.acdPremiumUnavailability.enabled added
reg.xfilterReflectedBlaDialogs added
sec.dotlx.eapollogoff.pcforcelanlinkreset added
sec.srtp.noAuthRxRTP added
volpProt.S  IP .allowTransferOnProceeding changed
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Understanding Updates to UCS 3.3.0

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes to UC Software version 3.B8d3ide their respective Polycom tracking ID number.

New or Enhanced Features

23335
24111

23394

35245

38826

48138

48526

48690

49658

50067
50151
50644

51121

Configuration parameter values can now be updated attiome.

Enhanced the user interface for selecting a distinctive ringtone associated with a contact in the
localdirectory. You can now review the ring name and play the ringtone before accepting and
associating the ringtone for specific contacts.

Configuring parameters are now setintained (default parameter values) and the configuration
process is more fatstolerant.

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.lineKeyCallTerminate . Type=Boal Default=0 NMh=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 dynamic support of G.729AB and iLBC co@Get29AB / iLBC (applies to
SoundPoint IP 320, 321, 330, 331, 335, 450, 550, 560, 650, 670).

Simplified selection of codec configuration preferences. B&&051%or more information. This
change is not backward compatilite configuration files used with previous software releases.

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 5721%r more
information regarding this feature and configuration.

Added configuration parameter to allow thphone to obtain Caller ID from the From header
instead of the PAssertedidentity segment. The associated configuration parameter is
volpProt.SIP.CID.sourcePreferercRAssertedidentity, RemotePartyID, or From

Local contact directory now matchehe Polycom CMA products style and user experience.
Removed redundant levels of abstraction associated with arrays in configuration files.

Enhanced the visual indicator of incoming calls on the VVX 1500 for the hearing impaired. Upon
receiving an incoming call, the phone will ring and the display will flash on and off with a bright
orange and white screen. This visual indicator can be seemwhen the display is viewed at an
indirect angle. The associated configuration parametepisiccessibilityFeatures=1

RAM disk configuration parameters have been optimized.
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51314

51523

51446
51594
51725
51979
52253

52459
52493
52532

52864

53021

53023
53231

53417
53703

53932
54037

54045

54098
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Added a configuration option to allow for minimal latency in orttemeet JITC requirements.
The associated configuration parametewdice.txPacketDelay . Normalor NULL(default) =
no change to Tx latencigw = low delay

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

Added configuration parameters supporting TLS cipher suites.

Digit map replacements no longer need to be reflected in the placed calls list.
Added supporfor G.719 audio codec in H.323 calls (applies to VVX 1500).
Added support for asymmetric audio codecs.

Configuration parameter values modified by an administrator logon credential using the phones
Web server are not permitted to be altered bger level logon credentials.

Website ussthe new configuration system.
Added support for MD4 encryption key (OpenSSL).

Phones no longer invoke a reboot during the uploading of override files as a result of an
unresponsive provisioningerver (after a timeout).

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

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

Edit fields have been expanded to display additional contgmplies tovVVX 1500

Added a configuration parameter to control the behavior of terminatingveay conference by
the conference initiator. Options now include either terminatingcanference legs or allowing

the other parties to stay connecte@he associated configuration parameter is
call.transferOnConferenceEnd

Implemented a slider basn theVVVX 150 for adjusting levels in various menu screens.

Added the abilityfor 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 dtve 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 section of the BootROM.
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54167 TheBootROM and application software versions may now be obtained by using theavd
Web interface.

54301 A timestamp is displayed in Call Lists alongside the Caller ID.

54308 The navigation keys can now be used as a spin box control (ability tosalses using the up
and down arrow keys) for numeric fiel@pplies toSoundPoint IP 320, 321, 330, 331,)335

54678 Phones can now be deployed with a et language. This supports enftthe box localization.

54928 Added a new API Telephony Event (Xihich is sent to the attached application upon a
successful line registration with a PBX.

55028 The maximum size of the contact directory contact field has been increased to 128 to
accommodate complex dialing scenarios.

5504057981 Added the ability foadministrators to install custom device certificates. The
administrator can add private and public keys (certificate) via TLS links.

55068 Added support for Null Ciphers to be used with TLS Authentication.
55318 The Advanced LDAP Search screen now suplamgsiages other than English.
55334 Added the ability for the tool bawn the VVX 150 to hide automatically.

55490 The configuration Web interface has been expanded to include parameters associated with
security.

55508 When a precedence call is offerealthe phone, it now rings with a corresponding precedence
ringtone.

55509 When a precedence outgoing call is initiated, a precedence styldoaaok tone is generated.

55510 The DSCP Differentiated Services Code Point levels for standard and precedenzd|teare
aligned.

55513 The current precedence level of a calhisv displayed.

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

55745 Phones now generate a MLPP resogpcierity Header based on the dialed number.
55985 TheSoundPointP7000 now dsplays the LogOut soft key when configured to be enabled.
5666856668 Added dynamic codec switching.

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 parametecan be modified via th&/ebinterface. TheEnhanced
method also eliminates the need to reboot the phone in order to register the changes.
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57504 A new Warble.wav file is available which can be configured as an audible ringer for incoming
calls. This filavill 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\k& 150.
58156 The user video call rate setting parameter valueioms have beeshortened on the/VX 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 provisingiserver.

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 i to re
configure itself based on newly administerashfiguration 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.

Discontinued Features

5020053590 Removed config@tion parameters that are no longer required for customripped
graphic indicator icons.

56209 Removed support for the SoundPolR430.

59917 Removed support for the animated idle display images (static idle display images are still
supported).

Enhanced Capabilities
33425 On theSoundStationP 7000, userscan nowreply to instant messages.

42509 Cannow invokethe eed dial list using thelp Arrowkey when first call is kept on hofdpplies
to VVX 1500

43660 URL addressem the SoundPointP 330 are now saved irthe call list entry. When the phone
receives a URL call fromIBExxx.xxX.xxX.xxx, the phoneweavesthe incoming URL call
address into call list entry

44034 On theSoundPointP 330, the arsor 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 SoundPoinP 330 idle screen.
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45013

47135

47542
48228

48257

48463

48701
48776

48840

49331

50812

50855

50920

50922
50969

50997

51152

51237

51656

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

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

The URL entry fieldn theVVX1500 allows for32 instead of onl@8 characters.

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

The cfault backgound imageon theVVX 150 now displayafter the following sequence of
events select an image file, followed by selecting an invalid image (file not found) and select the
default background image.

Cannow view JPEG images with file extensions .jpe ofaffiplies tovVvX 1500
The touchscreenno longerdisables during keypad diagnostigapplies tovVX 1500

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

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

Audio isno longerlost when disabling the handsee mode while on a speakerphercall
(applies tovvX 1500

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

An error message is ongershown when a contact is saved with ampty contact number
(applies toSoundPoint IP 320, 321, 330, 331, and)335

Phones displaya correct contact upon pressing the speed dial line key while editing the contact
entry (applies toSoundPoint IP 320, 321, 330, 331, and)335

Dial gan naov applesafter editing a call list item and attempting to dial the number.

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

Upon pressing a line key, the phonewndialsthe stored hot dial numbefapplies taSoundPoint
IP 320, 321, 330, 331, and 335

Back arrow nar works as backspace when in the Display and Touch Ser@e&gnostics or
Media Statistics screerfapplies tovvX 1500

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

Interactive micobrowserwill nowtimeout if mb.main. idleTimeout > 600
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51664 TheVVX 150 phoneno longerenters LCD Powe&town mode in 3 to 4 minutes instead of the
time set bypowerSaving.userDetectionSensitivity.officeHour s=0.

51669 After both $Pand H.323 Calerver parameters in Admin Settings are reconfigunedhe VVX
1500, only one dialog methots nowoffered to exit. A reboots no longerrequired.

51947 Cannow delete the URbn theVVVX 150 by selecting it righto-left and pressing the backspace
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 pnodenger
thinks it is active on a call.

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

52438 Typing in a fully filled field nlongerprevent the cursor from advancing and overwritiexjsting
content (applies toSoundPoint IP 320, 321, 330, 331, and)335

52447 After placing 21 encrypted calls on hold, tgX 150@honeno longerocksup and reboots at
the 22nd multiple encrypted call.

52590 The Add Video soft kdg no longelaccesible when flashing the POTS line to make a second
POTS calWhile playing dial tone for second POTS call, pressing the Add Video soft key and
dialing a video numbero longercausethe HDX to lockip and reboot(applies toSoundStation
IP 7000.

52629 The phones accept tel UR's agel://number andtel:numbet

52655 Upon disabling the directory, saving a contact from the corporate directory to the directory file
no longercausethe saved contact to reuse the speed dial index starting from 1.

52690 The Add Phone soft key tangerappeaswhile the Call Type is set to Confererf@Band the
phone is rebooted without a network connecti¢applies toSoundStation 1P000).

52772 In theCorporate DirectorywhensortControl =1, a quick search on multiple searchable
attributes no longercauses the entry list to display items that 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
fail (applies toSoundPoint IP 320, 321, 330, 331, and)335

52896 The Forwarding status field in the Forward menu option screemcewrectly corresponsito
the actual call forwarding statusypplies toSoundPoint IP 320, 321, 330, 331, and)335
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52945

53066

53104

53447

53679
53953

54131

54175
54219

54292

54343

54356

54614

54616

54617

54638

54656

54720

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

When hot dialingon the VVX 15QQhe white screemo longerflashes after pressing the Dial
soft key, termindéion key, and dual line key.

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

Initiating a URL based hdtal by pressing the # or * keyn theVVX 150 no longercauses an
invalid character to be inserted in théP3JRL.

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

In the LDAP featuren the VVX 15QGhe Scroll icons for navigating up and down pageg no
display when the last contact in the search list is reached.

The SoundStation IP 50p8one nav displaysthe Volume control while the ringer volume is
being adjusted in Quick Search mode.

The Swedish Group soft keynis longertruncated the visible portion translateproperly.

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

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

Added the ability tesave changes to text dPentry fields while in theddmin Settings menu
after viewing thewebbrowseron the VVX 15Q0

The Delete key on theVX 1500 does not dismigee character selection control or prevents
character entry in the browser.

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

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.

Opening and closing th&/ebbrowseron theVVX 150 no longeresets ABC/abc/123 and
encodirg soft keys

The one nav displays anx/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.
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54727 Invoking he Abc/ASCII entry modm the VVX 150 capitalizes entered letters properly in the
Corporate Directory search field.

54735 Upon pressing the VIDEO lay the VVX 150, the focus nav changesto Active Conference
pane.

54756 The VVX 18Dphonecandisplay he dialing screen when an alpha character is configured and
entered into the contact field followed by a call to the specified contact.

54757 The Callimeron theVVX 150 displays aorrect duration value.

54834 TheVVX 150Mo longerconnects with audi@nly when an MGC IVR Video Welcome Slide is
used.

54876 Inter-digit DTMF signaling interval wanatchesthe tone.dtmf.offTime setting.
54949 An unassigned soft keyo longeroperates as a Dir soft ke the SoundStationP 7000.
54966 The Lin16.16ksps decnhow engageif it is the only supported codec

54988 The wser is nowable to make additional changes to the selected item in the Prioritize
Background menu after making an initial selectfapplies toSoundPoint IP 450, 550, 560, 650,
and 670.

54993 TheSoundStationP 7000 phoneno longerdisplays Enter name instead of Enter URL in the
Install Custom CA Cert menu.

54995 Pressing the # key while in an idle call staddongerdisplaysthe character in dial screen.

55001 The Backspace soft kap longer showsat left edge of a dialedIBURL(applies toSoundPoint IP
320, 321, 330, 331, and 3B5

55002 The user is nowable to presandhold the Backspace soft key to clear the contents of the dialing
fields(applies toSoundPoint IP 320, 321, 330, 331, and)335

55005 Theuser Interfaceno longerbecomes corruptedvhenchange the language while hdtaling
(applies toSoundPoint IP 320, 321, 330, 331, and)335

55014 Soft keyso longerdisappear from a shared line wherhold/resume operation is performed on
another remote shared linGapplies toSoundStation IP 5000 and 6000

55017 Auto Rejechow functionsas expected when the feature is enabled through the Contact
Directory when an Alphaharacter is present in the ONTACT fieldpplies toSoundPoint IP
320, 321, 330, 331, and 3B5

55039 The Navigation Control GroNCG Indicatorno longershows theright-pointingarrow even
whenthere are no calls in the call lists.

55053 The Page up arrowow functions correcty when the Server menu is highlighted and the DHCP
client is set to disabled.

55063 It isno longerpossible to select a disabled menu item using the * kegultingin a non
functional Edit soft key.
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55094 When taking the phone offiook and dialing the # key, then# longerdisplaysin the Enter
more digits fieldapplies toSoundPoint IP 320, 321, 330, 331, and)335

55129 The Transfer and Conference soft keysthe SoundStationP 7000 now displayipon an 8th
active call

55139 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

55271 The Please Enter a Contact papno longer shows upnexpectedlywhen adding/editing
contacts.

55287 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).

55297 Anaudio and vdeo conference chhppears as anglevideo call(applies tothe SoundStation IP
7000.

55313 The Routing soft keyan the VVX 150 now displaycorrectly when the Calark feature is
enabled.

55339 Resuming a conference while running the Slide Show applicatidhe VVX1500 no longer
causes the user interface to become dysfunctional.

55340 The user cano longeraunch picture framen the VVX 150 while a recording is in progress
causing the USB busy icon to disappear.

55375 The Outgoing Call control interfaca the WX 150 now displaysvhen the Speed Dial Contact
Enhanced Feature Key macro fails to execute.

55423 Thecorrect soft keys and user interfadisplayson the VVX 150 after exiting the screen that
was previously opened from the icon in the status bar; wihdedialing digits.

55457 When the dual protocol line is registered only to the gatekeeper and not tolfhseBveron the
VVX 150, thisno longercausedot-dialed $? URLio call via H32&nd dalog optiongo appear
when a hot dial URL call is attetag.

55477 SRTP Key renewabw occuis during local conference calls.
55478 DHCP VLAN Discovery (DW®)onger reports agot active when it actually is.

55485 The Camera Settings Save soft &aythe VVX 150 no longeiloses its contexsensitivity upon
second visit to the menu option.

55514 Calling into a Video Serven the VVX 150 no longercauses the phone to connect the audio
portion of call but does not establish a video connection.

55560 On occasion, the VVX 1Bphoneno longerdisplays an incoect call duration timer valugvhile
on an H.323 call to an RW2000.

55641 The Yaxis autescaling of the Network Load graph theVVVX 150 is now accurate.

36



55697

55907

55911

55929

55964

56046

56057

56147

56156
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Phoneno longerrejects call with 486 ifNOTIFY:Alerting  is received before the INVITE and
reg.x.lineKeys andreg.x.callsPerLineKey issetto 1

Onthe VVX 150, typing a or #o longercauses the ofscreen 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, 331, and)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 settingig@moved from the
override file when anew value is selected from the menu option.

Phoneao 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 o
numbers are ndongertruncated on the idle screen.

The abc/ASCII strimp 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.routing.emergency.x.server.y

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

The Dutch_Netherlands localizationwmdisplays the correct default 24 hour time format infs
3.2.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 aingtoneupon switching initiatig a call sequence of
transfer, conference initiation, 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 phonasw accept a DHCP offer that do include the terminating END (OxFF)
option (applies taSoundPoint IP 5000, 6000, 7000
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56401 The Admin password length the boot menuand Menu > Settings > Advanaagénunow
match.

56678 Local contact directory entries now séoup to 32 characters instead of only 31.
56708 The $PURL dialing field accepts up to 32 charachesseadof 256.
56787 Thephoneno longerplays a short tone while retrieving a parked call using an incorrect contact.

56788 The contact field of théocal contact directory now accepts 128 characters instead of only 32
(applies toSoundPoint IP 320, 321, 330, 331, and)335

56797 TheSoundPointP450 Admin Settings suinenus correctly display the titles in a white
background box.

56809 The configuratin parametevoice.audioProfile.Lin16.48ksps.payloadType has a
defaultvalue of 1Binstead of 19.

56827 The soft keys associated with Conference Remote PidkwyCall, Transfeand Conf soft keys
on the SoundStatiolP 7000 are no longermissing when th conference call is split.

56868 Published CDP power values in TB 48152 match actual measured consumption

57146 The phoneno longerfreezes and reboatwhen it receives an INVITE message with special
characters in the FROM header and the call isgulam hold.

57368 The second contact in the Local Contact Directoryhe SoundStation IP 5008no longer
highlighedwhen it is selected.

57369 The Contact entry in the Local Contact Directomylongertakes a long time to displagpplies
to SoundStation IP 6000 and 7000

57398 The fhoneno longerdisplaysPlease enter a contapbp up message after adding a contact in
the local contact directory.

57443 The displayn the SoundStation IP 6000 and 7000 longerflickers while making an outgugy
call.

57597 Using theVVX 150phone with an HDX, the phone wdransmitsvideo upon resuming a SIP
call.

57615 The autohide featuren the VVX 1500 nownctionswhen PIN is pressed while the tool bar is
sliding down out of view.

57849 The fhone nav acquiresthe correct VLAN using LLDP on occasion from a bootup.
57863 Thephone accepta DHCP END (OxFF) option in a DHCP INFORM response.

57958 In the faitover feature, while raegistering, there isi0 longer a&32 second delay before sending
INVITE tohe third server.

58023 A call into a 3COM VCX audio conference sewen using thé/VX 150 no longercausethe
phone to reboot.
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Hot-dial numberso longerdisappear from the screen if there is an incoming call during the
outgoing hotdialingstate (applies toSoundStation IP 5000 and 6000

Blind transfer: in certain scenarios, when two phones receive a PSTN call and two people

FGGSYLIG G2 o0fAYR GNIyaFSNI G2 Fy AyGSNyrt SEGSY

pressing the "Seridsoft key indicating that the transfer was not successful. If they cancel the
transfer and try again, the transfer will complete properly.

After upgrading from 3.0.0 to 3.1.3 Revi@&re is no longea delay in the audio signal when
answering a callsing the speakerphone.

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

Initiating a URL hedlial call by pressindie # or * keyon the VVVX 1500 no longeauses the
Enter URL dialog to peyp with the # character already inserted into the field, even through the
# character is not a valid/URL character.

A Contact camow be saved from a Corporate Direct@garch result into a local directory. This
is as a result of not checking the correct attribstech asSPvs H.323.

Within there-registration on fadover 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 on failover feature, the phom® longersends an extra Register
request to primary server after the first faver.

Resolved ani-directional Video Streaming interoperation issue with Siemens Video Desktop
Client OD@applies tovVX 1500

TheSoundPointP650 phone nav validates an existing registration when it is registered with a
BroadSoft server.

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

The phone setthe Call Control 802.1Q Priority correctly when using Thdvalue 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 Targdtrame Rate is set to minimum.

When using TCP preferred transport, the phamev resendsa 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.
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58907

58908

58913

59129

59262
59308
59430

59561

59737

59777

59949

59954

59967

60013

60126

60145

TheVVX 150@honenow sendsan INVITEIBpacket when the configuration parameter
msg.mwi.1l. 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 disabled. When the phone has more than one registration and

msg.mwi.1l. 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 dJRI is incorrectly assigned to
volpProt.SIP.conference.address

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

Calkreceived from a moite to the VVVX 150 no longercause the phone to disple§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# speed dial feature, the title longerdisplays Directory inetad of Speed Dial
(applies toSoundPoint IP 320, 321, 330, 331, and)335

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 IRG, 321,
330, 331, and 335

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

When an incorrect CA certificate is ins&tal, the phone will not attempt to retry a TLS
handshak&applies to LDAP on the VVX 1500

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

Gatewaysho 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 appearandéee 2nd call
appearancenow correctly indicates a remotely held line, when it is not
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60264 When a BLA line is showing the dialing screen, remote call appeanamé@sgerdisplay when
the remote BLA line resumes a dalbplies toSoundPoint IP 450, 550, 560, 650, and)670

60266 Whena 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 ando longerchange @pplies toSoundPoint IP 320,

321, 330, 331, and 335

60267 Cannow change a checked item twice in the Prioritize Background ng@pplies toSoundPoint
IP 550, 560, 650, and 6)70

60340 The Join soft kegn the SoundPointP650 no longeisplayson a phone with a BLike when
there is only one call on the phone.

60650 The idle browseon theVVX 150 no longeralternates between current content and earlier
content when it the display is refreshed.

62621 SoundPointP321 and 33Pphones running 3.2.3.3122 and configured for HT TiRSlonger
displaythe error messageglert: Fatal, DescriptiorDecode Error

Configuration File Enhancements

Theconfiguration files, their respective parameters and defaults, as well as the provisioning methods
have ben simplified but extensively modified compared to previous releases.

Before installing the softwardlolycomrecommendsghat you first familiarize yourself with the changes
outlined in theAdministrators Guide for the Polycom® UC Softw&.8.0and Technical Bulletin 60519:
Simplified Configuration Enhancements in Polycom® UCagofivB.0

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes to SIP 3.2.6 beside their respective Polycom tracking identification number.

Understanding Updates to SIP 3.2.5

This section listadditions and changes, removals, enhancements, and configuration file parameter
changes to SIP 3.2.5 beside their respective Polycom tracking ID number.

New or Enhanced Features

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

62939 Various enhancements to the G&edundancy (multiple server faver support) featureFor
full details, refer to the list of documents in Secti@n

64359 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.
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Enhanced Capabilities

54219

57570
60851
60973

61248

61283

61541

62206

62226
62383

62567

62621

62642

62643

62669

62672

The SoundPoint 860 and 670 phones nowstablish a data link when connected to some
switches when both phone and switch are configured for 100Mbits/Full Duplex.

A failover is now performed as a result of BPResponse code 503.
Dialingusing the Speaker ordddset keyno longerdropsthe initial call appearance

Enteringa username and passworgsing theQuick SetugQtup) softkeyfollowed by a
request to save, nowmutomaticallyinvokes the phone toebootthe phonein order to the
changes to be apjgd.

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

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 recetd€sEad
request

When auser attemptsto place a conference on hold atite phonereceives a 400 Bad request,
the phone correctly sends a NOTIFY Wdtho. Thiso longercauses théncorrectpresenceon
the other Bridged Line Appearance lite be displayed.

Phone no longer displays Service Unavailable upon liftingdhesetand pressing the Line 2
key (applies to SoundPoint IP 320, 321, 330, 331, andl. 335

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

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

SoundPoint IP 3xx phones monitoring each other 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

Phonesno longerplayadial tone as well as RTP audio when resuming a call held at another
phone.

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

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

Directed Call PickupCP ofGroup Call Pickujeature (using soft keys instead of *53 and *54
featureaccess codes) no longeil when the user enteyan account code. The account cade
not appended to the user portion of the URI.
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Invoking either the Group Call Pickup or Directed Call Pickup feature, using its corresponding
soft key, now functiongroperly. The display shows Unknown and the call is not picked up
(applies toSoundPoint IP 3xx

The phone nw accepsinbound $Prequests from a RROFQGecredundancy)kerverthat is
not registered with that phone.

TheResume sofkeyonthe SoundPoint IP 3x% nav presentedwhenthe line key is pressed
continuously while the line & aremote held callstate. This occurs when the line is configured
ascallsPerLineKey  =1.

The phones monitoring Bridged Line Appearan®&i_A ling conigured forone call per linecan
now pickup the held call after the call @BLA line has been put on halding the
Transfer/Conference key.

Regardingzeo-redundancy RROF-@lls on hold are nw released when pressing the Resume
soft key after thdPBE failover occurs while using the geedundancy feature. The usap
longer needs tgress 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
Feaure is enabled (by configuring thigalplan.routing.emergency.x.value and
dialplan.routing.emergency.x.server.y parameter$ dialing the configured
emergency humber wihow work whenyou use orhook dialing and when URL Dialing is
enabled.

The Redidleature functiors correctly after invoking 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 aftefrregyistering to the secondary
server.

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

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

Invoking theCall Parkeature on the SoundPoint IP 3xx with the soft key now functions correctly
when the soft key is configured as 1 line and 1 calliper

TheSoundPoint IP 3xx phorsends 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 leger terminated when the user
inadvertentlyseizegwo line keyssimultaneously

In an attempt to answer an incoming call, the user no longer inadvertprtiyse< line keys.
The user is no longer connectemboth lines one with anncoming caller anthe other withdial
tone.
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64340 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
> Slit > EndCall > Resume> Hold.

64356 The display on the SoundPoint IP 3xx showirgneote call appearanceow times outproperly
whenthe user presses continuouslyB& A line kejollowed by pressing down arrow keywhile
there aremultiple calls on hol@n theremote BLA.

64360 The state of the indicator of a BLA line appearance v properly reported after the phone
receives an INVITE containing replaces.

64762 When special characters in the FROM field are receieyno longerprevent the SoundPoint
IP430 phonre from displaying Caller ID information.

64862 Joining an internal extension with an external PSTNodbbngercauses one call to drop

65119 When aBridged Line Appearan@&LA line ipresentedin adialing screenthe remote call
appearancanow displays when the remote BLA line resumes a call

65207 A slow memory leak no longer occurs in @Estackdue to the eceipt of hunt group INVITE
containingreplaceswith phones usindADTRANwitches.

65368 When the configuration parametesignalwithUn registered =0, the phonenow always
ignoresall of the messaging traffic

65842 Call waiting tonao longercontinues to play after an inbound call has been forwarded and
answered by the PSTN.

Configuration File Enhancements

Refer toTablel0: Software Versio3.2.5- Configuration File Parameter Enhancemdotsa list of
enhancements made tthe SIF3.2.5 configuration file parameters.

Tablel0: Software VersiorB8.2.5- Configuration File Parameter Enhancements

File Change  Configuration Parameter OldValue New \alue

phonel added reg.n.server.m.failOver.onlySignal N/A Null
WithRegistered

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.onlySignal N/A Null
WithRegistered

sip added volpProt.S  IP .CID.sourcePreference N/A Null

sip added volpProt.S  IP .failoverOn503Response N/A 1

44



Polycom® UC Software 3.3.3 Release Notes

File Change  Configuration Parameter OldValue New \alue

sip added volpProt.S  IP .outboundProxy.failOver. N/A Null
onlySignalWithRegistered

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 tdSIPversion 3.2.4B 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 headerochrc® a device restart
under certain circumstances in certain models of phones. For full details, refectmical
Buletin 66743 Security Advisory Relating to Denial of Service Vulnerability on Polycom®
SoundPoint® and SoundStationi®Phones

Understanding Updates to SIP 3.2.4

This section lists additions and changes, removals, enhancements, and configuraiiandiheter
changes tdIPversion 3.2.4 beside their respective Polycom tracking ID number.

Enhanced Capabilities

59308 A retransmitted INVITE message causes a 400 Bad Response reply. This is in violation of RFC
3261 section 17.2.1

65207 A consistent buslow 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 tlEHB81 TUV
safety requirementgapplies toSoundPoint IP/VVX 1500

65660 The BootBlock may become corrupted as a result of accessing unprotected section of flash
memory.
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Understanding Updates to SIP3.2.3

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes t&S1P3.2.3 beside their respective Polycom tracking ID number.

New or Enhanced Features

43099
43297

45462

50739

51753

51940

54041

54983

55524

56272

Added support fothe SoundStationP5000conferencephone.

Sound effects can now be played out of a destination based on user configuidteavailable
destinations arechassishandset headsetor active The dfault ischassis

All SoundPoint and SoundStation phones now comply with-after instructions embedded in
SPResponse codes 500 and 503 as part of REGISTER and other requests.

On a multileg conferencen the SoundStatiolP 7000 when the End Call soft key or the On

Hook hard key is pressed, the conference phone wiltlaskiser 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 forlemlitionference

calls

Enhancedhe gppearanceon the SoundPointP450 of anti-aliased characters.

All 3Pphones now have a failver feature that enables phones to-register before diverting
9Psignalihg to an alternate servef.his feature will be formally released and documerited
future release.

Format of DHCP Option 60 Data is now configurable and added support for Option 125 as per
RFC 3925.

InternallPaddress othe VVX 150 phone (instead of an alias) is no longer being sent in the
Facility Message.

Logs no longer display Cant set 802.1Q VIBfér TCP protocol messages at default when
running on a VLAN.

Network Configuration DHCP satenu now supports Option 60 format. The new options
include setting either RFC 3925 Binary [default] or ASGigStri

Enhanced Capabilities

45188

47897
52119

The minimum acceptable amount of free RAM has been increais¢lde SoundPointP 320,
330, and 48 in order that functions such aggtones are not affected.

TheBack soft keworkswhena user tries to exit frominstant Message menu.

VVX 150 phonesno longerreboot during G.729 packet loss concealment such as when the
remote phone is placed on hold.
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55378

55415

55420
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The configuration parametesolpProt.SIP.requestValidation.x.meth od=source does
workswith DNS SRV StaCache

Whenthe SoundStationP 7000 isused with an HDX, the parameter
voice.volume.persist.handsfree =0 also affectdhe HDX.

Changes in the display color palete the SoundPointP450 no longer causeontrast
problems.

9P INVITEessagecan be sentvhen dialing a number containing the period character

Phoneenablesuser to add more than 32 characters in Hot Dial sci@gplies tovVX 1500, 321,
325, 330, 331, and 335

In the Contact Directory, the text fieddcrollto the left to reveal the first charactexrs you move
the text cursor left dpplies toSoundPoint IP 321, 325, 330, 331, and)335

An unexpected colon has been removiadhe scrolling status line during an incoming call
(applies toSoundPoint IP 32 325, 330, 331, and 335

In a long SRTP conference, steering video on the VVX 1500 between active and inactive no
longer causes the video leg to fail.

Dialing numbers ithe Contact Directoryio longeropens contacts for editinfapplies to
SoundPoint IP 550, 560, 650, and)670

On the VVX 150@he dial pad widgetlisplaysvhen attempting to conference or transfer a held
call while in a ringback state.

TheVVX 150 phonecaninvoke LCD power down mode af@@remote end placestte call on
hold.

The ghoneenablesthe user to enter more characters than it is capable of saving in the Contact
Directory fields.

TheVVX 150 phonecanplay back video after dBre-INVITE message is sentaioRMX
meeting room.

TheVVX 15@ phone displays correct call timer values while in an H.323 call to anrZRPIX

Switching to Katakana characters before the character selection widget timedohger
produces random characters that on occasion cause the phone to matinifapplies to
SoundPoint IP 450, 550, 560, 650, 670; SoundStation 5000 and 7000

Proceeding outgoing call state on one line is adversely affected by an outgoing call on another
line (applies to SoundPoitP 321, 325, 330, 33335).

Onoccasion, the display freezes and both BlgagsionModule<tlisplay may become blank
during a consultative transfer. The phone does not recover and has to be reb@melies to
SoundPoint IP 650 with attached expansion modules
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56032 SoundPointP650phoneswith two expansionrmodulesno longerreboot while monitoring
continuous BLF traffic.

56488 In packets sent from the client, the Parameter Request List opiolongercontains two
duplicaterequests for the options Rout€B) and Domain Nam@J5) (applies toSoundStation 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 volumelifting the handseno 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 Evento longerresults in invalid MWI notification.
57849 TheSoundPointP330 and 5B phones canacquile the correct VLAN via LLDP.

58024 TheHold functionon the VVX 1500Mo longerfails in a specific customer scenario.

Configuration File Enhancements

Refer toTable 11 Software Version 3.2-3Configuration File Parameter Enhancemdotsa list of
enhancements made tthe SIF3.2.3 configuration file parameters.

Table 11 Software Version 3.2.3Configuration File Parameter Enhancements

File Change  Configuration Parameter Old New Value
Value
phonel added reg.n.server.1.failOver.reRegisterOn N/A
phonel added reg.n.server.1.failOver.failBack.mode N/A
phonel added reg.n.server.1.failOver.failBack.timeout N/A
phonel added reg.n.server.2.failOver.reRegisterOn N/A
phonel added reg.n.server.2.failOver.failRegistrationOn N/A
phonel added reg.n.server.2.failOver.failBack.mode N/A
phonel added reg.n.server.2.failOver.failBack.timeout N/A
phonel added reg.n.outboundProxy.failOver.reRegisterOn N/A
phonel added reg.n.outboundProxy.failOver.failRegistrationOn N/A
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File Change  Configuration Parameter Old New Value
Value

phonel added reg.n.outboundProxy.failOver.failBack.mode N/A

phonel added reg.n.outboundProxy.failOver.failBack.timeout N/A

phonel added reg.n.useCompleteUriForRetrieve N/A 1

sip added volpProt.server.1.failOver.reRegisterOn N/A

sip added volpProt.server.1.failOver.failRegistrationOn N/A

sip added volpProt.server.1.failOver.failBack.mode N/A

sip added volpProt.server.1.failOver.failBack.timeout N/A

sip added volpProt.server.2.failOver.reRegisterOn N/A

sip added volpProt.server.2.failOver.failRegistrationOn N/A

sip added volpProt.server.2.failOver.failBack.mode N/A

sip added volpProt.server.2.failOver.failBack.timeout N/A

sip added voipPort.S IP .useCompleteUriForRetrieve N/A 1

sip added volpProt.S  IP .outboundProxy.failOver. N/A
reRegisterOn

sip added volpProt.S  IP .outboundProxy.failOver.fail N/A
RegistrationOn

sip added volpProt.S  IP .outboundProxy.failOver.failBack. N/A
mode

sip added volpProt.S  IP .outboundProxy.failOver.failBack. N/A
timeout

sip added volpProt.H323.blockFacilityOnStartH245 N/A 0

sip added se.destination N/A chassis

sip added voice.codecPref. IP _5000.G711Mu N/A 2

sip added voice.codecPref. IP _5000.G711A N/A 3

sip added voice.codecPref. IP _5000.G729AB N/A 4

sip added voice.codecPref. IP _5000.G722 N/A 1

sip added voice.codecPref. IP_5000.iLBC.13_33kbps N/A
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File Change  Configuration Parameter Old New Value
Value
sip added voice.codecPref. IP _5000.iLBC.15_2kbps N/A
sip added voice.gain.rx.analog.chassis. IP 5000 N/A 0
sip added voice.gain.rx.analog.ringer. IP _5000 N/A 0
sip added voice.gain.rx.digital.chassis. IP _5000 N/A 11
sip added voice.gain.rx.digital.ringer. IP_5000 N/A -12
sip added voice.gain.tx.analog.chassis. IP 5000 N/A 0
sip added voice.gain.tx.digital.chassis. IP 5000 N/A 15
sip added voice.aes.hf.duplexBalance. IP _5000.0 N/A 10
sip added voice.aes.hf.duplexBalance. IP _5000.1 N/A 9
sip added voice.aes.hf.duplexBalance. IP _5000.2 N/A 8
sip added voice.aes.hf.duplexBalance. IP _5000.3 N/A 7
sip added voice.aes.hf.duplexBalance. IP _5000.4 N/A 6
sip added voice.aes.hf.duplexBalance. IP _5000.5 N/A 5
sip added voice.aes.hf.duplexBalance. IP _5000.6 N/A 4
sip added voice.aes.hf.duplexBalance. IP _5000.7 N/A 3
sip added voice.aes.hf.duplexBalance. IP _5000.8 N/A 2
sip added voice.ns.hf. IP _5000.enable N/A 1
sip added voice.ns.hf. IP_5000.signalAttn N/A -6
sip added voice.ns.hf. IP_5000.silenceAttn N/A 9
sip added voice.rxeq.hf. IP _5000.preFilter.enable N/A 1
sip added voice.rxeq.hf. IP_5000.postFilter.enable N/A 0
sip added voice.txEq.hf. IP_5000.preFilter.enable N/A 0
sip added voice.txEq.hf. IP _5000.postFilter.enable N/A 1
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Understanding Updates to SIP 3.2.2

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes t&IP3.2.2 beside their respective Polycom tracking ID number.

New or Enhanced Features

41450 Change of the real time operating systéapplies tovVX 1500

43760 H.323 signaling protocol support for vidépplies tovVVX 1500

43862 Support for Webkit browser to replace the XHTML brow@aaplies tovVVX 1500
45172 Support for iLBC audio codd€applies tovVX 1500

47173 Support for H.261 videcodec(applies tovVX 1500

48557 Max video bit ratedefaultsto 384 kbpgapplies tovVvX 1500

48743 Upgraded curl library to version 7.1@pplies tovVX 1500

48961 Support for H.235 securityapplies tovVX 1500

49069 Added support for iLBC audicodec(appliesto SoundStation IP 6000 and 7000
49079 Support for mutual TLS authenticatidgapplies tovVX 1500

49277 Support for LLDP protocdapplies tovVX 1500

49430 AddedITUT G.719 vocoddapplies tovVvX 150D

50125 Outgoing calls supportual (3P/H.323) protocolqapplies tovVvX 1500

51084 Support for video fast update request via RTCP, RFC @ppdies tovvX 1500
52944 Menu support applicable to H.323 usa@gplies tovVX 1500

53849 Formalizel support for DTMF vialBINFQ(initially supported in £3.2.0.

54025 Increase 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 configured using the
configuration parametevideo.callRatéapplies to VVX 1500).

Discontinued Features

52522 Remove Launchpad Featur@pplies tovVX 1500

Enhanced Capabilities
44782 Improved phone Ul response when a local conference is a¢éipplies tovVVX 1500

44980 Phonefallsback to configured video codec configuration for Tx video when incoming signaling
lacks codec modifief@pplies tovvX 1500
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47023
47476

47768

48175
48784

48857

48921
50152

50192
50286

50531

50624
51141
51449

51533
51605
51643
51753
51959
51965
52164
52360
52365
52370

Text font no longer randomly changegpplies tovVvX 1500

Using theXML ARIwhen the user is inside an XHTML Fétield the Submitsoft keydisplays
properly.

CDP power usage advertisemenatchesthe peak power conditiongapplies toSoundPoint IP
450).

EFK feature can establish conference capplies to VVX 1500

Softkeysarerestored afterrejecting a call from within the Applications Ul contégplies 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 while browsing theaipplimenu
during norSRTP conference c@pplies tovVvX 1500

Digit key presseare no longemissed in certain scenaridgapplies tovVvX 1500

Change nomull sticky primary filter, search (filtered) bar remains on old dapplies tovVVX
1500.

Media Statistics menu displagorrectly for several languagéapplies tovVX 1500

Pressing page down key # does not move entry list after pressing page up key * in quick search
menu (applies toVVX 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 DialogRefer based dialingn the VVX 150 no longer failsSDP on INVITE from VVX is
missing media attributes, generating a 606 response.

Backlight intensity change updatappropriately in Overridesonfigurationfile.
VVX 1500 phones correctiandle backo-back Push requests.
Japanesdisplays properly on th8oundStationP6000 andVVX 150.

Display texon the SoundPointP450looks clearer.

Handling of Hold rénvites is correct after oneouch blind transfer to full p& orbit.
HTTP request messages are directed to proxy

Hot-dialon the VVX 150 worksin headset mode.

Auth Password field camo longerbe viewed inVeb configuration page
Phonescan easilyransition from LLDP to CDP.

Remoing Ethernet cablérom the SoundStationlP 7000 no longen-mutes the muted phone.
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52376 The parametetaylightSavingsTime can now be disabledntroduced in 83.2.0(applies
to SoundStation IP 6000 and 7000

52381 TheRetrieve, Directegand Group soft keyso longerdisappear after entering some digits. This
occurs when using théall Park/Pick-Up feature using I signaling. Introduced inl83.2.0
(applies toSoundPoint IP 430, 450, and SoundStation 000

52415 When using ehanced BLRingtones areno longersuppressed when a user is parked
52568 TheSoundStationP7000phone play DTMF tone witlthe default configuration

52580 Delayed DTMF audio feedback is heard when conferencing third POTS end while using the
SoundStation IO User Interface.

52656 TheVVX 150 phone supporstranscoding of video codecs that are not included in thecfiads
capability set

52678 Using thequick/AdvFind search on full last nanmethe Corporate Directoryio longer misses
some entries

52709 License mendisplays Active to indicatel@ense with no expiry date.
52770 Messagesummary SUBSCRIBE is sent whem. type=shared

52836 Phoneno longer enablethe user to enter more thathe maximum allowed (32) characters in
hot dial ard contact diectory operations.

52860 Split ®ft keyno longer displays while transferring calls if the call per line limit is reached

52883 When a call is placed to a shared line, the ringer foPg50no longerstutters when the call is
picked up at another stén.

52943 LLDP reported power usage in logs indicates appropriate power consumption.

52950 Packet Loss and Burst Gap Loss metrics too high when calling IVR, caused by valid gap in audio
sent from IVR.

52963 TheSoundPointP320, 321, 330, and 33ihonesno longer rebootwhenthe user presses NN#
from idle screen to invoke Contact Directory endpreen for NN speed dial index.

52971 Phoneno longer reboos whenthe efkprompt  label is longer than 32 characters.
52977 TheDirectory soft keyn theVVX 150 does notdisappear after selecting Blind transfer mode

53007 VQMonon the VVX 150@hone computs RFactor and MOS quality scores for the G7221C
codec

53034 SUBSCRIBE for BLA with explesceived from server is recognized as terminating the
subscripion

53254 VVX 1500 enables users to chargeh Password forlBLinesi K N2 dz3 K (KS LIK2ySQa
interface.

53598 Sidetone disappearsfter a call hangs up on headsesing GN9350e with EHS.
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53656 Part number in Phone Status medisplays proper part numnes.

53855 When a phones extension has an underscore in the name, followed only by numbers, the
underscore is10 longerremoved in 8 signaling and the deviasan befound.

53917 Phoneno longer eboots in a certain scenario when using the Join key

53944 SoundPointP320, 330, 321, and 331; SoundStatiBri7000: Phone displagDir soft keyin
Korean and Slovenian languages

53946 SoundPointP550, 560, 650, and &phonesno longer randomlylisplay the time and date
behind a custom idle display.

53975 Phones will send a SUBSCRIBE message in a certain scenario when using SCA with barge in
enabled.

54034 TheVVX 150 phoneno longergenerates loud static when CNG packets are received.
54139 Consultativaransfer useshe correctURI on REFER.

54262 TheBRhernet status menwn the SoundPointP320 and 32Misplayshe correct information
54631 The Voice/Video call type promph the SoundStationP 7000defaultsto Voice.

54765 TheVVX 150 phone fails to resend INVITE after 401 from server when se®®ild E is roughly
1500 bytes.

54768 VVX 1500 phones castablish calls properly when booted without a network connection.

54886 Phonessend relnvite with SDP containing session attribute a=sendrecv upon resuming a call
when the call is initiated with a=sdrecv offered

54940 New REQUESTS sent directly to far end; route set ignored after a call is placed ore80diHg
in a bss of audio.

55052 Additional parameter inhe From header of INVITi® longercauses dway audio when it is not
found in the ACKo a 200 OK

Configuration File Enhancements

Refer toTablel2: Software Version 3.2 2Configuration File Parameter Enhancemdotsa list of
enhancements madt the SIP3.2.2 configuration file parameters.

Tablel2: Software Version 3.2.2Configuration File Parameter Enhancements

File Change Configuration Parameter Old Value New Value
phonel added call.autoOffHook.1.protocol
phonel added call.autoOffHook.2.protocol

phonel added call.autoOffHook.3.protocol
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File Change Configuration Parameter Old Value  New Value
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.l.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
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 IP
phonel added reg.5.server.H323.1.address
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File Change Configuration Parameter Old Value  New Value
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 removedd  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
sip added log.level.change.wmgr 4
sip removed mb.launchpad.enabled

sip removed mb.main.1.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
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File Change Configuration Parameter Old Value  New Value
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

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
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File Change Configuration Parameter Old Value  New Value

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.payloadType 107

sip added voice.audioProfile.G719.48kbps.payloadType 108

sip added voice.audioProfile.G719.64kbps.payloadType 109

sip added voice.audioProfile.G719.jitterBufferMax 200

sip added voice.audioProfile.G719 jitterBufferMin 40

sip added voice.audioProfile.G719 jitterBufferShrink 1500

sip added voice.audioProfile.G719.payloadSize 20

sip added voice.codecPref.VVX_1500.G719.32kbps

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.H245 1
alphanumericMode

sip added volpProt.H323.dtmfViaSignaling.H245 1
signalMode

sip added volpProt.H323.enable 0
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File Change Configuration Parameter Old Value  New Value
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 SIP 3.2.1B

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes t&IP3.2.1B beside their respective Polycom tracking ID number.

New or Enhanced Features
48947 Support for the SoundPoihP 335 product.

Configuration File Enhancements

Refer toTable B: Software Version 3.2.1BConfiguration File Parameter Enhancemdotsa list of
enhancements made tthe SIP3.2.1B configuration file parameters.

Table B: Software Version 3.2.1BConfiguration File Parameter Enhancements

File Change Configuration Parameter Old Value New Value Description

sip added ind.anim. 1P _335.42.frame Handset SeeAdministrators Guide
-1.bitmap for SIP 3.2.2 for details

sip added ind.anim. 1P _335.42.frame 1300 SeeAdministrators Guide
-1.d uration for SIP 3.2.2 for details

sip added ind.ani  m.IP_335.42.frame PlumHd SeeAdministrators Guide
-2.bitmap for SIP 3.2.2 fodetails

sip added ind.anim. 1P _335.42.frame 1300 SeeAdministratorsGuide
-2.duration for SIP 3.2.2 for details
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File Change Configuration Parameter Old Value New Value Description
sip added ind.anim. 1P _335.43.frame Headset SeeAdministrators Guide
-1.bitmap for SIP 3.2.2 for details
sip added ind.anim. 1P _335.43.frame 1300 SeeAdministrators Guide
-1.duration for SIP 3.2.2 for details
sip added ind.anim.  IP _335.43.frame PlumHd SeeAdministrators Guide
2b itmap for SIP 3.2.2 for details
sip added ind.anim . IP_335.43.frame 1300 SeeAdministrators Guide
2.duration for SIP 3.2.2 for details
sip added ind.anim. P _335.44.frame Speaker SeeAdministrators Guide
-1.bitmap for SIP 3.2.2 for details
sip added ind.anim. 1P _335.44.frame 1300 SeeAdmiristrators Guide
-1.duration for SIP 3.2.2 for details
sip added ind.anim. 1P _335.44.frame PlumHd SeeAdministrators Guide
2.bitmap for SIP 3.2.2 for details
sip added ind.anim. P _335.44.frame 1300 SeeAdministrators Guide
:2.d uration for SIP 3.2.2 for details

Understanding Upd ates to SIP3.2.1

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes td1P3.2.1 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 Selectionrésainedduring 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 Add support fomutual TLS authentication. S&echnical Bulletin 52609: Mutual Transport
Layer Security Provisioning using Microsoft® Internet Information Servides ghore details
on this feature.

32259 Microbrowser ecognize multiple mime types.

32753 Qupport 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 contains text identifying that DND is active
37118 Addedthe ability totake a screen capture

39358 Addeda Loud Ringer Ritgne selection. Se@echnical Bulletin 39358: Using Custom Ringtones
on Polycom® SoundPoint® IP, SoundStation® IP, and VVX® 150@iFhstrastions 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 Support 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 speed in some situations where the boot server is incorraxihyfigured.
45057 Languages selection presented in appropriate language

45174 Upgrade zlibto version 1.2.3

45743 Upgrade curl library to version 7.19.2

45787 Added instructionsto the SoundPointP450, 550, 560, 65@nd 670 for changing labetolors in
the User Guides.
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45791

46093
46113

46248

46424
46446
46683
47355
47390
47463
47487
47689

47749
48004
48055

48109
48136
48137
48205
48559

48578
48579
48664
48678

Added a configuration optioron the SoundStatioP 70000 disabledigit-map rules for Remote
Dialing when connected to an HDX.

Added theability for User to enable/disable display of idle browser from menu

Added navigation button shortcuts in Idle Mode consistent with other phone mo¢iplies to
SoundPoint IP 320, 321, 330, and)331

Added an Admin menu optioron the SoundStationP 7000 manually specify the value to be
used as the extensiadisplayed on the phone screen.

Improved readability of Menu items when using Background images on the display.
Newmenu option to view the status of feature licenses.

Removel Background from scrolling Status Bar for improved readability.

Scrolling Status Baiivesequal time to each status message

Added configuration parameters for select ETHR&mpliance requirements
Phonesallow for secure entry of passwords in the midsowser API

Added the ability to enale/disablea Backsoft keyin the microbrowser

Added support for SoundStatiol? 7000/HDX6000 Integration. This feature requires a future
update release to the HDX6086ftware.

Support Transmission of Join Header as per RFC 3911
Support for BLF call pickp using Dialognfo within an INVITE with Replaces header

Improved user experiencef the Enhanced BLieaturewhen an incoming call occurs whilst the
user is viewing BLF monitored line call details.

Included fmtp attribute specifying Mode=30 in the SDP when 13.33 kbps iLBC is used.
Removel platform specific TFTP code and insteadduBETRBupport in curl library 7.19.2
Support for BLF call piekp using Dialognfo within an INVITE with Repladesader.
Support for the iLBC Codéapplies toSoundStation IP 6000 and 7000

Consistenscrolling status line on various phonggplies toSoundPoint IP 450, 550, 560, 650,
and 670; SoundStation IP 6000 and 7000

Reducel the local Cotact Directory maximum to 96n the SoundPointP430.
Reduce the maximum number bcalls supported to 4 (from 8) on tf&undPointP430.
Added user accessible menu option to display whether a device certificate is installed.

Media Statistics menu is more easily accessiBleessed frolMenu > Status > Diagnostics >
Media Statistics.

48738 Added configurable behavior for Directed Call Pigk as used for Enhanced BLF.
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48780 Added option to apply digimap rules to tel:URI initiatedalls

48846 Added configuration option for whether the call appearance on a remotely monitored BLF line
should be presented on the monitoring/attendant phone.

48861 Add configuration optiowolpProt.SIP.strictReplacesHeader to control whether the
phone requires caild, to-tag, and fromtag to perform aul 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 sel 486 Busy wheacall 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 detegtind correcsfor G.722, G.722.1, G.722.1C, and G.719 RTP timestamp in¢semen
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 SDP present in certain scesari

Discontinued Features
48283 Removel support for SoundPoirnf 301, 501, 600and601 phones.
48698 Removel support for SoundStatioiP 4000

Enhanced Capabilities
27048 Application load progress bar doesn't match actual 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 line simanleously 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 is unregistered

35288 TheWebGonfiguration Utilityuses less memorguring initialization
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35991
36969
38348

38392

38418
38824

39013

39143
39949

40679

40892
41939

42092
42213
42611
42761

43910
43916

43990
44100
44248

44273

TheRoaming Buddy list with Office Communicator repdints proper status oéll buddies
TheSoundStationlP6000displayslapanese language correctly

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

Phonesno 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¢ SoundStationP 7000n0 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 SoundStationlP6000 changethe OC client
status whemroaming_bu ddies. reg=1 .

The Time/Dates displayedon the SoundStationP 7000 when thefirst phone calis established.

The ser is not able to play th&/AVfile when it has a call on hold and also in remote busy state.
Junk characters appear in audiayper.

Special Slovenian characten® included inthe phone® fonts
ThedSP:€ 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 microbrowsecanprocessanhttp response Wich containsanimage/bmp =

Gonfigured sampled wave filesan bedownloaded ontahe phonedepending a sufficient RAM
Disk size.

Missing glyphs in the Katakana bit stream fammnsthe SoundStationP 7000.
Call display names containing an @ symbol no longer truncate characters after the @ symbol.

The mcrobrowserdisplaysan error messag when unsupported mediis configured in the
microbrowser URL.

Phones can process all contairtsaSP Contact headecontaininga comma separated list
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44278

44301
44377
44443

44635

44783
44844
44855
44892

44962
45143

45327

45428

45650
45658
45716
45835
45943
46068
46334

46478
46513
46514
46547
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Phone numbes aredisplayed correctly on line keywhen the length oh phone number isnore
than 10 characters.

TheDate is displayedn the SoundStationP 6000 and 700 whenthe idle browser is enabled
TheRedial key can be reassigned

TheMenu exit viathe Menu key is ignored while in Edit mo¢bpplies taSoundPoint IB20,
321, 330, and 331

TheSoundStationP6000 phone useghe correct configuration parameters to download
customizable fonts

The Ciphelistis the samdor different TLS transactions
USB Call Recording can be stopped using the tft key
When usingCall ListstheMissed Callareincremented on Call Forward on Busy

When usingSCA Bargion the SoundStationP6000 and 700 phones, the useno longer
barges in to the wrong call in certain scenario

Phoneno longerdisplays 3vay animation icon in held screen when conference legs on hold

Whenthe maxmum conference size is reachedhen usingCentralized Conferencgéhe phone
no longerdisplaysalocal conference Ul

When the user establishescall between two phones configured as shared lires preses
the down arrow key, all soft key® longerdisappear

An unexpected relNVITEo longeroccurs before BYE when removing a leg from a conference
call

In adouble holdwith music on holdand a norPolycom 8 phone ¢ MOHnNo longerfails.

The patform string in transmitted CDP packets is consistent across SoundPpioducts.
Texton the SoundPointP450 is consistentas on other phones.

Status Bar texon the SoundPointP450 is easierto read on some backgrounds.

Correct logicis used when picking line for outgoing call in a multiple registration scenario.
Transfer On Proceeding is supported whesing a proxgerver

DTMF local rendering does not stdfthe far end holds while local digit key is pressed thiea
far end resumes

On the EFK featuréhe phone sendinvite when executing $Cwaitdialtone$
Dialog Event Package Content Guideline 6B (Locdltigen
Dialog Event Package Content Guideline 6C (Local Target)

Warning Header Text notificatiaam the SoundStationtP 7000 displays on phone (when
configured)
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46550
46588
46738

46741

46770

46899

47039

47123

47207
47248

47300

47336

47464

47535

47566

47578

47612

47641

DirectedCaltPickupno longerfails when $server is a proxy.
Info Soft keyon the SoundStatioP 7000s no longermissing irthe Contact Directory

Theattendant.ringType parameter is removed from the override file when default (silent)
attendant ring type is selected

Usingenhanced BLFvhen the watbed line hangs up an outgoing calietremote call
appearance screen tins®ut onthe consolephone.

On the nicrobrowser, the® and # buttons work correctly whethe text input mode is set to
numeric on input fields

When using the elctronichookswitch audiois heardduringanactive call ithe useranswes by
pressinghe hookswitch button immediately oa Jabra headset undexspecific scenario.

The line LEBashesinsteadof remaining astable green when an active call is kept on hold
during an incoming call.

When using theJSB Call Recordintpe missed call notificatiomo longer displaysn the audio
player screen if an incoming call is not answered during playback

When the MUTE is activen the SoundStationP 7000jt no longercovers up the dialing fields

Hot dial worlswhen lifting the handset for the second call when
call.stickyAutoLineSeiz e=1.

URL dial disabled message displayd successfullyoutesto voicemail from Message Center
tab.

The ReceivedMissed call lisbn the SoundStationP 7000 no longeshowsthe IPaddress othe
SPserver instead of the Extension number of a call received/Missed froffAext@nsion.

When two incoming cld are active on a phonbéfting the handset or pressing the handsfree
key to answer the calio 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

The ®ft keysno longerreset tothe default layout on an inbound call in some multiple call
handling scenarios

When aninternal URI is executed with multiple VolUp and VolDown adtiBs, the Ringer
horizontal bar is seeandthe Volume sound going UP and Down is heard.

When using the&Corporate Directorpn the SoundPointP320, 321, 330, 331he sticky
attributes are saved.

When usingBLF cancelling a Transfer for a catlat was initiated using Directed Call Pidj
sequence resudtin the correct callesid display to the user

ThedNetwork Link down messagen the SoundStatiodP 7000 displays on the screenless
the phone reboos and comes up with Ethernet cable.
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47695

47699

47712
47724

47729
47746
47798

47847

47853

47862
47863
47916

47921

47929
47932
47951

47953

47958

47962
48003
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Whenthe phones havetwo registrationsthe NewCall soft keyo longerdisplays for alerting call
appearance when there are max call appearar(epplies toSoundPoint IP 320, 321, 330, 331,
430, and 45D

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
is turned 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 incoming 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 serverii® 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 esilished through Join from different shared line registrations.

The order of call appearances the SoundPointP320, 321, 330, and 33% consistentwith
other phones after splitting. conference

Rendering special characters like no lonigeyak the hyperlink style display.
TheCall widget counter (1/n) appeswhile inthe dial tone state.

Transferhasprecedence over pickup of a ringing BLF line when pressing thieelnguring a call
transfer.

Call info displapn the SoundStationP 6000 displays properly when volume up/down keg
pressd.

More than one contact can be addedhenthe SoundStatioP 7000s configured with no
Ethernet cable connected + HDX

An incorrecticonis no longedisplayed when Redling POTS calh the SoundStationP 7000.

TheSoundStationP 7000 poneno longerdialsaPOTS call asvideo call when dialing frore
idle state for a certain configuration.
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48011 Use of the Idle Browsem the SoundStatiolP 7000ho longerinterferes with some display
elementssuch as théViute Icon, Video/Phone Call Pap when connected to HDX

48019 The popup messageéVideo or Phone Call?s no longeroverwritten by idle browseon the
SoundStationP 7000.

48045 When using ehanced BLRhe phone holdthe first call whenpressing theDial soft key to make
the secondcall to the same called party

48049 When usin®BLEFE the atendant phone displayall remote calls on a BLF monitored line if the
Monitored Phone has a call in thiRinging state.

48061 When using ehanced BLRhe atendant phone updats 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 remte shared
phone while viewing call appearance list by long pressing line key

48071 Key:Handsfree internal URI action is executethieyphone in a certain scenario.
48115 HDXno longerplaysaring sound after answering POTS oalthe SoundStationP 7®O0.
48131 Call Forwarding Statusow showsmultiple Call Forward 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 &/ is included in the
setting.

48174 A failed calino longercauses subsequent calls to skip URL/Number mode selection

48179 A alled Party number iso longershown overlapped in incoming event notificatiotnen IP
dialed callsare madebetween unregistred phones.

48209 Leftmost character can be deletdaefore character selection timeout
48213 Key:LineXsexecuted only if X is a supported line key for that platform.

48333 When using theJSB Call Recordintipe USB busy indicator appeson main scree when
recording in progress.

48414 Thephoneno longeroccasionally fails to act ahe electronic hookswitch up/down signal from
Plantronics and Hydra headsets.

48700 When using theJSBCall RecordingPlaybaclcan be stopped through a Stop soft key.

48745 LDAP Critical Extension Error OrR@dongercauseghe CD Serveto not respondto messags
from phone.

48981 SRTRo longerfails in 3.1.2 when the user presses Hold then Resume during a call. This happens
on several different models @Pphone.

48996 Phone tagcorrect DSCP value to some packets (Trying, Ringing and OK)
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49106 The etire dialed URL is savediinK S LJ&a#l yis®Q a
49251 ThePolish XML Dictionary incluslPolish charactets

49300 Ensure thatthe DTMF tonsare being sent via hdtmf start/stop Clink2 AR&pplies to
SoundStation IP 7090

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 disaddl in a certain configuration.

49473 When using theCorporate Directorpn the SoundPointP320,321,330,331, usingthe # key to
change text entry mode it resethe Quick Search timeout timer

49476 The rolling indicatorson the Corporate Directoryvork better.

49512 HTTP Refresh header response kithe specified URL on the phones after the specified amount
of time has passed, in a certain situation.

49516 Hanging ughe handset terminats callin Audio or Display Diagnostics
49523 Asian fontsare clearer on theSoundPointP450 and SoundStatidi? 7000.

49548 ThekEdit and Delete soft keymn the SoundPointP320, 321, 330 and 33disappearafter
deletingthe last contact

49572 When using the&Corporate Directorpn the SoundStatioP 7000, numeric characters can be
entered in the Quick Search entry field.

49617 Thephone plagadial tone after a hold reminder is played in certain scenarios.

49619 The all waiting beep playon phone when call hold reminder is set.

49620 Volume settings foRecording work in handsfree mode.

49639 TheHandsfree dial tone iso longerinterrupted by hold reminder and call waitimpgtones.
49641 Call info displapn the SoundStationP 6000 and 700 displays properly while changing volume.
49677 The ghonecompleswith RFC4475 3.1.2.3 Negative Contkahgth

49685 OnSoundPointP320, 321, 330, and 33%ou carenter URLs with uppercase letters

49692 Thesecondscolon inthe time displayblinks for every seconan the SoundPointP450.

49693 TheACD icaisdisplayed 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 700Qohone response witlheg.1.server.1.expires =5 setting is
consistent
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49706

49757

49758

49776
49813

49825

49829

49834

49836

49911
49926

49927

49929

49981
49982
49989

49977

50090

50099

TheSPExtersion display on th&oundStationP 7000 is no longer disabled afteratianecting
from HDX with HDRreference option

TheSoundStationlP 7000 phone displag Network Link is Down after the cable is disconnected
from a hub

TheSoundStationP 7000 phoneno longergets into a bad state anchnrecover from
temporarily unplugging network connection during an active call.

If dir.corp.user is migonfigured the phone displayLogin Error

When using theCorporate Directorythe phones no longatisplayEnter More Chars when
submitting a string that returns no results in the Quick search mode.

When using theCorporate Directorythe Hack background fathe Search badisplays
consistently on differenplatforms

NTP Time synchronizatiareliable in a particular scenario.

Whenusing theCorporate Directoryif VLV indexing is configured and an Advanced Find yields
more results than the configured padgize (Default is 643crolling through the entries wosk
correctly.

If the Corporate directory is down and the phone reboditg phones displays a staftlease try
again nessage.

Incomingring tones areplayed on the phone in a certain enhanced BLF use case.

TheSoundPointP320,321,330,and 331 phones no longeauto-incrementthe new contacts
speed dial index to 100 even though the maximamount ofentries is 99.

After an AdvFind search, exihd reenter Corp Dir menu, phone displays search bar as Search:
not Search (Filteredppplies toSoundPoint IP 320,321,330,331 and VVX 1500

TheSoundStatiolP 7000 is displayHDX Extension, when voice call type is set to Auto and
phone is not egistered to 8 server.

After rebooting the SoundStationP 7000Qthe proper HDX extension is displayed.
TheSoundPointP320, 321, 330and 331 phonesrecanfigure when DHCP lease expires.

TheSoundStationP 7000 phone isno longeradding contact directories frorthe call list with
the existing speed dial number.

TheSoundPointP320, 321, 330, and 33ihonesdisplay the selected status under MyStat
menu

The ®undStationlP 7000 phone displagan Active Conference scre@m joining a remotely
held SLA call without first holding the local call

Consultative Transfaro longerfails ifthe secondeg is forwarding and its 302 response is
handled by proxy
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50109
50110

50115

50118
50137

50153

50159

50189
50212
50253

50254
50255
50256

50264
50299

50381

50397
50407

50523

50546

50811
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Volume level®n the SoundStationP 7000are in Sync whebialing a Video call

AnEnter numbemessagalisplaysfor Video and audio calls once the Ethernet is remowed
the SoundStationP 7000

The DTMF tone of the first digit the SoundStationP 7000 plays at th8oundStationP 7000
volumeinsead 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 filteis no
longermissing records

SPresponsesre no longemissingthe to-tag afterthe phone challenges INVITE
Scrolling upward for a whilen the Corporate Directorgorts thephoneentry listin order.

When using theCorporate Directoy on 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 registeredhhones will experience mndom delay of 3®0 sec between
registration attempts

Global prefixxépresent on calls made from Placed Calls list.

When using theCorporate Directorpn the SoundStationP 7000,Quick search text input starts
at thefirst multi tap character

Pressinghe left navigation keyn the SoundPointP 320, 321, 330and 331beforethe
character selection timeouto longermoves cursor 2 spots

TheSoundStationP 7000 phonedisplaslicenses 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 SoundPointP320, 321, 330, 331he phone
displays the Contact title inthe View menu

With URL dialing disabled BLIND soft key appears in ttherd soft key slo@after pressing
TRNSFER.

P-Asserted ID display nane asticky on Ul calppearance and ithe placed call list

71



Polycom® UC Software 3.3.3 Release Notes

50869 The ghone will only offer SRTP when SRTP crypto suite is selected

50891 The Resumsoft keyon the SoundStationP 6000 and 700is displayed when the phone is put
on hold on another shared line phone.

50989 Receiving a 603 Decline by a BLF monitored uses lesorder 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 mesageConference 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 exceptirectly 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 sywdongerfails 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 Some Japarse stringgdisplaycorrectly.

51690 TheEFK feature is used for one touch Voicemail dialing. When Es&ikgwitt8.1.3 the phone
honors thestickyautolineseize

51718 The ghoneno longercontinues to ring aftea call has been answered with a certain 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

52014/53597 In SIP 3.x.x, when an IP phone picks up a tearesf 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 ghonesuccessfullyestoresdestination to Asserted Identity or Remote ID after a transfer
fails.

Configuration File Enhancements

Refer toTable 14 Software Version 3.2:0Configuration File Parameter Enhancemetsalist of the
parameters that have been addedhanged or deleted from the templatgohonel.cfgandsip.cfgfiles.
You can findurther descriptiors of parametersn the Administrator€Xsuide for the SIP 32Release
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Note also that the templatéle 000000000000.cfhas been modified in orddo facilitate suppat for

the legacy phones and the VVX 1500 in this release.

Table 14 Software Version 3.2.0Configuration File Parameter Enhancements

File Change Configuration Parameter Oold New Description
Value Value
sip added call.directedCallPickup nativeor  SeeAdministrators
Method legacy Guide for SIP 3.2.0
for details
sip added call.parkedCallRe trieve native or  SeeAdministrators
Method legacy Guide for SIP 3.2.0
for details
sip added call.parkedCallRetrieve Star code SeeAdministrators
String Guide for SIP 3.2.0
for details
sip added dialplan.applyToRemote Oorl, A flag to determine if
Dialing Defaultis the dial planapplies
0 to calls made
through the Polycom
HDX system.
sip added dialplan.applyToTelUriDial Oor1l A flag to determine if
Defaultis the dial planapplies
1 to uses of thetel://
URI
sip added ind.class.2.state.35.index 44 Changes Relating to
: = clase.2 6.nd 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. [P _400.5.physX 112 10
S|p Changed ind.gi. P _4000.6.phySH 12 0
S|p Changed ind.gi. IP_4000.6.physW 14 0
S|p Changed ind.gi. IP_4000.6.physX 16 0
sip changed ind.gi. IP _4000.6.physY 2 0
sip changed ind.gi. 1P _450.16.physX 176 196
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File Change Configuration Parameter Old New Description
Value Value
sip changed ind.gi. 1P _450.17.physX 176 196
sip changed ind.gi. 1P _450.18.physX 176 196
sip changed ind.gi. IP _450.19.physX 176 196
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. 1P _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. 1P _7000.3.physH 20 0
sip changed ind.gi. 1P _7000.3.physW 20 0
sip changed ind.gi. IP _7000.3.physX 20 0
sip added Icl.ml.lang.menu.1.label 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
(kokr)
sip added Icl.ml.lang.menu.12.label Norsk
(no-no)
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File Change Configuration Parameter New Description
Value
sip added Icl.ml.lang.menu.13.label Polski (p!
pl)
sip added Icl.ml.lang.menu.14.label Portugués
(pt-br)
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 Espaiiol
(eses)
sip added Icl.ml.lang.menu.18.label Svenska
(swse)
sip added Icl.ml.lang.menu.2.label Dansk
(da-dk)
S|p added Icl.ml.lang.menu.3.label Nederlan
ds (ninl)
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
(en-us)
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 Italiano
(it-it)
sip added log.level.change.lldp 4 Control the logging
detail level for the
LLDP feature.
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File Change Configuration Parameter old New Description
Value Value
sip added mb.main.autoBackKey 1 SeeAdministrators
Guidefor SIP 3.2.0
for details
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 Customer ringer file
1 names.
sip changed se.pat.ringer.14.name Sampled
2
sip changed se.pat.ringer.15.name Sampled
3
sip changed se.patringer.16.name Sampled
4
sip changed se.pat.ringer.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
sip changed se.patringer.21.name Sampled
9
sip changed se.patringer.22.name Sampled
10
sip added sec.srtp.requireMatchingTag Oor1l A flag to determine

whether or not to
check the tagralue
in the crypto
attribute in an SDP
answer.
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File Change Configuration Parameter old New Description
Value Value
sip changed tone.dtmf.rfc2833Payload 101 127 The phoneevent

payload encoding in
the dynamic range to
be used in SDP

offers.
sip added up.idleBrowser.enabled Oorl, A flag to determine
defaultis  whether or not the
0 background takes

priority over the idle
browser. Used in
conjunction with
up.prioritizeBac
kground.enable

sip added up.prioritizeBackgroundMenu Oor1; If setto 1, the
Item.enabled defaultis  Prioritize Backgrounc
1. menu isavailable to

the user. The user
can then decide
whether or not the
background takes
priority over the idle
browser. Used in

conjunction with
up.idleBrowser.e

nabled .
sip added up.screenCapture.enabled Oorl, Aflag to determine
Defaultis whether or not the
0 usercan get a screen

capture of the
current screen
shown on a phone.
The flag is cleared
whenthe phone

reboots.
sip added voice.audioProfile.iLBC.13_ 30 SeeAdministrators
33kbps.payloadSize Guide for SIP 3.2.0
for details
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File Change Configuration Parameter Old New Description
Value Value
sip added voice.audioProfile.iLBC.15_ 20 SeeAdministrators
2kbps .payloadSize Guide for SIP 3.2.0
for details
sip added voice.au dioProfile.iLBC. 160 SeeAdministrators
jitterBufferMax Guide for SIP 3.2.0
for details
sip added voice.audioProfile.iLBC. 40 SeeAdministrators
jitterBufferMin Guide forSIP 3.2.0
for details
sip added voice.audioProfile.iLBC. 500 SeeAdministrators
jitterBufferShrink Guide for SIP 3.2.0
for details
sip added voice.audioProfile.iLBC. 110 SeeAdministrators
payloadType Guide for SIP 3.2.0
for details
sip removed Voice.audioProfile.Lin16. 120 Parameter renamed.
44.1k sps.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.pa yloadType Guide for SIP 3.2.0
for details
sip added voice.codecPref.iLBC.13_ SeeAdministrators
33kbps Guide for SIP 3.2.0
for details
sip added voice.codecPref.iLBC.15_ SeeAdministrators
2kbps Guide for SIP 3.2.0
for details
sip added voice.codecPref. IP_ 6000. SeeAdministrators
iLBC.13_33kbps Guide forSIP 3.2.0
for details
sip added voice.codecPref. IP _6000. SeeAdministraors

iLBC.15_2kbps

Guide for SIP 3.2.0
for details
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File Change Configuration Parameter Old New Description
Value Value
sip added voice.codecPref. IP_ 650. SeeAdministrators
iLBC.13_33kbps Guide for SIP 3.2.0
for details
sip added voice.codecPref. IP_650. SeeAdministrators
iLBC.15_2 kbps Guide for SIP 3.2.0
for details
sip added voice.codecPref. IP _7000. SeeAdministrators
iLBC.13_33kbps Guide for SIP 3.2.0
for details
sip added voice.codecPref. IP _7000. SeeAdministrators
iLBC.15_2kbps Guide for SIP 3.2.0
for detais.
sip added volpProt.SDP.early. If setto 1, an SDP
answerOrOffer offer or answer is
generated in a
provisional reliable
responseand PRACK
request and
responself set to O,
an SDP offer or
answer is not
generated.
sip added volpProt.SDP.offer.iLBC. SeeAdministrators
13_33kbps.includeMode Guide for SIP 3.2.0
for details
sip changed VolpProt.server.1.port 5060 The rt of a $P
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
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File Change Configuration Parameter Description
sip added volpProt.server.2.port
sip added volpProt.server.2.register
sip added volpProt.server.2.retryMax
Count
sip added volpProt.server.2.retryTime
Out
sip added volpProt.S  IP.compliance. If set to 1, validation
RFC3261.validate. of the SPheader
contentLength .
content language is
enabled.
sip added volpProt.S P .compliance. If set to1 or Null,
RFC3261.validate.uriScheme validation of the 8
headerURI scheme is
enabled.
sip added volpProt.S  IP .strictReplaces This parameter
Header applies only to
directed callpick-up
attempts initiated
against monitored
BLF resources.
sip added volpProt.S  IP .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
.remoteCallerID.automata

phonel added

attendant.behaviors.display
.remoteCallerID.normal

Flaggo determine
whether ornot
remote party caller
IDinformation is
presented to the
attendant.
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File Change Configuration Parameter Old New Description
Value Value
phonel added attendant.behaviors.display 0 Flags tadetermine
.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 The user referenced
address of X by
depends attendant.reg=
on the will subscribe to this
phoneFor URI for dlalog
IP450
X=12;
IP550,
560
X=13;
IP650,
670x=1
47
phonel added attendant.resourceList.x. Text label to appear
labe | on the display
adjacent to the
associated line key
phonel added attendant.resourceList.x. normal Type of resource
type being monitored.
phonel changed attendant.ringType 1
phonel added dialplan.1.applyToTel 1 Whenpresent, and if
UriDial dialplan.x.digit
_ mapis notNull, this
phonel added d'a_llp_lan'z'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
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File Change Configuration Parameter Old New Description
Value Value
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.l.server.2.address

phonel added reg.l.server.2.expires

phonel added reg.l.server.2.expires.line

Seize

phonel added reg.l.server.2.expires.over

lap

phonel added reg.l.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

phonel added reg.l.server.2.retryTimeOut

phonel added reg.2.musicOnHold.uri

phonel added reg.2.server.l.lcs

phonel added reg.2.server.2.address

phonel added reg.2.server.2.expires

phonel added reg.2.server.2.expires.line

Seize

SeeAdministrators
Guide for SIP 3.2.0
for details
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File Change Configuration Parameter Old New Description
Value Value

phonel added reg.2.server.2.expires.over
lap

phonel added reg.2.server.2.lcs

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.1.Ics

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

phonel added reg.3.server.2.retryTimeOut

phonel added reg.3.tcpFastFailover

phonel added reg.4.musicOnHold.uri

phonel added reg.4.server.l.lcs

phonel added reg.4.server.2.address

phonel added reg.4.server.2.expires

83



Polycom® UC Software 3.3.3 Release Notes

File Change Configuration Parameter Old New Description
Value Value

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.Ics

phonel added reg.5.server.2.port

phonel added reg.5.server.2.register

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.l.lcs
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File Change Configuration Parameter Old New Description
Value Value

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 SIP 3.1.7

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes td&1P3.1.7 beside their respective Polycom tracking ID number.

New or Enhanced Features
61028 Added sipport for SoundPoint IP 430.

61547 Phones novesend a 486 (Busy) response to a received INVITE message when a call is rejected.

Enhanced Capabilities

51718 Under certain configurations, phone no longer continues to ring after the call has been
answered.

52968 Deleted instant messages can be removexdhfithe main screen

53975 The phones send a SUBSCRIBE message in a certain scenario when using an SCAiwith barge
enabled.

55884 The displag on aSoundPointP650 with expansion modules no longeeezeduring a
consultative transfer.
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58689

58728

59789

60051

60141

60145

60177

60264

60340

60480

60756

61264

61283

61298

61299

61321

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 call anl 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, thespliay 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 SoundPoirlP 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 SoudPointIP 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 presentdialed digits when the idle display
feature is enabled.

During a call using 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 oniéveall ac
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).

When a user attempts to place a conferermzdl on hold and the phone receives a 400 Bad
request. The phone no longer sends a NOTIFY pwdhaspname=+sip.rendering pvalue=ro /

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%.

When a phone has established a centralized conference call, the user is able to transfer a third
incoming call.

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.
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61547 The ghone 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 fdare 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 redBiVETE
message.

61725 Users can pick up a held call after multiple hold/resume interactions on the phone.

6195062024 The ghone honors a retrafter 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 ghone no longer crashes after resuming a held call using a BLA.

62226 The fhoneno 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.

62435 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.

62511 In certain situations, the monitored Busy Lamp Field line invokes an incoming call notification
(icon andtone).

62514 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.

62569 The ghoneno longer generates a redundant NOTIFY mesadugm triggered by a 100 response
during a reINVITE.
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62669

62672

62704

62926

63099

63286

64212

64219

64271

64274

64327

64340

64356

64822

64862

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
isplayed.

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.

The presence indicator of a Bridged Line Appearance BLA is updated correctly on monitoring
phones when the phones LAN data cable is disconnected and theamreected.

The Resume soft key on the SoundPoint IP 3xx is displayed when the line lesgésipr
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
pick upthe held call aftethe call on a BLA line has been put on hold using the
Transfer/Conference key.

¢CKS LIK2YySQ& tIF NI bdzyo SN NEYYYWa i SR O2NNBOiGTt &
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 parametetify TransferHoldAsActive is disabled.

Inan attempt 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 longémtentionally terminated when
the user inadvertently seizes two line keys simultaneously.

In an attempt to answer an incoming call with the user inadvertently pressing 2 line keys, the
user is no longer connected to both lines one with an incornallgr on o and a dial tone on
the other.

The indicator, on a Bridged Line Appearance BLA line that is monitoring other lines, blink after
the monitored phone performs the following sequence: Transfer > Split > EndCall > Resume >
Hold.

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.

When configuring the SoundRPoilP 3xx phones usirggp_att.cfg the phone no longer shows
Service Unavailable when the speed dial key is pressed while the phonéckff

Joining an internal extension with an external PSTN call no longer causes one call to drop.
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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

Refer toTable 15 Software Version 3.1-/Configuration File Parameter Enhancemefotsa list of
enhancements made tthe SIP3.1.7 configuration file parameters.

Table 15 Software Version 3.1.7 Configuration File Parameter Enhancements

File Action Parameter Description
sip added volpProt.SIP .use486forReject Defaults to null
sip added call.localConferenceEnabled Defaults to 1

Understanding Updates to SIP 3.1.6

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes to SIR.1.6 beside their respective Polycom tracking ID number.

Enhanced Capabilities

54423 Phoneno longerreboots under heavy SIP traffidhile using Buddy Watch asBLHapplies to
SoundPoint IP 601

54479 After upgrading from 2.1.2 to 3.1.3ReulBers cartransfer calls using the Transfer key with no
delay @pplies toSoundPoint IP 601 + 32 member)BLF

Understanding Updates to SIP 3.1.5 (Limited
Distribution)

This section lists additions and changes, removals, enhancements, and configuration file paramete
changes t&1P3.1.5 beside their respective Polycom tracking ID number.
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Enhanced Capabilities

54165 A phone carpick up a call ohold after it receivea NOTIFYhessagavith dialog state="full" in
response to its BLA 1®ubscribemessage

Understanding Updates to SIP 3.1.4

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes t&IP3.1.4 beside their respective Polycom tracking ID number.

Discontinued Features
Removel support for the SoundPoint IP 32821, 330, 331, 430, 450, 550, 560, 650, 670 products.

Removel support for the SoundStation IP 6000, 7000 products
Removel support for the VVX 1500 product.

Enhanced Capabilities

50189 SIPresponsesontain aTotag after a mone challengean INVITEnessage
51031 Russian is supported on the phones.
52237/52017 Webinterface Password entry is masked when entered.

53826/50546 If URL dialings disabled and you press the Transfer soft key, the Bbifickeydisplaysn
the proper position.

53827/51690 If EFK feature is usddr one touch voicemail dialing, the phone adheres to the
configuration set bytickyAutoLineSeize

53828/52014 Whenan IP phone picks up a transferred cakicertain scenario, the call properly
connects

53829/50254 Phones honour 3Bsent in PRACK
54214/50869 Phonesno longeronly offer SRTP when SRTP crypto suite is selected

Understanding Updates to SIP3.1.3C

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes t&IP3.1.3C beside their respective Polycom tracking ID number.

New or Enhanced Features
Added support for the SoundPoint IP 321 and 331 products.
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Understanding Updates to SIP3.1.3 B

This section lists additions and changes, removals, enhancements, and configlilamrameter
changes t&I1P3.1.3 B beside their respective Polycom tracking ID number.

Enhanced Capabilities

50103 Volume changeare maintainedafter aPOTS call is establish@gplies to SoundStation IP 7000
with HDX.

50104 Performing an Advancdeind search on a corporate directory witiewPersistency  enabled
maintains the attribute filters even after exiting andeatering the search results menu.

50117 Incoming POTS calb longerresets the Ringer volum@pplies to SoundStation IP 7000Hwit
HDX,.

Understanding Updates to SIP3.1.3.0336 (Limited
Distribution)

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes td51P3.1.3.0336 beside their respective Polycom tracking ID number.

New or Enhanced Features
45869 Added support for LDAP directory queries using VLV Indexing in the corporate directory.
47179 Extended fastfailover mechanism to transactions initiated over TCP transport

47493 Improved the User Interface for the corporate directoRefer toTechnical Bulletin 41137: Best
Practices When Using Corporate Directory om8Buaint IP, SoundStation IP and Polycom VVX
Phonedor more details.

47495 Screeridletimeout reseswhile a corporate @tectory search is in process
48183 Add network jitter computation and reporting for video packet chanefplies to VVX 1500

48467 Touching the LCD screen at any logaticakes the LCD from the dim state to full brightness
(applies to VVX 1500

48484 Users can control the dial tone sound lewglen addng a POTS call to an existitgeo call
(applies to SoundStation IP 7000 with)§iD

48854 Default value for the configuration parameteib.main.idleTimeout increased from 20 to 40
seconds.

48567 WhenDo Not Disturb/call forwardingync isenabled, phones do nobfward or deny any calls
that they receive
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Discontinued Features
48567 Removed License Requirememt uaCSTA feature

Enhanced Capabilities

23634 Computing picket stats jitteris done as explained in RFC35&@plies to SoundPoint IP 320/330,
430, 450, 550, 560, 650, 670; SoundStation IP 4000, and VVXI£506 remains on
SoundPoint IP 301, 501, 600, 601, and SoundStation IP 6000, 7000 phones.

43517 REFERased tick-to-dial no longer causes errors and a phone reboot.

44973 Line hbel no longer disappears after S@#one views remote shared line's call appearance list
andthe view screen times ouyapplies to SoundPoint IP 301

46795 Colon in time displailinks correctly gpplies to SoundPoint IP 450

46480 [ 2 dzR & G I ( A Oareraiphgéhedrd/Ren Heéelvidgia@io using G.729AB as the
codec with VAD enable@ppliesto SoundPoint IP 301, 501, 600, 501

46613 ! dzZRA2 y20 GNIyaYAGGSR 2NJ NRdziSR @Al RSTlLdA G 3l
LIK2ySQa Lt | RRNBaa ySiaeg2N] Oflaao
47303 URL BE speed dial calls use the correct "@domain" in certain sigmatenarios.

47492 Message LEBo longerflashes continuously aftetd5 OS A @A y 3 06 f AcémralideNt y & F SNJ 1
conferencéleg (applies to SoundPoint IP 501

47609 Phoneis able to display more than twatatusnotifications if ®rver controlled ACBsienabled
(applies to SoundPaint IP 450

47878 Phoneis no longegenerating malformed XML with ACD Login/Logounsome parameters.
47911 Forked INVITE back to cakrccessfullgonnectto voicemail on call timeout
47915 Phoneno longerignores401 challenge after responding to 4va certain call scenario.

47960 Redialing POTS call from placed call list dials as video call if the call was dialed from contact
directory @pplies to SoundStation IP 7000 with HIDX

47964 Phonedisplayscorrecticon when conferencing and addiad?OTS cafhpplies toSoundStation
IP 7000 wittHDX.

48002 Speaker volumeo longerdrops to two bars after making a video dalpplies to SoundStation IP
7000 with HDX

48039 Phone plays the proper ring tone if a reradine and local phone are both ringing and the
remote line is answered and then put on hold.

48046 On G.729Bgateway callsspeaker phone volume lisud enough for low level signals.

48076 If call.stickyAutoLineSeize remés . [ C I GGSyRBbllypacddsehgldifar a |+ dzi
BLF or speed dial key is used to dial while an active call is in process on the attendant phone.
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48123 If the idle browser is enabled, clock time increments properly waiall is activéapplies to
SoundStation IB000/6000/7000Q

48171 Devregistration attempts successfully authenticate andrdgister some lines.

48280 When using FTP or FTP as the provisioniegvertype, phonesaves directory entries locally
when TFTBr FTP server is not availabégpplies toSaindStation IP 600G/000).

48385 SSRC header field correct for RFC2833 packgdi€s to VVX 1500

48462 Ring LEIhdicator no longer continueffashingwhen a call is answeredah INVITRvith
GaSyR2yfeé¢ {5t A aaphBsQdSdudSiton ®E00THS LIK2y S o

48485 Audio call recording during video calls no longer fails with certain USB dipmieé to VVX
1500.

48577 Default headset gains have been changed to correct values to ensure good audio quality with
certain headsetsgpplies toSoundPoint IP 430

48591 Clickto-hold works correctlydpplies to VVX 1500

48605 The behaviour set ipall.stickyAutoLineSeize isapplied correctly when a line is ringing
and SilentRing is selected

48615 If call.StickyAutoLineSeize réemé Y GNRYABANFY R awhik @sedoddQa | GG S
call is alerting.

48667 If there is an incoming call while there is an existing outgoing call in the proceeding state, the
phone willaudibly alertthe user for the incoming call.

48668 401 Authentication ch&nge to a YMon PUBLISH no longer causes the phone to reboot.

48672 Received volume on the handset is lower than desired for low input signal levels. Addressed by
adding 4dB gain at low input levels on the handset. Gain at high input levels is unchanged.

48685 The MWI NOTIF¥0ontainsthe message summary ftine MWI LED to be lit.

48697 An incoming call withoua aller IDname but withcaller IDnumber isno longematched with
the first local contact that haa blank name

48699 TelURI can process "tétb0"

48756 Using a shared line, if there is an incoming call with only a number, the phone displays a blank in
the caller ID instead of Unknown Party.

48778 Motion detectionnow begins whem video conference ddbegins &pplies to VVX 1500

48858 BLF #endants monitoring both initiator and recipiembtain the proper state even when
initiator and recipient use the same dialog ID.

48912 REFER transaction timeout set too high due to subscription state expires from a NOTIFY with
sipfrag on a successfolind transfer
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48920

48959

48985

49013
49068
49129

49181

49201

49233

49237

49256

49281

49287
49323

49402

49533
49599

49810

When placing aideo conference call with 8 legs, the&doshowsthe two last call
appearancesapplies to SondStation IP 7000 with HRX

After upgrading to SIP 3.1.2, the time portiortlo¢ date and timedisplay are no loger cut off
when wsing a custom idle displagplies to SoundPoint IP 430

The phoneno longer rebootsf you receive or miss a call while looking at information about a
previously received or missed call.

The DND icon (Xjpdates next toaline keywhen BroadWorks ACD is enabled.
Receiving an OPTIONS mesgsamonger causes the phone to send a falEdog Notification

User interfaceproperly updateswhen soft keys and physical keys are pressagipfies to VVX
1500.

When using the idle microbrowser, the phone display no longer randomly freappB€s to
VVX 150p

Receiving pdateswith confirmed SDP before 2@Kno longer causéhe phone to drop the
outgoing call

Incoming call line key animationgeown even after ending the call at far end when the phone is
initiating conference or transfer.

Whencallwaiting.ring =ring, changing the termination mode during a call waiting no
longer results in onevay audio

The microbrowseican accesbRIslonger than 54 charactemsithout the phone rebooting
(applies to VVX 1500

l RedzaldAy3a GKS {2dzyR{GFrGA2Y Lt TtTnnn @2fdzyS y?2
decrease to Ogpplies to SoundStation IP 7000 with DX

SUBSCRIBE termiano longercause BLF labels to disappear for£seconds

While browsingan empty call listthe phone no longereboots after liftingthe handset(applies
to VVX 1500

Sizngone SCA line and then resinga held call on another SQiAe before the line seize
completesno longer causes a race condition.

CorrectUDP checksum in DHCP Decline message

BLF attendant phone updates 1/x widget when BLF monitored line has 1 or multiple incoming
calls ended.

Phone seizede correct line wherall.stickyAutoLineSeize =1 and the speed dial key is
used to place an outgoing cadipplies to VVX 1500
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Refer toTablel6: Software Version 3.1.3.0388Configuration File Parameter Enhancemefotsa list of
enhancements made tthe SIP3.1.3.0336configuration file parameters.
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Tablel6: Software Version 3.1.3.033¢Configuration File Parameter Enhancements

File Action Parameter Description
sip added volpProt.SIP.serverFeature If set to 0 and volpProt.SIP.serverFeature
Control.localProcessing.dnd Control.dnd ="1", the phone will not perform locz
DND call behavioif set to 1 or Null, the phone
will performlocal DND call behavior on all calls
received.
sip added volpProt.SIP.serverFeature If set to 0 andvolpProt.SIP.serverFeature
Control.localProcessing.cf Control.cf="1", the phone will not perform local
Call Forward behaviolf set to 1 or Null, the
phone will perform local Call Forward behavior ¢
all calls received.
sip added volpProt.SIP.tcpFastFailover If set to 1, failover occurs based on thalues of
reg.x.server.y.retryMaxCount
volpProt.server.x.retry TimeOulf set to 0, use old
behavior.If reg.x.tcpFastFailover is Null, this
attribute is checkedlf volpProt.SIP.tcpFast
Failover is Null, then this feature is disabl#d.
both attributes are set, the value of
reg.x.tcpFastFailover takes precedence.
sip changed Vvoice.gain.tx.digital.headset Changed from 10 to 6
. IP_430
sip changed Voice.headset.txag.adjust.IP_ Changed from 39 to 21
430
sip changed dir.corp.pageSize Changed from 16 to 32
sip changed dir.corp.cacheSize Changed from 64 to 128
sip added dir.corp.  leg.pageSize pageSize applied toDAP queries on SoundPoint
IP 301, 501, 600 and 601 phones. Range is 8 to
Default value is 8
sip added dir.corp.  leg.cacheSize cacheSize applied to LDAP queries on SoundP¢

IP 301, 501, 600 and 601 phones. Range is 32 t
256 Default value is 32.
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File

Action

Parameter

Description

sip

added

dir.corp.sortControl

Controls how client makes queriaad does it sort
entries locally. Ishould not be used by
customerslf set to 0 or Null, leave sorting as

negotiated between client anderver.If set to 1,
force "nonsorting" Queries (Notecommended
due to possible performance issues)

sip

added

dir.corp.autoquerySubmit
Timeout

To control if there is a timeout afteéhe user stops
entering characteré the quick search and, if
there is,how long the timeout islf set to 0, there
is not(disabled).

sip

added

dir.corp.viv.allow

A flag to determine whether or ndfLV queries
can be made if th& DAP server supports VLV.

If set to 0, VLV queries are disablédset to 1 or
Null, VLV queries amnabled.

sip

added

dir.corp.viv.sortOrder

Thelist of attributes (in the exaatrder) to be
used by the LDA$erver when indexing.

sip

added

dir.co rp.attribute.x
searchable

A flag to determine if the attribute isearchable
through quick searchrhis flag applies for x =2 o1
greater.If set to O @ Null, quick search on

this attribute is disabledf set to 1, quick search
on thisattribute is enabled.

sip

changed

ind.gi.IP_400.6.physW

Changed from 10to O

sip

changed

ind.gi.IP_400.6.physH

Changed from 10 to O

sip

added

pnet.remoteCall.localDialtone

0=no DialTone played when IP 7000 makes an
outgoing POTS call on HDX

1=Play DialTone when IP 7000 makes an outgo
POTS call on HDX

Default=0

sip

added

pnet.remoteCall.callProgAtten

Attenuation (in dB) applied to tones pleg by the
IP 7000 for POTS calls on HDX when HDX is th:
active speaker.

Range60 to 0; default=15
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Understanding Updates to SIP3.1.2 B

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes to SIB.1.2 B beside their respective Polycom tracking identification number.

New or Enhanced Features
Added Support for the VVX 1500 product.

Configuration File Enhancements

Several parameters added for the VVX 1500 prodsee Addendumt¢ Lt o dm | RYA §6A & (0 NI { 2
VVX 1500 for details.

Understanding Updat es to SIPVersion 3.1.2

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes to SIP 3.1.2 beside their respective Polycom tracking identification number.

Added or Changed Features

34787 ' RR { dzLJLI2 NI F2NJ ! /5 /[ Ift /SyYyGdSNI!3ISyld Fdzy OlGAzy
method. SeeTechnial Bulletin 34787: Using Feature Synchronized Automatic Call Distribution
with Polycom SoundPoint IP Phof@msdetails.

38442 Add support for multiple NT8ervers via DHCP Options 42 or 4 or DNS SRkeoos.

44612 License file should be provisionelbag with configiration files at application startup.

45233 L Y LJX S YsBrylling statusth&® 2y LIK2y Sa G2 YIG0OK (K Ol LI 6Af A
This feature applies to all phones except SoundPoint IP 301.

45460 Addd&Quick SetJpg option. SeeTechnical Bulletin 45460: Using Quick Setup with SoundPoint IP,
SoundsStation IP, and Polycom VVX 1500 PHondstails.

45795 Change "Browse Files" to "Browse Recordings" in USB Device menu
46270 Remove DHCP timeout menu option from Ul

46631 XML API: Soféys don't allow for having multiple submit buttons on the page containing items
list

46758 Modify 000000000000.gfto reference theConfiguration File White Paper

47128 Lifting the handset whilst a BLF monitored line is ringing should seize a line not answer the

remote call.Quick Tip 37381: Understanding Enhanced BLF on SoundPoint |PHsdoesn
updated with to reflecthis change.

47309 BLF indicator for a monitored phone should flagien the monitoring phone calls the
monitored phone
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Enhanced Capabilities
25666 1/A/a notvisible when editing some items on SoundPoint IP301.

42425 XML API:viio browserlinks highlighed after scrolling up a page a certain scenario.
43484 CMR/P: Recording does not happen if started while call was on hold and then resumed.
44271 200 Response to Cancel is not matched, such that retransmission of Cancel continues.

44681 SIP 3.0.@ 3.1.1 Releases: An internal line registration error could occur if the phone was unable
G2 NBIFIOK Ala LINPOAAAZ2ZYAY3I AaSNWSNI 2y 06220 dzlo ¢
'y @At Lot SeE gKSYy GKS |aaz20AlGSR tAyS 1Se ¢l a
44727 Microbrowser maydisplayoverlapped text if multiple spaces are included in the page.
45080 Lineseize behavior incorrect for speetial when call.stickyAutoLineSeize.onHookDialing = "0"
45102 SoundStation IP 700Q/A/a soft key is missing in Corp Dir search screen

45169 When using sampled audio as local hold notification Local hdltiaadion may play inaudibly
or muffled.

45273 SoundStationP4000 will not register when qos.ip.callControl.dscp = "24"
45422 Adding speed dial entry usinggansionModule mayplacenew entry inan unexpected place
45479 SoundStation IP7000ime&Date setting reirns to the default when the phonis rebooted.

45715 Ringing stops whensersgoeson-hook after lifting handset during incoming call when
up.offHookAction.none = 1

45799 XML API: Internal URIs: softkey:EXxit, softkey:Submit and softkey:Reset do not work when called
from hyperlink anchor tags

46051 Manage Nway conference menu has overlapping iteifneng callerids are present.
46144 JPEG decodéails on some files

46242 XML APItf an account supports 2 line keys, API notifications of call events are sent for only 1 of
them

46293 Phonesmay lockup ifa CHECISYNC is received while a CHESEKC is in progress
46422 Five to six second delay in Ul when using the SPftIKegoto cancel a transfer

46488 Phone plays continuous Reorder ton@ BLA line is successfully seized with a new line IDafter
previous GLARE response.

46539 Centralized Conferencing: Conference call is terminated if the phone tries to join acrwder
that has reached its maximum number of participants.

46553 Whencall.stickyAutoLineSeize ' ¢ mé Btivelcafl isInot put on hold when 2nd call is
made via speed dial or from calls list menu

46569 No ACK sent after receiving VMQR20K w/ SDP, CANCELt §€hsecondsater.
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46610
46737

46757
46763

46767
46807
46808
46812
46831
46843

46858

46861
46939
46968
46978
47083

47110

47163
47185
47262
47310

47345

47450
47500
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Errors in Polish language dictionary

BLF Softkeys & Call appearance disappears on thea@erphone in a certain scenario using a

shared line.

XML APIltssue with order of call appearances on a single line registraiial single line key

XML APIURI softkey:exit does not work when executed from keft or hyperlink anchor

XHTML tags

Configuration parametersg.gray

.selection are repeated in sip.cfg

XML APRIRinger volume adjust tone is repeatedery 5s in certain play URI scenarios

BLF: The 2nd and 3rd Expansion Modules may not wiek IP601 monitors 47 BLF lines

XML APRISoundStation IFBD0 and IP6000 reboathen attempting to execute the URI key:line2

Phone locked upvith "Reboot initiatel" on the display, when it received corrupted JPEG data.

Using TCP as the transport and BLF line monitoring: An attendant in an active call cannot
perform a directed call pielp on a remote ringing line.

SoundStation IP 7000 megboot/freeze if the TRANSFER and CANCEkeyaftare pressed in

rapid succession.

Call appearance sometimes missing’hena conference is split during ringback on shared line

Digest Authentication fails on first file in the CONFIG_FKtdtii a certain configuration.

SIP "authnt" digest authentication mode does not work

EFK: Configurable soft keys cannot call functions unless at least one valid efklist entry is present

SoundStation IP 400@hone does not send a rister request when parameters qos.ip.rtp.dscp

and qos.ip.callControl.dscp are

setd different value between 0 and 60

SoundStation IP 700&nter user password in Advanced menu, phone goes to Admin menu

instead of User menu

603 Decline senhstead of 486 on DND

In some scenarioR)irected CaiPickup via BLF drops call and leaves phone Ul in a ststatge

Microbrowser URL in configuration filerist recognized if it is preceded by spaces

Going orhook on the handset adhe BLF attendant during incoming call to a BLF monitored line

initiates a BLF Caflickup.

If call.stickyAutoLineSeize

FreméT LY a2YS A0Syl NAR2as AyAGALFG

monitored phone is in the Alerting state may cause the phone to-lgck

Port 17185 is open, presenting a security risk

If call.stickyAutoLineSeize
initiated by a BLF/Speetial key.

' ¢ M\étiTe call is not placed on hold when another call is
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47530 Using a BLF or Speed Dial key foransfer operation does not work
47531 Using a BLF or Speed Dial key for a Conference operation does not work.

Fft o

47537 If call.stickyAutoLineSeize Fremés AYyAGAFGAY3 I aS02yR
d y lg2

Ghdzi32Ay3 t NPOSSRAY3Ie {GFGS sAff NB&d

> O

47681 BLF: Attendant may not be able to perform directed call pick up on a monitored line if using a
shared line.

47705 When a phone holds a call, press headset buttimdCall skNewCall sk, the phone does not
switch back to hansifree mode

47716 call.stickyA utoLineSeize ="1", phone does not seize correct line key whenidiglrom
Call List or Contact Directory

47728 SoundPoint IP 60Kttendant does not display incoming call appearance and does not hear
attendant ringing tone when a monited line is on the 2d or 3rd Expansion Module

47741 When using 1, 3, 7, 5 key combo to reset flash settitngsU| has some errors.

47866 SoundPoint IP 320/330/430/450/550/560/650/670: The phone may reboot when hold reminder
tone is enabled and a call is active on the spepkone.

47537 If call.stickyAutoLineSeize remés AYyAGALFLGAY3 | &8
Ghdzi32Ay3 t NPOSSRAY3IE {G1GS gAatt NB

47538 Onthook entereddigits on a BLF attendant phone are erased if a renitF phone in ringing
state is answered on the remote BLF phone.

47559 In some scenarios a BLF attendant phorerrectly plays the attendant ringing
tone.Configuration File Parameter Changes

Configuration File Enhancements

Refer toTablel7: Software Version 3.1QConfiguration File Parameter Enhancemdotsa list of
enhancements made tthe SIP3.1.2 configuration file parameters.

Tablel7: Software Version 3.1.2 Configuration File Parameter Enhancements

File Action Parameter Description

phonel added acd.reg See Technical BulletB®#787 for details
phonel added acd.stateAtSignin

sip added volpProt.SIP.acd.signalingMethod

sip added volpProt.SIP.compliance. RFC3261. If set to 1, validation of the SIP heade

validate.contentLanguage content language is enabled.

If set to O or Null, validation is disablet
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File Action Parameter Description
sip removed  bg.gray.selection Modified the method in which the
: TR oot background sttings are managed
SIp added g-nikes.gray.selection across multiple phone models
sip removed bg.color.selection
sip added bg.hiRes.color.selection
sip added bg.medRes.gray.selection
sip changed ind.gi.IP_600.13.physH Changed from 109 to 103
sip changed  ind.gi.IP_7000.7.physH Changed from 60 to 76
sip added log.level.change.cmr Control the logging detail level for
: —— individual components: call media
Sip added 0g-level.change.cmp recording, call media playback, USB I,
sip added log.level.change.usbio respectively.
sip added prov.quickSetup.enabled See Technical Bulletin 45460 for deta
sip added pnet.hdx.ext HDX Extension Number. For HDX/IP

7000 integration

Understanding Updates to SIP3.1.1 B

This section lists additions and changesnovals, enhancements, and configuration file parameter
changes to SIP 3.1.1 B beside their respective Polycom tracking identification number.

Enhanced Capabilities
SoundStation IP 700nnected to HDXCannot make POTS call when Ethernebmected

47034

47082
47251

47432

and Call preference configured to Auto.

SoundStation IP 700fbnnected to HDXPhone does not Mute on AutAnswer.

SoundStation IP 70Gfbnnected to HDXWhen participants in a mufpoint call are
disconnected the phone unmutes the local phone incorrectly.

SoundStation IP 70Gfbnnected to HDXn a certain scenario the phone sends audio to the far

end even though it shows that the call is muted.
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Understanding Updates to SIP3.1.1

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes to SIP 3.1.1 beside their respective Polycom tracking identification number.

New or Enhanced Features

Add Support fo SoundStation IP 7000 integration with HDX Visigsiems. This feature requires
BootROM 4.1.2.

41705 Reviseerror messagewhen USB drive is plugged into an IP630 and is not supportegdto
direct phone user to Polycom support wslie.

45411 Change hatls-free volume controto give user improved volume level adjustment capability.
45736 Reset Device Settingsenu option will clear log files on the phone.
45969 Add a menu option to enable/disable headset echo cancellation.

46131 SoundPoint IP 45@honedoes not flak Time and Date when time senvismot configured

Enhanced Capabilities
27694 Interdigit interval of DTMF signal is less thame.dtmf.offTime setting

30380 In some situations the MWI state is ncdearedwhen all voice msgs on the phoaee deleted.
34586 Phone redials incorrect number after cancelling transfer or conference

41615 Idle displayanimationwill not appear unless phone is used in some Waye .bmp image only
completes downloading after the phone has booted to the idlesor

42233 Phone does not attempt Digest Authentication after redirect.
43408 BLA line status not updated correctijth a particular signaling timing scenario.

44099 If attempting to perform a Bargi on an SCA and the INVITE gets a 403 Forbidden thmcal
longer showsas active on the phone that tried to Barge

44319 SoundStation IP 6000 and 7000 phodesot use exponential baakff for TCP retransmissions
44728 Call is not automatically resumed when pressing Cancel soft key after pressing URL
44784 The TeTag should not be included in an INVITE after a 401 challenge

45039 Unnecessary Refer is sent by phone as it is being blind traedfey a conference focus

45073 Phones do renew their DHCP Lease when they have been operational fortloaag&0 days.
45187 Voice streams are not resumed automatically after a play uri.

45316 Phones can #doot when they are sent a chegync while under some load

45364 In a certain scenario, ien SCA phone views remote shared line's call appearancéédilit
does not return back to its previous state
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45380 XML APIPhonemay reboot when accessing XHTpéges containing <softkey> tag

45386 When remote sharetine is on hold, press NewCalCancel/EndCall sk, both shared line displays
hold screen

45410 PhoneéQ micrebrowser is not honoring DNS TTL

45657 BLF Console Phone does not behave correctly when List URI is removed from the server
configuration.

45750 Rapidly pressing a new speed dial key after it has just been entered may capsmiigeto re
boot.

45602 Early dialog state not reported by NOTIFY if the far end does not support (100rel) or send
PRACK

45713 dialoginfo document is empty in NOTIFY to suip®n 2,3,n when dialog state is terminated

45827 Entered number camot be alited by pressing left arrow key to move cursor to the lefsome
scenarios.

45870 When bitmap is loaded as background for idle display and either the plus os mitume key is
pressedthe volume indicator graphic does not clear automatically.

45895 Phone will not dial from contact directory when separators are part of the contact e.g4604
1234.

45954 SUBSCRIBE to phone with expires less than 2 seconds will never receive a NOTIFY

46047 BLF lamps remain on when no explicit terminated state serBEdt but it has been omitted in
the Full list

46407 Soft keys do not show up after a call is taken off hold quicikhe-way audio issue

46412 BLFMemory Fragmentation and leak with receipt of BLF messaging

46500 BLFDisplayName is not included Remote Identity of Dialog when phone receives REQUEST
46543 BLA: phone should NOT send dialog NOTIFY with terminated after receigimgeé ¢

46486 Enabling Idle Browser on IP330 may cause dialed digits to not display.

46888 The phone erroneously sends Gl/mulaw audio with zero SSRC field regardless of negotiated
codec after a conference leg is resumed, a call held by the far end is resumed, or a remotely held
call on a sharethridged lineis resumed.

Configuration File Enhancements

Refer toTable 18 Software Version 3.1 4 Configuration File Parameter Enhancemdiotsa list of
enhancements made tthe SIF3.1.1 configuration file parameters.
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Table 18 Software Version 3.1.& Configuration File Parameter Enhancements

File Action Parameter Description

sip changed voice.gain.rx.digital.chassis.IP_330 Changed from 6 to 5
sip changed voice.gain.rx.digital.chassis.IP_430 Changed from 6 to 5
sip changed voice.gain.rx.digital.chassis.IP_450 Changed from 6 to 5
sip changed voice.gain.rx.digital.chassis.IP_650 Changed from 6 to 5
sip changed voice.gain.rx.digital.chassis.IP_7000 Changed from 6 to 5
sip changed voice.gain.rx.digital.chassis.IP_6000 Changed from 6 to 5

Understanding Updates to SIP3.1.0 C

This section lists additions and changes, remoeslsancements, and configuration file parameter
changes to SIP 3.1.0 C beside their respective Polycom tracking identification number.

New or Enhanced Features
Add Support for the SoundPoint IP 450 product.

Configuration File Enhancements

Refer toTable 19 Sftware Version 3.1.0 €Configuration File Parameter Enhancemefotsa list of
enhancements made tthe SIP3.1.0 C configuration file parameters.

Table 19 Sftware Version 3.1.0 @ Configuration File Parameter Enhancements

Parameter

Description

voice.gain.rx.analog.chassis.|P_450
voice.gain.rx.analog.ringer.IP_450
voice.gain.rx.digital.chassis.IP_450
voice.gain.rx.digital.ringer.IP_450

Add DSP parameters for IP 48atform.

File Action
sip added
sip added

voice.gain.tx.analog.chassis.IP_450
voice.gain.tx.digital.handset.IP_450
voice.gain.tx.digital.headset.IP_450
voice.gain.tx.digital.chassis.IP_450

Add DSP parameters for IP 450 platforr
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File Action Parameter Description

sip added Vvoice. rxEq.hs.IP_450.preFilter.enable Add DSP parameters for4B0 platform.
voice.rxgq.hs.IP_450.postFilter.enable

voice.rxeq.hd.IP_450.preFilter.enable
voice.rxgeq.hd.IP_450.postFilter.enable
voice.rxgeq.hf.IP_450.preFilter.enable
voice.rxeq.hf.IP_450.postFilter.enable
voice.txEq.hs.IP_450.preFilter.enable
voice.txEq.hs.IP_450.postFilter.enable
voice.txEq.hd.IP_450.preFilter.enable
voice.txEq.hd.IP_450.postFilter.enable
voice.txEq.hf.IP_450.preFilter.enable
voice.txEq.hf.IP_450.postFilter.enable

sip added Vvoice.handset.rxag.adjust.IP_450 Add DSP parameters ftie 450 platform.
voice.handset.txag.adjust.IP_450

voice.handset.sidetone.adjust.IP_450
voice.headset.rxag.adjust.IP_450
voice.headset.txag.adjust.IP_450
voice.headset.sidetone.adjust.IP_450

sip added bitmap.IP_450.* Add Ul parameters for IP 450 platform.
ind.anim.IP_450.*

ind.gi.IP_450.*

Understanding Updates to SIP3.1.0 B

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes to SIP 3.1.0 B beside their respective Polycom tracking identification number.

Enhanced Capabilities
45605 Missing closing XML tag in a configuratiibm causes @honereboot.

Understanding Updates to SIP3.1.0.0073(Limited
Distribution)

Thisversion should be replaced by 3.1.0ReVBis section lists additions and changes, removals,
enhancements, and configuration file parameter changes to SIP 3.1.0.0073 beside their respective
Polycom tracking identification number.
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New or Enhanced Features

22971
26010
26765
29788
30210
31171
31556
32534
32757
33428
33479

33481
34248

34364
37592
37644
38022
38032
38286

38585
38741
38882
39145
39146
39647
39666
39821

Phone should reegister after changing auth parameters.

Addsupport for Music On Hold (per IETF dnaftirley-serviceexample01).

Phone does not handle forked INVITE properly.

Ensure transfer and call termination behavior is rokagginst predictable failure modes
Phone should be able to upload a 'testpport’ information dump

Provide New Call soft key when alerting call appearance is in.focus

EFKAdd ability to configure Telephony Séfeys

Allow orrhook dialing during the alerting state

XML APIMake Micrabrowser softkeys configurable from Server

Exit shouldexit, Back should take you back.

When entering 0 and 00 as speed dial number and saving, phone should display error message
saying invalid Speed Dial number.

Phone should warn if user tries to enter duplicate Speed Dial

Location of Transfer and Conference soft key should not change during Transfer and Conference
process

Add GeoTrust to the built in trusted®dist

Add configuration to give 'dead air' when phone goeshafibk

Limit the number of conference groups to ooe SoundStation IP 7000.

XML APISupport for asynchronous HTTP URL Push and HTTP POST to the microbrowser
XML APéxtensions for application support of telephony functions and telephony integration

Add support for Plantronics electronic hook switthis feature requires BootROM 4.1.0 or
newer to operate.

EFKAdd support for enhanced soft key (ES&pability

EFKAdd the ability to specify a HTTP or HTTPS URL to be loaded by the microbrowser

Update default list of trusted CAs on the phone

Include Diversion Header Information in the cailkdisplay

Add ability for the pbne to display contents of the SIP warning field to the user

On registration failure (TCPOnly) phone waits680seconds for retry

Improve directory configuration parametecsi SS ! RYAYA &G NI §2NDa DdzA RS

Add label field to loal contact directory
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40000 EFKAdd ability to invoke internal key functions via the macro engine
40265 Hide SAY/P Provisioning Option from the User Interface
40278 SIP stack Tx support of Accéainguage

40341 XML APIPlay AP{audio file to be danloaded from the HTTP server and played using the
phones speaker.

40431 CMR/P: Add support for USB flash drives larger thand2GBundPoint IP 650/670 phones.
40543 DTMF dialing will process, character as 2 sec. pause.

40559 When phones rebooted, it hould first deregistebefore starting reboot process.

40978 EFKEnsure that all soft key functions can be mapped to hard.keys

41016 Add Slovenian to the list of languages supported by certain SoundPoint/SoundStation IP. Phones
41017 Add Polish to thesdt of languages supported by certain SoundPoint/SoundStation IP Phones
41050 Enhanced BLPEdd indication of remote phone ringing to Dialog Package BLF implementation
41161 Add decode support for JPE@age format on SoundStation IP 6000 and 7000 phones.

41177 Add configuration to control whether name or number comes first in cadler

41217 Show Diversion Header Information in the calttdisplay

41264 Associate key colors with background bitmaps.

41366 Update phone Ul and Administrator Documentsptoperly reference 'CDP'

41622 Enhanced BLBLF Dialog Handling in SIP Stack

41629 Enhanced BLBLF call appearance Ul changes

41928 EFK: Remove License requirement from EFK feature.

42812 Add EFK support to SoundPoint IP 670.

42979 CMR/P: Increase cerding buffer size to accommodate flash drives larger than 2GB

42980 CMR/P: Reject user attempts to perform USB operations while another operation is still in
progress, to support large flashides.

42982 CMR/P: Add Ul icon to show when USB drileisy, to help user avoid accidentally removing
the drive before an operation finishes.

43144 Remove CFS restriction on SSAWC
44546 { SG 1L yRaSG !9/ FyR 1'9{ (G2 W2yQ Ay isu&Tl dZ G O2y
44740 SoundStation IP 7000: Cldts do not display sip: prefix for URL dialed calls.
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45222

Reduce the default maximum memory size for tones from 600kbytes to 300kbytes to avoid
memory issues on SoundPoint IP 320, 330, and 430 prodiet3echnical Bulletin 35704
Allocating Adequate Memory for Resources on SoundPoint IP and SoundStation IFdPhones
details on managing the memory wgaon phones.

Enhanced Capabilities

24740
29946
34586
35315
35766
36060
36728
36770
36782
36933

37173

37233

37449

37580
37848

37924

38284
38403
38452

38548

Not all SIP header compact form supported.

Log files are not uploaded if an Apache 2.0.X boot server requires authentication
Phone redials incorrect number after cancelling transfer or conferenced@ntain scenario.
URL dialing fails, when sharkk is in unregistered state.

Phone locks up after receiving MWI due to extra space in config

nonVolatile.maxSize does not set the contact limit

MWI Caching across+®ots doesnot work as expected

In ring type menu, ring gets played twice if the wav file is of more tig&kI3.

Pressing any digit key should close the jpgpvolume control widget.

Menu should not time out when custom certificate fingerprint &rig displayed and user input
is expected.

ChargeForSoftware: Features not immediately deaeti®d upon license key expiian, post
license.polling.time.

SoundPointP330, IP430, IP650, IP550 and IP4000 phoradfsinctionif you enter > 40 dit
contad number in directory.xml file.

The phone may Hdoot when the user tries to end a local conference if the call server does no
respond to the REFER message.

DoS: Multicast rate limiting is not enabled on IP601

LED indicatiofunctionality is not consistent among platforms when IMs are exchanged
between phones whilen Instant messages screen.

Peerto-peer presence: More soft keappears in Buddy Statusamu when there are no more
soft keys to display.

Volume adjustext labels along with volume bar amgcorrect in some scenarios
RFC2543 Hold cannot be correctly set using phone's menu and web Configuration

Press and hold line key, assigning théoicus entry to that speedidl key does not work
corredly.

Typing some value in the Send messagdiétd and exiting causes problem when Instant
Messages is reelected.
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38610

38631

38633
38636
38798
39022

39208
39317
39533
39546
39553

39598

39623

39642

39788
39935

39987

39988
39996

40005
40057
40066
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Burst of ring tone happens before ribgck when call is placed for the 2nd time after the 1st call
is dropped.

Go toDirectory menu, down scrolling icon does not display until down arrow key is pressed if
contad does not have last/first name.

When there are no records in Corporate Directory meBearch soft key should not display.
CMR/P: Wav file cannot mpened when consultation call (of Conference) is on hold.
Operation of menus using the 'Back’ skdtyis confusing

Transfer and Conference sédys are still avaitde on IP650/IP550/IP301/IP40@fter the
maximum number of outgoing calsreached onthese phones.

Content Type Header field noahdled properly in Microbrowser.

Call cannot be resumed when reINVITE is given a 404 error

Malicious connectiotmo TCHoort 5060may cause phont reboot

Phone should nosend Presence SUBSCRIBE signalingpuéereg =invalid line number

Corporate Directory: when DNS record timeouts, Corp Dir does not hdiiduand sends a new
DNS query.

VQMon: use of partition byte count (magic number) to detect SID/C®B Emall- use buffer
flags instead

Headset: Headset icon (active path icon) disappears duathgnca certain scenario on the
SoundPointP430phone.

SoundStation IP 6000 and 7000 produetgly to IP packets of unknown protocol with ICMP
messages

SoundPointP501, 601: Phone should not play incoming when offered recvonly stream.

Users of the IP650 hanfiee complain that sometimes, the phone goes dead silent and they
wonder if the farend is still on the line.

Corporate Directory: In phone CD status menu the port displayed is wrong, thoughatitetime
functionality is fine.

DNS NAPTR misnfiguration can cause phone to reset

Only one of the two callappears on the Ul when transfeng a conferencéetween shared
lines

Phone does not remove BLFs from the U/l if all monitored users are removed at once.
Volume Control not visible when adjusting volumikile in Manage Conference menu.

N-way conf: In manage menu, Animations icbsappear from the screen when user selects the
participant by pressing its correspondi number (digit) on dial pad.
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40101
40117
40125

40126

40197

40328
40399

40400
40416

40436

40445

40503
40561
40562

40586

40660
40664

40716

40718

40804

40831

USB: Backlight does not get techon when USBiemory stick is attached/removed.
Corporate Directory: Modify algorithms forsgilaying CD status and entry details.

CMR/P: In Browse Files menu the file name gets appended with ellipses (...) when exit from the
Delete screen.

CMR/P: File name is partiallpitrcated at the beginning in audio player screen in a certain
scenario.

CMR/P: The mentitle for Browse Files... option is USB Dewitech isa duplicate of the parent
menu screen.

Phone hanging on HTTP PUT with authentication

Phones generate multiple SOA queries amergually lock up if the DN®main is incorrectly
configured.

Phoneissuing DHCP Inform packet when it doesn't need to.

Backlight does not go to Dim mode (medium) under these scenarios (when On intétighy
Idle intensity = Medium).

Backlight intensity should n@hange from medium to low under these scenarios when
configured(On=medium & Idle = Off).

Place an incoming call to a phone that enables call forward, screen flickers incoming caller id for
1 time ifthe phone is in dial tone state.

The scroldown bar is still available even if corporate directory list is accessed to the end.
Backspace or << sdfey is not available on Add Buddy Page for IP 4000 and IP 6000 phones.

The first option in the Mystalist gets highlighted even if optioother than the first option is
selected.

SoundStation IP 700@hone's Ul does not display "date and time" in the call appearance screen
during multiple calls

b 0SAYy3 WRRIOINWIERRI | a
To establish a 2nd call using skeakey while the first call is on hold, one tagress the

speaker key twice.

CMR/P: Renaming the new wav file to an already existing old wav file should be prohibited.
Currently, this failure replaces the new file completely (contéangth,size) with old file.

CMR/P: Rename screen: (1) Title is incomplete. (2) Encoding soft key appears after second press
of 1/A/a sk.

CMR/P: When new call arrives while user is in the audio player screen but not playing audio,
incorrect soft keys displayed.

Corporate Directory: Page and Cache size parameters should be configurable.
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40862 Wrong softkey displayed while transfeng aURLcall and selecting blind
40898 Usage bar shows behind customer bitmap display
40945 Pressing DND featel during hot dial creates problem with new call establishment.

41002 When entering contact directory entry, there is no soft key (1/A/a) to changeb=w/lower
case/upper case.

41034 CMR/P: No audio in Jabra 9350 headset when wav file is played throagketenode, though
the visual idicators show it in Playing state.

41173 Japanese XML dictionary needs a review.
41184 SoundStationP7000:Wrong Date Time format when you select Japanese language

41186 SoundStation IP 700Date Time format is wrong dhe Placed/Received Calls infthen
Japanese Language is selected.

41364 Phones does not honor MIME type for telephone event in SDP Answer.

41448 Phone stops sending DTMF in a certain scenario.

41700 RTP does not go to correct destination following rell&VIT

42252 Configuring VLAN discovery does not incur a restart.

42261 Phone will not search sub containers in the corporate directory.

42749 Phone connects to LDAP server, but does not return records.

42792 Media Attribute missing in Hold ReINVITE when $Rk&ifkabled.

42841 Echo is experienced when calling IP 650 to IP 650 using G.722 HD at full volume.

43014 call.stickyAutoLineSeize is not working correctly when a second call is initiated from a
speed dial.

43121 safeReconfig on SoundStation IP 4000 resaltee phone rebooting.

43360t K2y S aSyR&a | WOESNXAYLFGSRQ y2iATe sAlGK (o2
43513 SoundPoint IP 650 experiencing Echo at full volume on handset.

43745 French XML Dictionary needs updating.

44066 Ringer diminishes on sonpdones over time and stops working.

44164 SoundPoint IP 320 does not respond to UPDATE when sent more than 9 seconds after INVITE.
44223 SoundStation IP 7000: # key behaves as if pressing the 1/A/a soft key.

44324 Feature key remapping does not alwaysrk.

44029 When ANALOG HEADSET MODE is set to JABRA mode, there is no audio call waiting tone.

44413 Speed dial labels on line keys are switched from first, last to last first.
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44423
44509
44520

44763
45093

45118
45198

Configuration File Enhancements

Speed dial entries on 650s are coming up URL Call Disabled.

Soundint IP 600/601: Transferring and originating calls generates URL Call Disabled message.

Phone is generating an unexpected NOTIFY on an incoming call which puts the BLA status out of

sync.

Phones ignoring BS SRV records response from SessioddB Controller in certain scenario.

SoundStationP4000and @00 have no way to delete or backspace on the Passexiny

screen.

Digest authentication for SIP transactions fail when digest token is in{cager characters.

Dialing EFkhacros from speed dial key does not work if URL dialing is disabled.

Refer toTable 20 Software Version 3.1.0.00%¢3Configuration File Parameter Enhancemeforsa list of
enhancements mad® the SIF3.1.0.0073 configuration file parameters.

Table 20 Software Version 3.1.0.007@Configuration File Parameter Enhancements

File Action Parameter Description
sip added volpProt.SIP.strictLine If set to 1, forces the phone to wait for 200 OK
Seize response when receiving a TRYING notify.
If set to O or Null, this is old behavior.
sip added volpProt.SIP. If set to 1, forces the phone to match user pon
strictUserValidation of signaling exactly.
If set to O or Null, phone will use first
registration if the user part does not match any
registration.
sip added volpProt.SIP.lineSeize. Controls the number of times the phone will retn
retries a notify when attempting tseize a line (BLA).
sip added volpProt.SIP.header. If set to 1, the diversion header is displayed if
diversion . enable received.
If set to O or Null, the diversion header is not
displayed.
sip added volpProt.SIP.header.list. If set to 1 or Nullthe first diversion header is

useFirst

displayed.
If set to O, the last diversion header is

displayed.

112



Polycom® UC Software 3.3.3 Release Notes

File Action Parameter Description
sip added volpProt.SIP.header.warning A list of accepted warning codes.
.codes.accept
If set to Null, all codes are accepted. Only codes
between 300 and 399 arsupported.
sip added volpProt.SIP.header.warning If set to 1, the warning header is displayed if
.enable received.
If set to 0 or Null, the warning header is not
displayed.
sip added volpProt.SIP.musicOnHold. A URI that provides the media stream tay for
ur the remote party on hold.
If reg.x.musicOnHold is set to Null, this attribute
checked.
sip added Icl.ml.lang.tags.x The format is:
w ¢KS FANRBRG Go@B9f SGGS!T
language abbreviation.
w ¢KS ySEG (¢ 2-3166huitly NI
code.
w ¢KS ySEG (G62630SGiGSNI
language abbreviation.
w ¢KS NBYIFIAYRSNI 2F (K¢
preference level for the display of the
language, or English if the language is not
available
sip added up.numberFirst CID If set to 0 or Null, calldiD display will show
Ottt SNRa yIYS FANRGOD
LT asSad G2 wm3x OFffSNILE
number first.
sip changed safl The default value is Null. To allow the SoundPoi
IP welcome sound to be played on reboots and
restarts, set taSoundPointIPWelcome.wav
sip changed Voice.aec.hs.enable The default value is enabled (1).
sip changed Voice.aes.hs.enable The default value is enabled (1).
sip added call.directedCallPickup The star code to initiate a directed call pickup.

String
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File Action Parameter Description
sip added dir.corp.pageSize The maximum number of entries
requested from the corporate
directory server with each query.
sip added dir.corp.cacheSize The maximum number of entries
that can be cached locally on the
phone.
sip added dir.corp.scope Type ofsearch.
If set to one, a search of the level
one below the baseDN is performed.
If set to sub or Null, a recursive search (of all lev
below the baseDN) is performed.
If set to base, a search at the baseDN level is
performed.
sip changed Vvoice.ns.hs.ena  ble The default value is enabled (1).
sip changed res.quotas.l.value The default value is 300KB for tones
sip added apps.telNotification.URL The URL to which the phone sends notifications
specified events. The protocol used can be eithe
HTTP oHTTPS.
sip added apps.telNotification. If set to 0, incoming call notification is disabled.
incomingEvent . . T
If set to 1, incoming call notification is enabled.
sip added apps.telNotification. If set to 0, outgoing call notification is disabl
outgoingEvent . e
If set to 1, outgoing call notification is enabled.
sip added apps.telNotification. If set to 0, offhook notification is disabled.
offhookEvent e
If set to 1, offhook notification is enabled
sip added apps.telNotification. If set to 0,0nhook notification is disabled.
onhookEvent T
If set to 1, onhook notification is enabled
sip added apps.statePolling. URL The URL to which the phone sends call process
state/device/network information. The protocol
used can be either HTTP or HTTPS
sip added apps.s tatePolling.username The user name to access the state polling URL.
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File

Action

Parameter

Description

sip

added

apps.statePolling.password

The password to access the state polling URL.

sip

added

apps.push.messageType

Select the allowable push priority messages on
phone.

sip sip

added

apps.push.serverRootURL

The relative URL (received from HTTP URL Pus
message) is appended to the application server
root URL and the resultant URL is sent to the
Microbrowser.

sip

added

apps.push.username

The user name to access the push server URL.

sip

added

apps.push.password

The password to access the push server URL.

added

softkey.x.label

This is the text displayed with the soft key.

If set to Null, the label to display is determined a
follows:

w LF GKS az27Fad 188 Ara
keymacro, the label of the enhanced feature key
macro will be used.

w LF GKS az2Fad 18e Ara
label of the corresponding directory entry will be
used. If this label does not exist as well and the
directory entry is an enhanced featukey macro,
then the label of the enhanced feature key macr
will be used.

w LF GKS az2Fad 188 ra
the first one is considered for label, using the rul
above.

w LF y2 t106Sta IINB T2«
soft key labelvill be blank.

sip

added

softkey.x.action

The same syntax as the enhanced feature key
action.

sip

added

softkey.x.enable

If set to 0 or Null, the soft key is disabled.
If set to 1, the soft key is enabled.

sip

added

softkey.x.precede

If set to O oNull, the soft key replaces any empt)
space from the leftmost position.

If set to 1, the soft key is displayed before the fir
standard soft key.
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File Action Parameter Description

sip added softkey.x.use.idle If set to 0 or Null, the soft key is not displayed in
the idle state.
If set tol, the soft key is displayed in the idle
state.

sip added softkey.x.use.active If set to 0 or Null, the soft key is not displayed in
the active call state.
If set to 1, the soft key is displayed in the active
call state.

sip added softkey.x.use.alerting If set to 0 or Null, the soft key is not displayed in
the alerting state.
If set to 1, the soft key is displayed in the alertin
state.

sip added softkey.x.use.dialtone If set to 0 or Null, the soft key is not displayed in
the dialtone state.
If set tol, the soft key is displayed in the dialtone
state.

sip added softkey.x.use.proceeding If set to 0 or Null, the soft key is not displayed in
the proceeding state.
If set to 1, the soft key is displayed in the
proceeding state.

sip added softkey.x.use.set up If set to 0 or Null, the soft key is not displayed in
the setup state.
If set to 1, the soft key is displayed in the setup
state.

sip added softkey.x.use.hold If set to 0 or Null, the soft key is not displayed in
the hold state.
If set to 1, the soft &y is displayed in the hold
state.

sip added softkey.feature.newcall If set to 0, the New Call soft key is not displayed
when there is another way to place a call.
If set to 1 or Null, the New Call soft key is
displayed.

sip added softkey.feature.endcall If set to 0, the End Call soft key is not displayed.

If set to 1 or Null, the EndCall soft key is display:
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File Action Parameter Description

sip added softkey.feature.split If set to 0, the Split soft key is not displayed.
If set to 1 or Null, the Split soft key is displayed.

sip added softkey.feature.join If set to 0, the Join soft key is not displayed.
If set to 1 or Null, the Join soft key is
displayed.

sip added softkey.feature.forward If set to 0, the Forward soft key is not displayed.
If set to 1 or Null, the Forward soft kés
displayed.

sip added softkey feature.directories If set to Null, the Dir soft key is displayed on the
SoundPoint IP 320/330 phone, but not on any
other phone.
If set to O, the Dir soft key is not displayed on an
phone.
If set to 1, the Dir soft keig displayed on all
phones as follows:
w Ly G4KS ARtS adrasSsz
Call and Callers soft keys.
w Ly G4KS RAIFtfG2yS adali
Call and Callers soft keys.
w 5dz2NAy3 | O2yFSNByOS
after the Callers and Cancel soft keys.

sip added softkey.feature.callers If set to Null, the Callers soft key is displayed on
the SoundPoint IP 320/330 phone, but not on ar
other phone.
If set to 0, the Callers soft key is not displayed o
any phone.
If set to 1, the Callers soft key is displayed on all
phones as follows:
w Ly G4KS ARtS adlasSz
Call soft key and before the Dir soft key.
w Ly G4KS RAIFtG2yS adli
Call soft key and before the Dir s&ky.
w 5dz2NAy3 | O2yFSNByOS
before the Cancel soft key.

sip added softkey.feature.mystatus If set to 0, the MyStatus soft key is not displayec

If set to 1 or Null, the MyStatus soft key is
displayed.
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File Action Parameter Description

sip added softkey.feature.buddies If set to 0, the Buddies soft key is not displayed.
If set to 1 or Null, the Buddies soft key is
displayed.

sip added softkey.feature.basicCall If set to 0 and the phone has hard keys mapped

Management.redundant for Hold, Transferand Conference functions (all

must be mapped), all of these soft keys are not
displayed.
If set to 1 or Null, all of these soft keys are
displayed.

phonel added reg.x.strictLineSeize If set to 1, forces phone to wait for 200 OK on

registration x whemeceiving a TRYING notify.
If set to 0 or Null, this is old behavior.

If this parameter is Null,
volpProt.SIP . strictLineSeize is checked.

If both parameters are set, this parameter takes
precedence.

phonel added reg.x.musicOnHold.uri A URI that provideshe media stream to play for
the remote party on hold.

When present, and feg.x.musicOnHold is not
Null, this attribute overrides the global Music on
Hold defined in the sip.cfg configuration file.

phonel added attendant.ringType The ring tone to play wén a BLF dialog is in the
offering state. Permitted values are 1 to 22. The
default is Null.

Understanding Updates to SIP3.0.4

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes to SIP 3.0.4 besitieir respective Polycom tracking identification number.

Note that SIP 3.0.4 was released after SIP 3.1.0, so it should not be assumed that the changes in SIP
3.0.4 also apply to SIP 3.1.0.

New or Enhanced Features
44546 { SO 1 I yRaSi ! 9n/defaulyd@nfigution filegto ak@d/hendskt edesues

45411 AdjustSpeaker phonéHands Freejyolumecontrol for better user experience.
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Enhanced Capabilities

43264

43513

Phone is not able to answer calls due to duplicate INVITEs with same details aBRASNCH
ID.

SoundPoint IB50 to 650callsexperiencing Echo at full volume on the handset

44029 When ANALOGHEADSET MODE is set to JABIR#e is no audio call waiting tone.

44066

44413
44423
44509

44520
44763
44818
45073

45118
45221

45719
45761

Ringer (including call waiting tone) diminishes on somengs oveitime and stops being
audible.

Speed dial labels on line leys are labeled switdhem first, last to last, first.
Speed diaéntries on 650s are coming up URL Call Disabled.

SoundPoint IP 600/60Transferring and originating calls caglURL Call Disabled due to
unnecessary attempt to provision CFS license file via HTTPS

Phone generatingn unexpected NOTIFY on incoming galkting BLA status out of sync.
Phones ignoring DNS SRV records response from Session Bordell€ontcertain scenario
Danish dictionary is Chinese

Phones daot renew their DHCP Lease when they have been operational for longer than 99
days.

Digest Authenticatiotfor SIP transactions fail when Digest token is all legase.

Oneway voice in handset/headset mode during call waiting when call.callWaiting.ring= ring is
set.

Corporate DirectoryPhone not sending correct detaikhen connecting t&SUNIdaBerver.

DND Sync feature failing across reSUBSCRIBE

Configuration File Enhancements

Refer toTable 21 Software Version 3.0@dConfiguration File Parameter Enhancemdotsa list of
enhancements made tthe SIP3.0.4 configuration file parameters.

Table 21 Software Version 3.0.4 Configuration File Parameter Enhancements

File Action Parameter Description

sip changed  voice.aec.hs.enable / KFy3aSR RSTIl dzt G ¢
voice.aes.hs.enable
voice.ns.hs.enable

sip changed  voice.gain.rx.digital.chassis.IP_330 / K y3aSR RSTIF dzA G ¢

voice.gain.rx.digital.chassis.IP_430
voice.gain.rx.digital.chassis.IP_650
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Understanding Updates to SIP3.0.3 B

This section lists additions and changes, remoeslsancements, and configuration file parameter
changes to SIP 3.0.3 B beside their respective Polycom tracking identification number.

Changsmade appy onlyto the SoundStation IP 7000 product

Enhanced Capabilities
41974 SoundStation IP 7000 no longendmmly rebootsvhen theidle browseris enabled

Understanding Updates to SIP3.0.3

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes to SIP 3.0.3 beside their respective Polycom traidkéntification number.

New or Enhanced Features

39423 Change default boot config and packaged sip.cfg value for parameter
voice.vad.signalAnnexB

40385 Add config parametergolpProt.SIP.strictLineSeize , reg.x.strictLineSeize and
volpProt.SIP.lineSeize.retries

40387 SIP stack will use config pararar volpProt.SIP.strictLineSeize and
volpProt.SIP.lineSeize.retries to make faulttolerant behavior optional

40447 Add a User Option teestart the phone

Enhanced Capabilities

39635 Phones configured fom bridged line ppearance reboot when they receive an improperly forked
duplicate packet.

39792 The phone is requesting a SIP URI on transfer instead of a nuvithesome call servers.
40175 Digitmap problem with IP330 and IP320s naiqessing single digit map entry correctly

40287 Phone is not returning fast busy on a timeout when sending TRYING state; it continues to send
call EARLY causing BLA sync issues

40318 Buddy Status indicator not workimghen a function key is mapped to aegul dial.

40632 Phones hang at the welcome screen when DHCP server specifies a subnet mask of
255.255.254.0

40673 Phone does not handle NOTIFY message correctly in Glare (race condition)
40709 Phone responding to subscribe that does not match its cordigun.
40766 Phone must match To: header with thiparty subscribe
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41203 Phonesot responding to DHCP offer using an option other thanil&ption 160 also has an
entry @pplies toSoundPoint IP 326830, 430, 550, 560, 650

41351 Call liss mayshow SIP URdn SoundPoint IP 330/320 phones.

41403 CMR/P: Wrong popup appears when usb is removed after exiting from the playback to the
browse files menu

41475 After upgrade to SIB.0 The SIP Config optiatsg.bypassinstantMessage=1 does not work
correcty.

41614 Phone repeating USER AGEMNihg in HTTP request.

41645 Transfer of Held call causes party on Hold to automatically resnimertain call server
interactions.

41654 CMR/P: Call gets answered in speaker mode whehafk if an incoming call hgens while in
audio player screen.

41657 CMR/P: Headset memory persistence status goes wrong if an incoming call happens while in
audio player screen.

41666 CMR/P: While in audio player screen, ringing for an incoming call happens in wrong termination
mode. It should always happen on speaker.

41789 AsFeature doesn't reSUBSCRIBE after losing the TLS connection
41808 Idle logo does not display correctly in certain configurations.

41903 Corporate Directory searches may not return complete results if resoifitam Unicode
character values > 127 (server supports sorting)

41926 Navigation select button does not get caditails.
41983 SCA Caller ID displays wrong direction as From: when remote shared liregolaeggoing call

42605 Speed dial shortcut should not apply if contact directory is disableéglaamdPointP 330/320
phones.

Configuration File Enhancements

Refer toTable 22 Software Version 3.03Configuration File Parameter Enhancemdotsa list of
enhancements made tthe SIP3.0.3 configuration file parameters.

Table 22 Software Version 3.0.8 Configuration File Parameter Enhancements

File Action ~ Parameter Description

sip added  VolpProt.SIP.strictUserValidat If set to 1, forces phone to match user portion
ion of signaling exactly. If set to 0, phone will use
first registration if the user part does not matct

any registration
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File Action Parameter Description

sip added  VolpProt.SIP strictLineSeize If set to1, forces phone to wait for 200 OK
when receiving a TRYING notify.

sip added  VolPProt.SIP.lineSeize.retries Controls the number of times the phone will
retry a notify when attempting to seize a line
(BLA). Valid values are 3 to 10. Note that in th
release, a value of 3 results in 10. A value of 2
can be used to get 3 retries.

phonel added reg.n.strictLineSeize If set to 1, forces phone to wait for 200 OK on
registration n when receiving a TRYING notify

If this parameter is Null,
volpProt.SIP.strictLitgeize is checked.

This parameter takes precedence.

Understanding Updates to SIP3.0.2 C

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes to SIP 3.0.2 C beside their respective Polycom trad&tgication number.

Enhanced Capabilities

42034 Phone freezes when booting from TFTP server in certain scenarios

42060 When an IP601 with Expansion Modules attached is configured with many-diedith long
names Removing or addingspeeddial during a period of high activity (e.g. call in progress)
may result in sluggish Ul response or in extreme casbsoe

Understanding Updates to SIP3.0.2.0917 B (Limited
Distribution)

This section lists additions and changes, removals, enhancementsoafiguration file parameter
changes to SIP 3.0.2.0917 B beside their respective Polycom tracking identification number.

New or Enhanced Features
Added support for the SoundPoint IP 670 product.

Added support for the SoundStation IP 6000 product.
Added support for the SoundStation IP 7000 product.
39292 Add dynamic test for tnecognized USB devices.

122



Polycom® UC Software 3.3.3 Release Notes

39532 Aftera500 Glare response, phone should retry atttmpt on a different line ID.
39585 Add support for JPEG images (in addition to BMP format).

40351 Add additional USB flash drives to the internal listugdporteddrives

40591 Add background preference configurationiioK S LJEoRfiguSatiba web server.
41025 Set default.DARCorporate Directory background-sync period to 24 hours
41045 Make irtial background LDAP Contact Directeyydironizationoptional.

41363 Add additional gaphic background® the IP 550, 560, 650 phones.

41517 Add JPEG support to the mielboowser.

Enhanced Capabilities
38539 Microbrowser does not display Asian foras IP550, 560 and 650 phones.

39603 Rapid holeresume with SRTéan caus@ne-way audio

39608 Phone does not play ring tone when conference put on olckertain scenarios.
39610 Idle display not fully cleared when making neail.

39657 Phonemay rebootif user removes USB flash drive while recording is in progress
39678 Authorization response changdsring multi-stage dialing

39716 Speed dial from up arrow shortcut using speed dia¢indoes not work correctly when BLF is
configured.

39932 Unicode tet entry does not worlcorrectly.

39979 SoundPoint IP 301, 501, 6phones with SRTP disabled reject calls offering both SRTP and non
SRTP media

40115 CMR/P: File browser continues to display file in file list after user has deleted file
40266 Voice Quaty Metrics incorrectlyreports packet losses when VAD is enabled

40346 Corporate Directory: Improve message when connection is lost after CD server initialized
successfully

40427 Phonewill send a 486 (Busy Here) &Bponse ithe reject softkey is $sed after DND is enabled
and disabled

40574 Phone ignores 'Require: 100rel' header in INVITE

40593 2-way audio (call made from Shared line) gets lost after cancelling transfer once the far end has
performed hold/resume (or cancelled transfer/conf).

40598 Original call does not get resumed when transfer attempt is cancelled bgipgethe active
termination key in certain call scenarios.
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40669
40686
40694

40724
40804

41199
41355
41364

Caller ID usingp.useDirectoryNames=1 stops working when sip and so logs set at 0
DTMF tones are transttéd in band wien RFC 2833 is negotiated on a SoundStaHat000

When call is put on hold at shared line the soft keys New Call, Transfer, Conf, More don't
appeat

SoundStation IP 4000: Call Waiting Tone echoed to far end caller.

Whennew call arives while user is in the USB RecordihgJf streée®but not playing audio,
incorrect softkeys are displayed

802.1x packes do not get forwarded by SoundPoint IP 320, 330, 430, 550, 56(MBkes
Phone responds with 501 tdPDATE requesivhich it should not do.
Phonedoes not honor MIME Type for TelepheBgent in SDP Answer

Configuration File Enhancements

Refer toTable 23 Software Version 3.0.2.0917¢E onfiguration File Parameter Enhancemetsa list
of enhancements made tilve SIF3.0.2.0917 B configuration file parameters.

Table 23 Software Version 3.0.2.0917 &Configuration File Parameter Enhancements

File Action Parameter Description
sip added voice.codecPref.IP_(6|7)000.* Codec support for IP 6000 and IP 7000.
sip added voice.gain.(r|t)x.analog.*. Gain levels for IP 6000 and IP 7000.
IP_(6]7)000
sip added voice.(r|t)xEq.hf.IP_(6]7)000. Prefilter and postfilter enable for IP 6000
(pre|post)Filter.enable and IP 7000.
sip added dir.corp.backGroundSync Changed from 1 to 0, disabling
background sync.
sip changed dir.corp.backGroundSync.period Changed value from 43200 (12 hours) to
86400 (24hours).
sip changed bg.ranges
sip removed bg.color.selection Defines which background is used. Defat

is 1,1. First (left) index is the type of
background. Second is the index into the
table of that type.

Index Type
1 Predefinedbackgrounds
2 Solid patterns
3 Userdefined bitmaps
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File

Action

Parameter

Description

sip

changed

bg.hiRes.color.pat.solid.*.

name|red|green|blue)

Defines the name and colour of solid
backgrounds.

sip

added

bg.hiRes.color.bm.*.(em.)?name

Defines colour backgrounds for the
LIK2y SQ& RAéxpahsioR |y
Y2RdzZ SAaQ RAALI I &a

sip

added

button.color.selection.*.*.modify

Defines the transform applied to the
button image used for line keys and soft
keys. The two indexes operate as define:
above in bg.color.selection.

The value comprises a transin method,
and parameters for the transform. Two
transforms are supported rbgHiLo and
none. The rgbHiLo has six parameters. T
first two apply to the red channel, the ne»
two to the green and the last to the blue.
The first parameter of a pair definése
value to use for the brightest pixels of the
button graphic. The second parameter of
pair defines the value to use for the
darkest pixels. Intermediate values are
scaled between the pair.

sip

added

bg.hiRes.gray.(prlbm).*.adj

Defines the adjustmerdpplied to
backgrounds when displayed on a gray
hiRes phone. pr in the parameter name
refers to the predefined background table
bm refers to the usedefined bitmaps
table. The index is the index into the
respective table.

The value is the number of gie to
brighten the image (negative values
darken the image). Each step is 116
full scale.

sip

added

bg.hiRes.gray.bm.*.name

Defines grayscale backgrounds for the
LIK2ySQa RAaLI Il & |y
Y2Rdzf SaQ RAALX I &a

sip

added

button.gray.selec

tion.*.*.modify

See button.color.selection.*.*.modify
above.
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File Action Parameter Description

sip added bitmap.IP_7000.*.name Defines the bitmaps used in the user
interface of the IP 7000 phone. This is th
same format as used with other SPIP
phones.

sip added ind.anim.IP_7000.*.frame.*. Defines the animations used by the IP
(bitmapl duration) 7000 phone. This is the same format as
used with other SPIP phones.

sip added ind.gi.IP_7000.*.(index|class|physX Defines the graphical indications wkby
IphysY{physWiphysH) the IP 7000 phone. This is the same forn
as used with other SPIP phones.

sip added log.level.change.(clink|pnetm|peer) Three new logging types have been adde
clink logs lowlevel Clink2 activity in the IP
7000. pnetm logs mitevel Clink2 actiwt
peer logs higHevel activity.

sip added ramdisk.nBlocks.IP_650 This controls the number of blocks of
memory devoted to the ramdisk in the IP
650 phone.

Understanding Updates to SIP3.0.1RevB

This section lists additions and changes, remoeslsancements, and configuration file parameter
changes to SIP 3.0.1 RevB beside their respective Polycom tracking identification number.

Enhanced Capabilities

42034 Phone freezes when booting from TFTP seitveertain scenarios.

42121 SoundPoint IP 558nd 650 phones will not provisiaza A y 3 G KS Wil NBESQ &aA Llpf R
Phone reports Application does not support self provisioning.

Understanding Updates to SIP3.0.1.0032 (Limited
Distribution)

This section lists additions and changes, removals, er@raants, and configuration file parameter
changes to SIP 3.0.1.0032 beside their respective Polycom tracking identification number.

New or Enhanced Features
40475 Set VLAN Filtering to 'Off' by default
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41025 Set default Corporate Directory backgroumdsync period to 12 hours

Discontinued Features

35285 Add check for user part @hecksync This was causing issues with the use of Caric for
remote re-boot of phones.

Enhanced Capabilities

36320 Echo is heard on handset to handset call dusimgle talk setting hsAec to 1 on
IP650/550/430/330

38960 Enhance packet loss handling on IP 650 to match performance of IP 601 in large packet loss
situations.

39330 DHCPINFORM should apply if boot server address is Null or 0(0.0.0.0 checking wamt
working correctly).

39430 Port component in refeto target URI is needed in a certaituation

40121 VLAN tag not added to frame that is an IP fragment with between 1 and 3 octets of payload

Configuration File Enhancements

Refer toTable 24 Software Version 3.0.1.0032Configuration File Parameter Enhancemefotsa list of
enhancements made tthe SIP3.0.1.0032 configuration file parameters.

Table 24 Software Version 3.0.1.0032 Configuration File Parameter Enhancements

File  Action Parameter Description
sip  change dir.corp.backGroundSync.period Changed value from 300 (5 minutes) to 432C
(12 hours)

Understanding Updates to SIP3.0.0

This sectiorlists additions and changes, removals, enhancements, and configuration file parameter
changes to SIP 3.0.0 beside their respective Polycom tracking identification number.

An asterisk indicates that the feature requires a licekeg to be enabled.

New or Enhanced Features

26088 Add RTCP reporting via SIP prot@mmlording to RFC draftaft-ietf-sippingrtcp-summaryc all
supported phone models except SoundPoint IP 301.

29851 Support Statistics gathering and reporting for QOS monitaguprding to RFC3611 (RTXHK
all supported phone models except SoundPoint IP 301.
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30091 Add a Conference Management User Interface for conferences hosted locally on the phone
(SoundPaint IP 550, 560, 650 phones).

30099 Add uaCSTA support
30134 Allow speakerphone to be disablég configuration file.

30993 Submit from Web Browser should not initiate a rafig/restart when no changes have been
made on the phone.

31442 Make automatic resume on centralized conference optioiraplemented for uaC&Tpurposes;
configured usingall.disableAutoResumeCentralConference

31576 Add 4way local conferencing on SoundPoint IP 550, 560, 650 phones.
32054 Integrate with corporate directories using LDAP and Active Directory

32058 Added configurable behavioto supportSingle Keypress Conference-8ptUses
call.singleKeyPressConference parameter

32223 Addedsound effects to accompany USB device insertion and removal

32848 Added call recording and playback on USB flash diRefer to Technical Bulletd8084 for
details on supported USB devices.

33230 Added SCA Bridging for Brodtbrks. Refer to Technical Bulletin 33230 for more details.
34949 Added support formin-expires header.

35150 Added electronic hoddwitch capabilityusing Jabra DHSG protocol auidPoint IP 320, 330,
430, 550, 560, 650 phones. This feature requires BootROM 4.1.0 to operate. REfehtacal
Bulletin 351L50. Using an Electronic Hookswitch (EHS) with Polycom SoundPoint IP and VVX 1500
Phonedor more details.

37159 Handle MIME type application/vdcpxr in SIP stack

37256 Jabra Jx10 electronic hook switch supmtSoundPoint IP 320, 330, 430, 550, 50
phones. Requires an Interface Cable from the headset base to the phone for use. Refer to
technical bulletin 35150 for more details.

3755% Add enhanced speed diehpability
38443 Support full complement of BLF parties 8aundPointP 650 plus 3 EMssing UDP

38847 LineKey and SofKey Labels changed to white text witiD3appearance on SoundPoint IP 550,
560, 650 phones.

38979 Make Ul background bitmap configuralgy&oundPoint IP 550, 560 and 650 phones.
39071 DHCPINFORM should apply if beetver address is null
39072 Reduce DHCPINFORM retry timeouts
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39305 Increase Handset transmit loudness by 3dB to better meet stande8dSZS 60950 and AS/ACIF
S004 as directed by Category C33 of the Telecommunications Labeling Notic€f¢FLN)
Australa).

39330 DHCPINFORM should apply if boot server address is 0.0.0.0
39344 Update XML Dictionaries for SIP.B.

39695 Lower minimumsyslog.renderLevel to Ofrom 1.

Discontinued Features
37321 Remove support for Asian languages from IP 600 and IP 60@kgftue to memory limitations)

Enhanced Capabilities

30170 Icon Frame is missing when pressing menu key
30814 Phone sends INVITE with an incomplete SDP sdntmertain call sequence.
30903t I O1 Si4 [ 2aa ifzaldateiransferréda W dzY LIQ

30990 LED does notlimk for incoming call on IP 3@then DND enabled and
call.rejectBusyOnDnd=0

32668 When a call on shared line is put on hold, pressing and holding line kegmbte shared line
causes incorrect soft keys to appear.

34445 Do NotDisturb feature fails on cancellation of second incomingveiadin
call.rejectBusyOnDnd=0

35459 On configuring IdentificationAuth Password in web interface for configuration, the parameter
value is entered in override mahone.cfg

35937 SoundPointP550,560,650 phonedo not support setting Tx Digital gain in config.file

35963 Large XHTML document can trigger reboot on phones with more than 16MB RAM

36063 HD-Voice Handsets are marginal with respechearing aid compatibility (HAC)

36296 Dialingfrom directory or hotdialing bypasses automatic dibok call placement

36490 Display Diagnostics has some areas that do not work correctly

36583 IP 301ogs ssps errors during bootup and when establishing a handsfree call

36677 1P320/330 does not upde its Presence status when a roaming buddy changes their status
36680 Dial tone can become momentarily very loud when cancelling conf call

36751 EM display diagnostics fails during hot piog

37071 Internal perline cal limit can be overridden oplatforms that do na allow 24 calls per line

37111 Using default certs log message appears when configuring for Custom cert only
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37116
37184
37227
37391
37420

37426
37428
37603
37679
37690
37709

37711 .

37719

37726
37851
37855
37906
37915

38021
38219
38279

38308

38334
38540
38732

Date and time disappear from the phone's idle screen when browsing menu during call
Digest AuthenticatiofPasswordised for downloading configuration files is displayed in log.files
The registration icon disappears when IP301 establishes a conference call

Phone does not start correctli/the contact directory)XMLsyntax is not correct

SIP Servdraltback line Information screen does nohsw the server info when 3rd S$erver
becomes the working servéapplies to SoundPoint IP 320,330

Camot change selection in Clock Time menu more than once without exiting

Selecting anothelanguage forces exit from language menu

Key remapping does not show correct values in diagnostics menu on IP 320, IP 330 and IP 4000
File TX Tries setting flash could be set to invalicahlue 0

Phone does not retry ACK when receivituglicate 200 OK

SoundPoint IP 320 and IP 330 phones mdyo® after several days when the idle miero
browser is configured and active.

NA ST | ddRe\t@SRTPyEeRciyEtiGhRey change.

Pressing Resume soft key on phone asending an unresolvable hostname during a blind
transfer reboots or freezes the far end phone

DNS SRV queries can incorrectly append search domain when it is already.present
SRTP phone doesn't include crypto suite in group pickup signaling

Join softkey is not available when miemum call appearances are used.

IP301 does not show watch buddy icon when peepeer watch buddy is enabled

Peerto-Peer Presence: Blocking contact in Watcher List creates extra contact SPeetorydir
menu

Ringer type 12 is not playing correctly
While receiving multipl&NOTIFY messages, the phone mal/send an invite to initiate a call.

If a 403 response is received by the phone when attempting to complete a call trantfer in
proceeding state the phone may-tmot.

Packet Loss count does not increment correctly when a Held call is resumed and the SSRC value
changes.

MKI format in RTP and RTCP packets is incorrect
Packet channel statistics computation nmesetting properly when SSRC changes

Line status icon does not change back on line 2 after being on speaker or haistaatdPoint
IP 330/320.
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38902 Ul malfunctions when remote shared line is in hold status and local phone attempts a new call

39041 Iconmay indicatephone is unregistered after successfulregistrationif
volpProt.SIP.serverFeatureControl.cf=VapProt.SIP.serverFeatureControl.dnd=1

39074 Microbrowser: clicking a link to neresponsive server takes a long time to timeout

39184 Readonly directory can be edited di? 320 and IP 330phone is in digit collection state when
contact directory is opened

39338 Some of theSRTP session parametars incorrectly spelled in the SDP (e.g.
UNENCRYPTED_SRTCP is represented as URERIZRRTCP).

39362 Phone does not play incoming RTP when offered getig stream

39419 Maximum Backlight Intensity setting has very little effect on SoundPoint IP 560 phones.
39431 Display Diagnostics shows very minimal changes on the display on IPcbBOGE0

39438 Backlight does not update immediately after pressing cancel on the maximum intensity .screen

39490 In some call scenarios the phone may not display the SRTP secure line icon even though the call
is encrypted

39502 DigitMap: The €haracterdoes not get matched in a dial plan.

39601 InlIP 320 and IP 33thone's local contact edit menu, cursor flashes on the character just
entered instead of after the character

39618 font500Prop_16 _U0000_UOOFF.fnt has anomalously wide K

39629 Whenreg.1.callsPerLineKey=1 is set, amnference is established while transferring the call,
the phone hangs and reboats

39631 Idle browser cuts volume icon

39652 Some layered windows are incorrectly clipped

Configuration File Enhancements

Refer toTable25: Software Version 3.0€§Configuration File Parameter Enhancemdotsa list of
enhancements made tthe SIP3.0.0 configuration file parameters.

Table25: Software Version 3.0.Q Configuration File Parameter Enhancements

File Action Parameter Description

sip added volpProt.SDP.useLegacyPayloadTypeNegotiation

sip added volpProt.SIP.csta Enables uaCSTA.

sip added up.handsfreeMode Enables or disablgsands

free speakerphone.
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File Action Parameter Description
phonel added up.analogHeadsetOption Selects optional external
hardware for use with a
headset attached to the
phone's analog headset
jack.
sip changed tone.chord.callProg.6.offDur Changed from 0 to 10000.
sip changed tone.chord.callProg.6.repeat Changed from 1 to 2.
sip changed se.patringer.12.name=Ringback - style Added 100ms of silence to
start of pattern.
sip removed Voice.gain.rx.analog.handset.wideband Controlled gain for
voice.gain.rx.analog.handset.sidetone. wideband handset. This
wideband control is now performed
voice.gain.t x.analog.handset.wideband through the parameters
voice.handset.wideband that do not include
voice.handset.wideband.rxdg.adjust .wideband.
sip added voice.qualityMonitoring Thevoice.qualityMonitoring
section controls the Voice
Quality Monitoring feature.
sip added tcplpApp.keepalive.tcp.idleTransmitinterval Controls TCP keegdive on
tcplpApp.keepalive.tcp. SIP TL&onnections.
noResponseTrasmitinterval
teplpApp.keepalive.tcp.sip.tls.enable
sip added call.singleKeyPressConference Enables new conference
call.localConferenceCallHold behaviors.
sip added call.disableAutoResumeCentralConference For use with uaCSTA featul
for centralized
confrerencing.
sip added bg.hiRes.gray.pat.solid.x.name Sets up color (gragcale)
bg.hiRes.gray.pat.solid.x.red and graphical backgrounds
bg.hiRes.gray.pat.solid.x.green for IP 550, IP560 and IP 65!
bg.hiRes.gray.pat.solid.x.blue phones.
bg.hiRes.gray.bm.x.name
sip added feature .x.name Added new features nway

conference, caltecording
and corporatedirectory
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File Action Parameter Description

phonel added reg.x.bargelnEnabled Enables barge in feature fol
SCAs.

sip added dir.corp The dir.corp section

controls the Corporate
Directory feature.

sip added usb.setl.device.1.vendor Identifies supported USB
usb.setl.device.1.product devices. This list should be
populated only with devices
that are known to work
with the phones. See
Technical Bulletin 38084 fol
details.

Understanding Updates to SIP2.2.2

Thissection lists additions and changes, removals, enhancements, and configuration file parameter
changes to SIP 2.2.2 beside their respective Polycom tracking identification number.

New or Enhanced Features
35534 Decouple Presence Signaling from Idle Scr@eftkey Ul

36931 Add support fo SoundPoint IP 560 product.

37053 Add ability to make local contact dittory readonly from the phone.

38328 Add check for local contact directory changes during configuration change checks
38357 Add ability to adjusthe maximum brightness of the SoundPoint IP 550 and 650 phones.
38371 Allow for TCP keeglive on SIP signaling TLS connections

38654 Addsupport for SoundPoint IP 320 Part Number 232200005 and SoundPoint IP 330 Part
Number 234512200004 for China rarket.

38888 Add ability to adjust the maximum brightness of SoundPoint IP Backlit Expansion Modules

Discontinued Features

38813 Remove 1000 half duplex as a valid ethernet configuration.

Enhanced Capabilities
34800 MWI Notify: Message Waiting Counts ageored if Message®/aiting is set to no
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35692

36566
36786

Functionality breaks down on pressimgnference>>cancel soft keys after trangigris
rejected. Phone reboots.

Microbrowser: Left arrow when on first field in a form makes cursor turn invisible

Changing audio modes (e.g. handsfree to handset) during calps@iode may not work
correctly in some circumstances.

37284/37661 During a Blind Transfer the phone should terminate the call on receipt of a 180 Ringing

37313
37316
37334
37709

38112
38344

38430

38435

38666

38678

Response.

RTP packet size incect whenSRTRwthentication turned off
Authentication failing when phones have different payload.size
Disabling CDffom the phonemenucausesan unnecessargeboot.

SoundPoint IP 330/320 phones using the idle mimmwvser may rebocot after several days due
to low memory.

Logging message indicates that default cert bundle in use when custom only has been selected.

If URLEdialing is disabled in the configuration file, the phone shblusnber@ ServerlP for caller
ID(This issue occurs on SIP 2.2.0 and SIP 2.2.1 releases only).

In a BLA configuration attempting to make a call on a remotely busy shared line may cause the
phone to reboot instead of displaying Service Unavailable. Occurs on SoundPoint IP 330/320,
430, 550, 650 phones.

When the phone's local directory is writable, unable to add a new comastlecting new
entry on SoundPoint IP 330/320 phones

If a call is initiated in hanesee mode and the Ringback Tone is server generated thenfdr
user may experience echo when they answer the call. If the originating phone is switched to
handset mode and back to hanftee mode the echo goes away. Occurs on SoundPoint IP
330/320, 430, 550, 650 phones.

In a particular network configuratiowhen using BLA the bridged line indication does not light
up properly due to a missing NOTIFY from the phone.

Configuration File Enhancements

Refer toTable 26 Software Version 2.2@QConfiguration File Parameter Enhancemdotsa list of
enhancements made tthe SIP version 2.2.2 configuration file parameters.

Table 26 Software Version 2.2.2 Configuration File Parameter Enhancements

File

Action  Parameter Desciption

sip

added  tcplpApp.keepalive.tcp. Sets the interval of the TCP keafive
idleTransmitinterval packets.

134



Polycom® UC Software 3.3.3 Release Notes

File Action Parameter Desciption
sip added  tcplpApp.keepalive.tcp.noResponse Set the retransmission interval when the
Tra nsmitinterval server fails to acknowledge the Tkéep-
alive.
sip added  tcplpApp.keepalive.tcp.sip.tls.enable Enables sending a TCP ke#pe packet

from the phone to the server. The serve
is expected to respond with a TCP keep
alive ack. This is only used with TLS
sessions.

sip added  dir.local.reado nly When set to 1, the contact directory
cannot be changed and [MACADDRES!
directory.xml is not uploaded.

sip added  pres.idleSoftKeys If set to Q appearancef presence idle
soft keyssdisabled

Understanding Updates to SIP2.2.1 (Limited
Distribution)

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes to SIP 2.2.1 beside their respective Polycom tracking identification number.

New or Enhanced Features

38371 When SIP er TLS is configured the phone will send TCP Kdiep messages to the SIP server
every 30 seconds, and will retry 3 timigs 20 secondsdefore resetting (RST) the connection if
no response is received

Enhanced Capabilities

36557 When SRTP is enablexdaso loggindevelis set tol, the RTCP sender report disptsgncrypted
values in the log file.

37651 RTP Timestamp not updated correctly for silence packets

37690 Phone does not retry ACK when receiving duplicate 200 OK

37708 Phones faiSIP TLS registration when SNTP senretisonfigured
37851 SRTP phone doesn't include Crypto Suite in Group Pickup signaling

37873 Crypto line in answer does not have correct tag field
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37878 Multiple crypto suites not handled when there iseaINVITE

37879 SRTCPpackets have invalid authentication tags.

37968 Phone with multiple lines using TLS notegistering on loss of connection
38110 Far enchears noisavhenan SRTP cabl taken off holdwith some SIP servers.
38249 SRTHfktime vdue camot be parseal correctly by the called party

38384 During a local SRTP conference, a far end holding then resuming may resufwayaadio or
noise with some SIP servers

Configuration File Enhancements

Refer toTable Z: Software Version 2.2 4 Confguration File Parameter Enhancemefds a list of
enhancements made tthe SIF2.2.1 configuration file parameters.

Table Z: Software Version 2.2.& Confguration File Parameter Enhancements

File  Action Parameter Description

sip  added sec.srtp.offer HMAC_SHA1_80 If set to 1 or Null, a crypto line with the
AES_CM_128 HMAC_SHA1 80 crgpite will be
included in offered SDP.

If set to 0, the crypto line isot included.

sip  added sec.srtp.offer HMAC_SHA1_32 If set to 1, a crypto line with the
AES_CM_128 HMAC_SHA1_32 crgpite will be
included in offered SDP.

If set to 0 or Null, the crypto line is not included.

Understanding Updates to SIP2.2.0

Thissection lists additions and changes, removals, enhancements, and configuration file parameter
changes to SIP 2.2.0 beside their respective Polycom tracking identification number.

New or Enhanced Features

22532 When there has been no activity in a menu doconfigurable period of time, the phone returns
to the idle display. This does not happen if the user is entering data using a menu.

25274 Added sending vendor idéfier information through DHCP.

25702 Added microbrowser support for accepting and dispiigya URL that points directly to a BMP
image (previously it was necessary to embed BMP images in an XHTML document).

27040 Added new configurableng-while-busy options
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28747

29030
29854
31558
31840
32259
32648
33616
33748
34131
34434

34573
34625
34651
34685
34705
34707

34874

34998
35039
35040

35043
35087

35099
35199
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Added microbrowser support fawo-dimensional table navigation using all farow keys

Added ageneralflash file systentaching mechanismso thatdownloaded resourcesan be
stored in nonvolatile memory.

Added automatic provisioning support for individual image files

Added support fotracking of missed calto be configurable on a peline basis

Added synchronization ddécal DND/CF features with servasised DND/CF features

Set transfer timeout for image file download to worst case scenario

Added nicrobrowsersupport for recognizingnime types

Reformated call list entries

Added onfiguration option for default transfer type for SoundPoint IP 320 and 330 phones.

Improved resistance to denial of serviatacksk A YSR | i LIK2ySQa ¢6S06 &aSNBSI
Change URL dialing terminology from Name to URL

Implemented 300Hz high pass transmit filter to reduce low frequency noise (noise creates
problems in some network line echo cancel)eighis can be enabled or disabled.

Added support for reestablishing aTLSonnection if the connection closes.

Added ability to discover provisioning server address using DHCPINFORM

Added phone seriahumber(MAC address) to usexgent string HTTP Gets

Rename Servicesnenu entry toApplications

Added support in microbrowser foofm functionality when embedied in tbody or out of tbody.

Added lowdelay handset acoustic echo canceller for SoundPoint IP 320, 330, 430, 550 and 650
phones. This can be enabled or disabled.

If all DNS seers are found to be unreachable, the phone suppresses DNS queries for 5 minutes
(as perRFC 2308 Sec 7.1)

Increasel maximum mmber ofregistrations orSoundPointP650phonesto 34.
Pressing Ex#oft key when using the microbrowssiould return user to telephony application

Added configurable timeout paraner to allow microbrowseto return to telephony
applicationafter a period of inactivity in the microbrowser.

Added onfigurable option to displagr hidebrowser status messag@s microbrowser.

Changed boocup behaviour so that idle browser only starts about 2 minutes after the phone
has booted up (this is to optimize memory use)

Added support for TLSdnsport to Syslog

Improved somdranslations ilNorwegian XMUdictionary file.
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35285 Add check for user part @hecksync
35296 Added support for managing TLS custom dérates via the configrationfile system

35311 Added support for specifying different versions of the applicaérecutable and configuration
files in the €thernet address.cfg file on the boot server.

35372 Pressing thé&xitfunctionkey onthe SoundStation IP 4000 phone when usingrttierobrowser
should return user to telephony application.

35373 Changed appearee of ft keys when running microbrowseb that theylook the same as
when running the telephony apipation.

35419 Added user interface for configuring renswer and busy forwarding behavior.
35481 Added supportfor Backlit Expansion Module.

35507 Adding configuration parameter to control the timeout back to the idle display after a period of
inactivity in a menu.

36030 Implementd Ethernetingress iftering for DoS suppression and VLAN filtering
36277 Added ability tadelete thecontactnumberenteredin the Forward menu.

36531 Updated all translation dictionary files temame Servicesienu entry toApplications

Discontinued Features
36079 Remove support for the SoundPoint B90and500phones.

Enhanced Capabilities
24021 Call dsplay gets corrupted in {&ialedcallif caller presses a digit then puts call on hold.

25744 Space go missing in text in microbrowser occasionally.

26110 Volume level cannot be changedandio diagnostics mode.

26231 ACD login failure shoulthuse bug tone to be played.

26389 Forward contactvhich has been disablad notdisplayedafter a reboot.

26935 ACD icon not suppressédeature is disabled in sip.cfg but activated in phonel.cfg.
27105 The idle browser occasionathsplays when the menu ieing updated.

27958 Phone hears busy torfer 2 seconds after far end hangs up and another call is already in the
incoming state and has triggered the call waiting alert.

28419 Divertsettingsfor lines 7 tol2 are not used.

28503 When in the held state, shared line hears ring tone instead of call waiting tone whanther
call comes in

28570 Stuttered dial tongindicating voice mail waitingjoes not work on shared line
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28681
29014
29358

29470
29573
29966
30880
30902

31019

31326

31886

31994
32179
32816

32476

33105
33748
33931
34089

34196
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SomeUNICODE ranges are not properly mapped.
Forward is not removed &m menu when function disabled
Cannot edit thdocaldirectoryon the phoneif the file is corrupt on the server.

Phonemay malfunction/reboot if the specified DNS server is down and an insilicP address
is configured.

Cursorisin wrong positionwhen performing a factory reset on the SoundPoint IP 301 phone.
Phonemay freezdf a DNS server address is all zeroes.

Phone may reboaif incorrectinformation is entered in the menu for custom CA certificate.
Phonemay malfunction/reboot when editing a server address which is 255 characters long.

Auto reject or divert settings changed in a contact afteteging contact drectory bypressng
and holding a speed dial line kage not correctly displayed when neptessing and holding that
speed dial line key.

There is no confirmation pepp message after choosing tesetthe local security key

Transferring a call to windows messenger or office communicator may leave the phone in a
frozen state.

Remoteresume does not work on BLA line when call between two other phones sharing the
same line has been put on hold.

Trying to delete a null unicode character in the contact list causes the phdaekiap/reboot.
WhenSASVP provisionings used, the boot server password is visibléhe applicationlogfile.

Phonemay lockup on subsequent call if using NTLM and received transfer Eaom-NTLM
phone

IP601 does not work correctly when Presence feature is enabled with \W@$ wehout using
Roaming Buddies

Hold does not work if selected just before a Conference is completed
Web server has vulnerability to DOS attacks.
Not all keys on phone can be remapped to Null

SoundPoint IP 430 phorkeeps reboting if a function key is remapped to null in the
configuration files.

Phone keeps rebooting when SIP server address is not a fully qualified domain name and
primary DNServer replies to queries with ICMP desttion unreachable packets (due to service
being turned off) and secondary DNS server is not configaitdNAPTR and SRV entries for
the SIP server
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34237

34258

34271

34460

34578
34636

34641

34649

34891
35320

35480

35490
35879
36031

36107
36477
36775
36882

36905
36948

36967

Default directory filg00000000000&lirectory.xml)is notdownloaded bythe phonewhen the
<Ethernetaddress>directory.xml file does not exist on the boot server.

Log file is deletedvhen it reaches the configured size limit even though
log.render file.upload.append.limitMode is set to stop.

SoundPointP430'550/650phones mayeboot whenmicrobrowser XHTML page contains
combined FORM and TABLE elements

Local drectoryfile larger than 10kB is downloaded by phone once but on subsequent reboots
the phone freezes.

Phonesmay lockup when downloading a directory file which containsesnpty contact field.

Call on alsared linemaylose audiovhencancellingatransfer afterthe farend hasalready
cancelleda transfer orconference

Emergency Call Routing does not work correctly if meltifumbers are configured in a single
entry in theconfiguration file e.gdialplen.1.routing.emergency.l.value=99911

First call after a reboot may demonstrateeway audioif phoneshave different codec
preferencesandvolpProt.SDP.answer.uselLocalPreferences parameter is defdalt.

SoundStationP4000 loudness does not decrease for bottom six volume settings

If two function keys are remapped to dial specific speed dial numbers, only the first one will
work.

SoundPoint IP 320 and 330 phones allow watchinlg 7 buddies instead of 8 and may lagk
when an 8 watched buddy is added.

SoundPoint IP 320 and 330 phones do not disBlagvP failure messageduring bootup.
Nonce ounter not incremented in PRACK.

If a fhoneis configured to us TLS for the™line and TCP for the®Lthe 2 line does not
register.

SoundStation IP 4000 phodeops mainum size packets henVLANSs enabled
Configuring the nasignal@rt parameter maycausethe phoneto lock-up.
Route Setsusceptible to change midialog in certain situations.

Selecting a speedaly dzY 6 SNJ dzaAy 3 GKS Wyyl Q 1Sé& aSljdzsSyoSs
and 330 phones when the phone is unregistered or is using URL dialing mode.

CDP packet alwaysivertises LAN duplex mode as Duplex:. Full

On SoundPoint IP 320 and 330 phones, if the Dial and Menu keys are pressed at the same time
after entering digits from the idle display, incorrect soft keys are displayed.

If the phone receives an INME with SDP which contaivisleo information it returns a
malformed response.
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37086 Phone ignores expiratiotiate of CA certificate if SNTP is only set via DHCP

37632 Out of order SCA signaling can lead to improper handling of Shared Lines in soti@nsitua

37646 DNS SRV querying aftereord cache makes registration fail.

Configuration File Enhancements

Refer toTable B: Software Version 2.2€§Configuration File Parameter Enhancemdotsa list of

enhancements made tthe SIP2.2.0 configuration file parameters.

Table B: Software Version 2.2.Q Configuration File Parameter Enhancements

File Action Parameter Description

sip added volpProt.SIP.csta Not currently used,
will be used in a
future release.

sip added volpProt.SIP.serverFeatureControl.dnd Seel RYAYAal
Guidefor SIP 2.2.0
for details

sip added volpProt.SIP.serverFeatureControl.cf Seel RYAYAal
Guidefor SIP 2.2.0
for details

sip added up.toneControl.bass Not currently used,

: c reb will be used in a

sip added up.toneControl.treble future release.

sip added up.audioSetup.auxinput

sip added up.audioSetup.auxOutput

sip added up.idleTimeout Seel RYAYyAal
Guidefor SIP 2.2.0
for details

sip added se.pat.ringer.12.inst.5.type=branch

se.pat.ringer.12.inst.5.value= -4

sip added voice.txPacketFilter Seel RYAYyAal
Guidefor SIP 2.2.0
for details

S|p added voice.codecPref.IP_7000 XXX Not Currenﬂy used,

will be used in a
future release.
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File Action Parameter Description
sip added voice.audioProfile.Lin16.frequency Not currently used,
voice.audioProfile.G7221 XXX will be used in a
voice.audioProfile.G7221C XXX future release.
voice.audioProfile.Siren14 XXX
voice.audioProfile.Siren22 XXX
sip added Several gain and other voice parameters have The entire gain
been added. section in sip.cfg
must be updated
Failure to do this
will affect the audio
performance of the
phone.
sip added voice.rxEg.hf.IP_7000 XXX Not currenty used,
voice.txEq.hf.IP_7000 will be used in a
future release.
sip added call.dialtoneTimeOut Seel RYAYyAal
Guidefor SIP 2.2.0
for details
sip added call.disableAutoResumeCentralConference Not currently used,
: L sinaloKevPressCont will be used in a
sip added call.singleKeyPressConference future release.
sip added call.transfer.blindPreferred Seel RY A Y A&l
Guidefor SIP 2.2.0
for details
sip added call.cellPhoneAutoBridging Not currently used,
: o > 7000 will be used in a
Sip added ftmap.IP_ 20X future release.
sip added log.level.change.srtp Seel RYAYAal
Guidefor SIP 2.2.0
for details
sip added log.level.change.clink Not currently used,

log.level.change.pnetm
log.level.change.peer

will be used in a
future release.
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File

Action

Parameter

Description

sip

added

sec.srtp.enable

sec.srtp.leg.enable

sec.srtp.offer

sec.srtp.require

sec.srtp.key.lifetime

sec.srtp.mki.enabled
sec.srtp.sessionParams.noAuth.offer
sec.srtp.sessionParams.noAuth.require
sec.srtp.sessionParams.noEncrypRTP.offer
sec.srtp.sessionParams.noEncrypRTP.require
sec.srtp.sessionParams.noEncrypRTCP.offer
sec.srtp.sessionParams.noEncrypRTCP.require
sec.srtp.sessionParams.leg.noAuth.offer
sec.srtp.sessionParams.leg.noAuth.require
sec.srtp.sessionParams.leg.noEncrypRTP.offer
sec.srtp.sessionParams.leg.noEncrypRTP.requ

sec.srtp.sessionParams.leg.noEncrypRTCP.offer
sec.srtp.sessionParams.leg.noEncrypRTCP.require

sec.srtp.sessionParams.IP_4000.noAuth.offer

sec.srtp.sessionParams.|P_4000.noAuth.require
sec.srtp.sessionParams.|P_4000.noEncrypRTP.offer

ire

sec.srtp.sessionPar ams.IP_4000.noEncrypRTP.require

sip

added

license.polling.time

sip

added

feature.16.name
feature.16.enabled

sip

added

mb.main.idleTimeout

sip

added

mb.main.statusbar

sip

added

pnet.role

sip

changed

tone.chord.ringer.46.offDur= 200 to O
tone.chord.ringer.46.repeat=2 to 1

sip

changed

se.pat.ringer.12.inst.1.type=silence to chord
se.pat.ringer.12.inst.1.value=100 to 46
se.pat.ringer.12.inst.2.type=chord to silence
se.pat.ringer.12.inst.2.value=46 to 200
se.pat.ringer.12.inst.3.type=silence to chord
se.pat.ringer.12.inst.3.value=2000 to 46
se.pat.ringer.12.inst.4.type=branch to silence

se.pat.ringer.12.inst.4.value= - 2 to 2000

Note: also added
se.pat.ringer.12.inst.
5.type=branch and
se.pat.ringer.12.inst.
5value=4
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File Action Parameter Description
sip changed voice.audioProfile.G722.jitterBufferShrink=500 to Audio performance
1500 tuning.
voice.audioProfile.G722 jitterBufferMax=160 to 200
sip changed Several gain and other voice parameters have been The entire gain
changed. section in sipcfg
must be updated
Failure to do this
will affect the audio
performance of the
phone.
sip changed Vvoice.rx Eq.hd.IP_650.preFilter.enable=1 to 0 Audio performance
voice.txEq.hs.IP_650.preFilter.enable= 1to0 tuning.
voice.txE  q.hd.IP_650.preFilter.enable=1 to 0
voice.tx  Eq.hf.IP_650.preFilter.enable=1 to 0
sip changed voice.handset.txag.adjust.IP_430=24 to9 Audio performance
voice.handset.sidetone.adjust.IP_430= -13 to0 tuning.
sip changed Multiple parameters in the ind.anim.xxx, The entire indicator
ind.class.xxx and ind.gi.xxx sections. section in sip.cfg
must be updated
Failure to do this
will affect the
appearance of the
display.
sip changed res.finder.minFree =1200 to 600
sip removed ind.anim.xxx parameters from CTX_CUSTOML1 to These parameters
CTX_CUSTOMS8 and CTX_UNASSIGNED for all platforms were not used.
sip removed usb.enable These parameters

usb.bulkDrive.enable
usb.bulkDrive.name

were not used.

phonel added

reg.x .csta

Not currently used,
will be used in a
future release.

phonel added

reg.x.serverFeatureControl.dnd
reg.x.serverFeatureControl.cf

Seel RYAYAal
Guidefor SIP 2.2.0
for details
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File Action Parameter Description

phonel added call.missedCallTracking.x.enabled Seel RYAYyAal
Guidefor SIP 2.2.0
for details

phonel added call.callWaiting.ring Seel RYAYyAal
Guidefor SIP 2.2.0
for details

000000 added LICENSE_DIRECTORY Seel RYAYyAal

000000 Guidefor SIP 2.2.0
for details

000000 added APP_FILE_PATH_SPIP300=sip_212.ld These are samples

000000 CONFIG_FILES_SPIP300=phonel_212.cfg, sip_212.cfg of the new fields

which can specify
application images
and configuration
files for specific
hardware platforms,
in this case the
SoundPoint IP 300.
Seel RYAYyAal
Guidefor SIP 2.2.0

for detaild
000000 added APP_HALE_PATH_SPIP500=sip_212.Id These are samples
000000 CONFIG_FILES_SPIP500=phonel_212.cfg, sip_212.cfg of the new fields

which can specify
application images
and configuration
files for specific
hardware platforms,
in this case the
SoundPoint IP 500.
Seel RYAYyAal
Guidefor SIP 2.2.0
for details

Understanding Updates to SIP2.1.2

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes to SIP 2.1.2 beside their respective Polycom traickangfication number.
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New or Enhanced Features

35361

35969

36538

36647

36681

Added ability for parameters in <Ethernet address>.cfg to be overridden by raydaatform-
specific versions

Changed behavior of the select button or right arrow button in call lists and codigectory m
SoundPoint IP 320 and 330 to give contact information instead of acting the same as the dial
key.

Added configurable failover behavior for authentication signaling to specify that the phone first
retries a SIP transaction with the ger that has just sent a 401 or 407 resporidses new
parametersvolpProt.SIP.authOptimizedInFailover and/or

reg.x.auth.optimizedinFailover

Added configurable option allowing message waiting indicator to be displayed although
voicemail cannot be aessedUses new parametarp.mwiVisible

Added logging of version information for configurationdile

Enhanced Capabilities

34899

35873
35914
35961

35974

35979

36011

36044
36053

36072

36074

Phone may continuously reboot if a configuration change is made then power is disconnected
and the provisioning servés unavailable

Registration gpiry period is limited to 65535 seconds
Scheduled logging stops afté® days.

Cannot use call/group/directed pickup on SoundPoint IP 320 and 330 pldrile a call is
incoming or the phone is off hook

SoundPoint IP 320 and 330 phones do not show status for watched contacts until after the next
reboot.

SoundPoint IP 320 and 330 phomeboot while trying to use call pickup on a remote hold BLA
call

After changing termination while inlacal conference, the first time the volume is adjusted the
volume slider shows minimum

Downloadable character sets are not working correittlgertain scenarios.

OnSoundPoint IP 320 and 330 phonAdd and Delete soft keys should not ba#able in
buddy list if roaming buddy feature is disabled

OnSoundPoint IP 320 and 330 phoniee digit map is not applied to numbers selected from a
call list when in the dialone state

OnSoundPoint IP 320 and 330 phonixe digit map $ not correctly applied when using hot
dialing from the second line key.

146



Polycom® UC Software 3.3.3 Release Notes

36225 Phone may reboot if several voicemail NOTIFY messages are received from the server in a short
interval

36233 Specially crafted Via: header in an INVITE candpdke phone

36504 A call is dropped if a blind transfer to an invalid numiseattempted.

36581 SoundPoint IP 320 and 330 phomesnot send #nn codes

36753 One phone drops the call when 2nd party attempts another blind trartefan invalid number.

36877 All microbrowser text, regardless of which tag is used (except for href), isrdiBoundPoint IP
550 and 650 phones.

Configuration File Enhancements

Refer toTable ®: Software Version 2.12Configuration File Parameter Enhancemeotsa list of
enhancements made tthe SIP2.1.2 configuration file parameters.

Table ®: Software Version 2.1.2 Configuration File Parameter Enhancements

File Action Parameter Desciption
sip added volpProt.SIP.authOptimized This parameter controls failover
InFailover behavior during authentication
signaling.

0 = default behavior which obeys the
RFC

1 = optimization enabled, phone first
retries a SIP transaction with the
serverthat has just sent a 401 or 407
response

sip added up.mwiVisible 0 = same behavior as SIP 2.1.1, this
the default behavior

1 = ifmsg.mwi.x.callBackMode
parameter is set to disabled, messag
waiting indicator is displayed but
voicemail cannot be acce=d

sip changed Changed file header from This is required to support the new
$Revision: $ $Date: $t0 feature 36681 described above.
$RCSfile: sip.cfg,v $ $Revision:
$
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File Action Parameter Desciption
phonel added reg.x.auth.optimizedinFailover If this parameter is set, it overrides
the global

volpProt.SIP.authOptimizedin
Failover  parameter.

X is the registration index.

See the description for
volpProt.SIP.authOptimizedin

Failover
phonel  changed Changed file header from This is required to support the new
$Revision: $ $Date: $ to feature 36681 described above.
$RCSfile: phonel.cfg,v $
$Revision: $
0000000 changed Changed file header from This is required to support theew
00000 $Revision: $ $Date: $ to feature 36681 described above.
$RCSfile: 000000000000.cfg,v $
$Revision: $
0000000 changed Changed file header from This is required to support the new
000006 $Revision: $ $Date: $ to feature 36681 described above.

$RCSfile: 000000000000 -

directory directory~.xml,v $ $Revision: $

~.xml

Understanding Updatesto SIP2.1.1 C

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes to SIP 2.1.1 C beside their respective Polycom tracking identification number.

New or Enhanced Features
32146 Added support for SoundPoint IP 330.

33391 Added support for SoundPoint IP 320.
35415 Added translations for new phrases needed for SoundPoint IP 320 and 330 phones.

Enhanced Capabilities
35913 SoundPointP430, 550, 650 phones may reboot while in awadler certainnetwork conditions.

Understanding Updates to SIP2.1.1

This section lists additions and changes, removals, enhancements, and configuration file parameter
changes to SIP 2.1.1 beside their respective Polycom tracking identification number.
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New or Enhanced Features
33263 Added support for G.729 Annex B SHijhalingoer RFC 3555

Note: New parametevoice.vad.signalAnnexB has been added to support this
35268 Added support for 16 levels of gray on the LCD of SoundPoint IP 550 and 650. phones

35643 Added support for new SoundPoint IP 320 and 330 phones in the configuration files to allow
easier addition of these phones in a future software release

Enhanced Capabilities

The following issues have been resolved with this release:
32273 Failure of all park action results in a dropped call.
32609 Heavy call volume may cause phone to reject calls due to resource depletion.

33390/35392/35482 Voice activity detection (VAD) comfort noise generation (CNG) packets can be
discarded by the jitter buffer dnterpreted as outof-order packets which may result in delayed
receive audio when the G.729B codec is in use.

33586 The To URI is used in a referheader instead of the contact URI
Note: New parametevolpProt.SIP.useContactinReferTo has been added tsip.cfgto
control the source of the URI used in the refertheader.

33647 The phone may reboot because it detects a suspended task even though that task may have
been suspended intentionally.

33967 An error message is logged if a daylight savings tirBd Y[Btart or stop time of 0 (12am) is
selected (although the selection is correctly used).

34325 Microbrowser display is closed when shared line is opened on other phone
34431 When changing the configuration of a phone via the web interface, the phondatlawp.

34443 A remoteon-hold call on a line is not picked up by the first press of the line key with some SIP
servers.

34508 In a G.729 call, SoundPoint IP 50X and 60X phones may reboot with a DSP assertion failure. This
problem is more likely in confence calls and can be reliably reproduced within 20 minutes of
the call start.

34723 RTCP transmission interval is not consistent with industry norms.
34772 The value of the DLSR field in RTCP sent by the phone can be wrong by up to about one second.
34827 There are two places to configure the microbrowser from the phone web server

34882 The configuration page on the phone web server has two Event 2 entries in the Global Log Level
Limit dropdown list.
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34906 NOTIFY requéesvithout dialog content@n 'empt’ NOTIFY request, such as you would get with
a subscription renewal when the line is idle) does not extinguisi®LUEBs a result of previous
active dialogs

35049 DSP load graph on SoundPoint IP 550 shows slightly incorrect value.
35228 Phone may havene-way audio when SDP is received with ¢ line below m line.

35293 Soft keys have some missing pixels on the SoundPoint IP 430 when the microbrowser is
accessed.

35308 A known problem in the SoundPoint IP 430 processor may cause the phone to rebooD@8Eh a
assertion failure instead of restarting the affected driver.

35477 When handset AEC is enabled on SoundPoint IP 50X and 60X phones, echo may occur on
speaker phone when switching between handset and speaker phone.

35533 ¢ KS LIK2ySQa sthedSHstaNING stidp dafsagMonday by default instead of
Sunday.

35537 A saturated transmit signal may cause SoundPoint IP 430 phone to reboot
35573 After selecting the Russian language and accessing the microbrowser, the phone may freeze.

36012 Confeence host may indicate phone is muted but audio is heard by far end after one leg ends
call.

Configuration File Enhancements

Refer toTable 30 Software Version 2.14 Configuration File Parameter Enhancemdotsa list of
enhancements made tthe SIP2.1.1 configuration file parameters.

Table 30 Software Version 2.1.% Configuration File Parameter Enhancements

File  Action Parameter Description

sip  added volpProt.SIP.useContactinReferTo 0 = default behavior which is the samt
as previous behavior, use URI from
AYAGALE OFffQa ¢2
to header
M ' dzaS ! wL FNRY
KSIF RSNJ Ay -toBe@derw Q&
when setting up a trarfer
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File

Action

Parameter

Description

sip

added

voice.gain.rx.analog.chassis.IP_330
voice.gain.rx.analog.ringer.IP_330
voice.gain.rx.digital.chassis.IP_330
voice.gain.rx.digital.ringer.IP_330
voice.gain.tx.analog.chassis.IP_330
voice.gain.tx.digital.chassis.IP_330
voice.rxgq.hs.IP_330.pre
voice.rxgq.hs.IP_330.postFilter.enable
voice.rxeq.hd.IP_330.preFilter.enable
voice.rxgeq.hd.IP_330.postFilter.enable
voice.rxgq.hf.IP_330.preFilter.enable
voice.rxgq.hf.IP_330.postFilter.enable
voice.txEq.hs.IP_330.preFilter.enable
voice.txEq.hs.IP_330.postFilter.enable
voice.txEq.hd.IP_330.preFilter.enable
voice.txEq.hd.IP_330.postFilter.enable
voice.txEq.hf.IP_330.preFilter.enable
voice.txEq.hf.IP_330.postFilter.enable

Filter.enable

New parameters to support
SoundPoint IP 320 and 330 platforms
which will be supported in a future
software release. Do not change thes:
values.

sip

added

voice.vad.signalAnnexB

A new line can be added to SDP
depending on the setting of this
parameter and thevoice.vadEnable
parameter.

Default behavior is the same as
voice.vad.signalAnnexB = O:

No change to the SDP
voice.vad.signalAnnexB =1

If voice.vadEnable=1 , add attribute
line a=fmtp:18 annexb=yes
0St2¢ T NILYIFLX |
Ymy Q O2dZ R 6S NBL
payload)

If voice.vadEnable=0 , add attribute
line a=fmtp:18 annexb=no below
FPNILIYE LIX | ddNR oG d:
could be replaced by another payload
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File  Action Parameter Description

sip  added voice.handset.rxag.adjust.IP_330 New parameters to support
voice.handset.txag.adjust.IP_330 SoundPoint IP 320 and 330 platforms
voice.handset.sidetone.adjust.IP_330 which will be supported in a future
voice.headset.rxag.adjust.IP_330 software release. Do not change thes:
voice.headset.txag.adjust.IP_330 values.

voice.headset.sidetone.adjust.IP_330
dir.search.field
font.IP_330.1.name

bitmap.IP_330.1.name
to bitmap.IP_330.66.name

ind.idleDisplay.mode
ind.anim.IP_330.38.frame.1.bitmap
ind.anim.IP_330.38.frame.1.duration

ind.gi.IP_330. l.index to
ind.gi.IP_330.10.index

ind.gi.IP_330.1.class to
ind.gi.IP_330.10.class
ind. gi.IP_330.1.physX to
ind.gi.IP_330.10.physX
ind.gi.IP_330.1.physY to
ind.gi.IP_330.10.physY
ind.gi.IP_330.1.physW to
ind.gi.IP_330.10.physW
ind.gi.IP_330.1.physH to
ind.gi.IP_330.10.physH

Understanding Updates to SIP2.1.0

This section lists additions and changes, remoeslsancements, and configuration file parameter
changes to SIP 2.1.0 beside their respective Polycom tracking identification number.

New or Enhanced Features

5844 Enhancedupport forserver falback configurations.

7275 Microbrowser should autmavigate b first selectable item.

7444 Added table support to microbrowser.

8452 Added microbrowser support to the SoundStation IP 4000.

9268 Added unigue prompt for billing code entry

9649 Enhancd '+ global prefix character for E.164 user parts in sip: .URIs
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11572 Added ability to strip or insert leading digits for outgoing calls

13497 Updated default daylight savings time rules

13818 Added ability to disable message waiting indication on a line by line. basis
13882 Added support for setting RTP streamsrtadtive when on hold

14485 Increasel maximum number of digit map segmerits30.

14733 Improved text entry efficiency in the microbrowser

14740 Improve visibility of cursor in text entry fieldsf microbrowser.

14759 Added microbrowser support tthe SaindPointlP 501 platform

14760 Added microbrowser support tthe SoundPoint IP 430latform.

14900 Changed lineseize subscription failure handling to be biased towards providing dial tone
15934 Added more lowend dynamic range to volume control

16110 Added support for SoundPoint IP 550 platform.

16515 Improved aresDnsLookup: time out on socket select log message

16527 Added a debugging command to display cached DNS NAPTR records
17124 Added support for SYSLOG reporting of system status and .errors

18434 Changed call timer clock display to have no leading colon

18966 Added support for adding phone serial numbEthernetaddres$ to user agent string in HTTP
D9¢ Q& dzaSR 0& YAONRBONRGASNE YR Y2RAFTASR T2NXI
process and used by microbrowser

19111 Added TCPOnly as a transport option

19425 Added microbrowser support for form input elements with checked = true attribute

19443 Added microbrowser support for forms within tables

19572 Added configurablsticky Ine seize behavior only for émok dialing

Enhanced Capabilities

The following issues have been resolved with this release:
7301 Phone doesn't ring if one line has Dot Disturb enabled

16354 Inconsistent error message given when attempting to makalbon an unregistered line using
different methods whertall.enableOnNotRegistered Aa asa 42 wnQo

16477 When phone is configured for NAPTR transport but server does not contain NAPTR atte: SRV
phone may do SRV lookups for A records or A lookups for SRV records

16899 Phone can send a malformed target URI in some NOTIFY messages in certain scenario.
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17179

17318
17422
17614
17868

17911
17918
17920
18078

18147

18198

18297
18333
18393
18501

18688

18772

18773

18785

18985
19113
19124

Transfer may fail in some scenarios if the Transfer soft key is pressed before the padgnd
answers.

Phone does not updatpresencestatus (e.gto offline) when reboot initiated
When using a bridged line, if a call is transferred to an invalid number it cannot be retrieved.
{SGGAY3T ovStatudkheoyyB IMyStataks not work properly

Boot server password is displayed in Configuration menu if boot server is specified as a full URL
including user name and password.

Per-registration DND does not work on SoundPoint IP 430.
call.enableOnNotRegistergiirameter is notvorking orrectly.
Incorrect icon displayed for offline status when using peepeer presence

When using an LCS server, contacts cannot be added on the phone when the cadritact lis
empty.

Expansion modules may diaplsolid background if SoundPoint IP 601 or 650 has maximum
number of registrations configured and maximum number of roaming buddies enabled.

Value of reg.x.callsPerLineKey parameter is not taken into account when additional calls are
placed using hio(static) dialing.

VAD/CNG Rx synthesis not workamgSoundPoint IP 650.
Received data oany socket resets timeout of abckets
DTMF levels 3dB lower than configured level when RFC 2833 disabled.

Incoming call is sent to wrorime in some scenarios when the phone has an active call and
reg.x.lineKeys > 1.

Value of reg.1.callsPerLineKey parameter is not taken into account when two lines are
configured and reg.2.callsPerLineKey is set to default and there is a call antmith lines.

SoundPoint IP 650 phone doest showW | &n{nation wken a wideband call is transferred to

it.

PFAGSNI I GNIYAFSNE || {2dzyRt 2Ay 0 Lt cpn LK2YS
call is no longer a widband call.

After receiving a transferred call which is not a withnd call, a SoundPoint IP 650 phone may
AYO2NNBOGfe RAALIXIFE (GKS WI5Q [YAYILFIOA2Yy®

The log render level for the sip module cannot be changed.
Phone sends incorrect authorization headesome hold scenarios.

Setting codec preferences using web interface does not work correctly for SoundPoint IP 650.
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19252

19292

19427

19524
19605

19664
19702
19754
19827
19875
19876

19883
35063
35068
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Phone does not send a final NOTIFY to initiator of transfer if the phone cancels the transfer
before it completes.

SoundPoint IP 650 phone may freeze after restarting after configuration changed using one of
the menus.

Phone can display Cache bounced error message when submitting forms from the
microbrowser.

Problems resuming a call which is on hold on a renhoi#gged line for a specific SIP server.

t K2yS YlIe@ O2yGAydzsS G2 aSYR LbxL¢9Qa AYy &LISOATA
SIP servers are not reachable.

Phone may reboot in some scenarios with log file showing a Null pointespecific task.

Receipt of a reransmitted invalid SIP ACK message may cause phone to reboot.

Do Not Disturb key cannot be remapped to Null.

Phone using Bridged Line Appearance can send corrupt message header in SUBSCRIBE message.
Phone should use NTP time to check validity of SSL server certificate.

Phone will lose some memory if microbrowser displays Cache bounced error message due to
unresponsive server.

Handset sidetone level is 3dB too hot on SoundPoint IP 430
Power levels reported via CDP for SoundPoint IP 650 are too low.

Power levels reported via CDP for SoundPoint IP 601 with EM Power option enabled are too
high.

Configuration File Enhancements

Refer toTable 31 Software Version 2.1§Configuration File Parameter Enhancemeifios a list of
enhancements made tthe SIP2.1.0 configuration file parameters.

Table 31 Software Version 2.1.Q Configuration File Parameter Enhancements

File Action Parameter Description
phonel added reg.x.server.y.lcs Refer toTechnical Bulletin 5844.
phonel added dialplan.x.applyToUserSend=1 Refer toTechnical Bulletin 11572
dialplan.x.applyToUserDial=1
dialplan.x.applyToCallListDial=0
dialplan.x.applyToDirectoryDial=0
phonel added reg.x.server.y.transport and Added TCPOnly as a possible value for

reg.x.outboundProxy.transport these existing parameters.
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File Action Parameter Description
phonel changed msg.mwi. x.callBackMode=disabled
to
msg.mwi.x.callBackMode=registrati
on (for x=2,3,4,5,6)
[changed for bug 13818]
sip added volpProt.server.1.Ics Refer toTechnical Bulletin 5844.
sip added volpProt.SIP.useSendonlyHold Can be set to 0 or 1. Null default is 0.
Default in sip.cfg is 1.
If set to 1, the phone will send a reinvite
with a stream mode attribute of sendonl
when a call is put on hold. This is the
same as the previous behavior.
If set to O, the phone will send a reinvite
with a stream mode attribute ohactive
when a call is put on hold.
Note:
The phone will ignore the value of this
parameter if set to 1 when the paramete
volpProt.SIP.useRFC2543hold
is also set to 1 (default is 0).
sip added dialplan.applyToUserSend=1 Refer toTechnical Bulletin 11572
dialplan.applyToUserDial=1
dialp lan.applyToCallListDial=0
dialplan.applyToDirectoryDial=0
sip changed dialplan.digitmap.timeOut=3 to Refer toTechnical Bulletin 11572
3|313|3|3|3
sip changed tcplpApp.sntp.d  aylightSavings. Changes to support new daylight saving
start.month=4to 3 time rules.
sip changed tcplpApp.sntp.daylightSavings.
start.date=1to 8
sip changed tcplpApp.sntp.daylightSavings.
stop.month=10 to 11
sip changed teplpApp.sntp.daylightSavings.
stop.dayOfWeek.lastinMonth=1 to 0
sip added call.stickyAutoLineSeize. Referto! RYA Y A ad NI 2N
onHookDialing Addendunrfor SIP 2.1
sip changed Vvoice.gain.rx.digital.chassis. Gain changes required toatch new

IP_650=-9t0 6
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File Action Parameter Description
sip changed Voice.gain.rx.digital.ringer. software load.
IP_650= -21t0 - 12
sip changed Voice.handset.sidetone.adjust.
IP_430= -12t0 -13
sip added volpProt.server.x.transport and Added TCPOnly agassible value for

volpProt.SIP.outboundProxy.
transport

these existing parameters.

157



Polycom® UC Software 3.3.3 Release Notes

Known Issues and Suggested
Workarounds

The following issues will be fixed in a subsequent release.

24805 Cannot answer an incoming call while directory is being saiedworkaroundis currently
available.

26615 Subnet mask forces all packets through gateway when not using DHCP and when using the
wrong subnet mask for the network class in use, for example using 192.168.X.X addresses with a
255.255.0.0 subnet mask

Workaround Use the correct subnet mask.

26920 Centralized conference fails due to RTP port being slow to open in some Hasasrkaround
is currently available.

27469 Local Conferencing on IP4000 phones is disabled if G.729 is in the Codec preference list
Workaround Disable G.729 as a Codeciopton the phone by setting
voice.codecPref.IP_4000.G729AB reéé

30086 Boot servers running explicit FTPS are not supported
Workaround Use implicit FTPS or HTTPS.

30371 Pattern generator for tones does not work well for the case of a single repeating.chord
Workaround 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.

33445 LCS Presence and dialing from Buddy Lists dot work across Federations.

Workaround To dial contacts across federations program a speed dial with the SIP URI of the
contact. Theras no workaround for watching Federated Budidgtus from the phone.

33593 Shared line does not show remote active for the second incoming callsiPerLineKey
parameter is setto 1
Workaround SetcallsPerLineKey parameter to a value greater than 1.

37175 If configuration files are used to set the SNTP server address, date validity checking on CA
certificates will be ignored for https provisiogin

Workaround Set the SNTP server address through the Phone Ul or use DHCP to inform the
phone of the SNTP server addses

37273 If the Custom Idle Display and Idle Browser features are both enabled the phone Ul displays
incorrectly.
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Workaround Do not gt ind.idleDisplay.enabled remé FyR Syrowsdr&tthél KS AR
same time.

37437 When SRTP is used with both Authentication and Encryption enabled on SoundP6iht 3013
600 and 601 platformand threeway conferencing is enablethe phone will reoot when a
local conference is attempted.

Workaround Disable local conferencing by settiseg.srtp.leg.allowLocalConf ="0"or
disable SRTP Authentication.

37984 Enabling the Idle binap on SoundPnot IP330/320 phones causes thied key labels and dialed
digits to be invisible
Workaround Do not use the idle bitnap on 330/320 phoned-or exampleset
ind.idleDisplay.enabled rené F2NJ oonkowun LIK2ySa

39001 Difficulties with phone operation due to memory limitations may be experienced if phone
directorieslarger than 50Kbytes are used with SoundPoint IP 330, 330, 430 phones
Workaround Keep the local contact directory to less than 50kbytes in size.

38347 The video call appearance disappears from the SoundStation IP 7000 Ul and the far end audio is
routed to both the IP7000 and the HDX when the external microphone is plugged into the

IP7000 during a video c#épplies b Soun&tation IP 7000 withiDX Integratiop No
workaroundis currently available.

41706 Regarding USB Call Recordinghane does not detct the USB if rattached quickly after
removal before the popup "USB device removed" disappears.
Workaround Wait until the USB device removed message has disappeared befmseréng
the USB device.

41993 Scrolling through the Corporate Directory ynaot return complete results if results contain
Unicode cheacter valuegyreater thanl27.
Workaround Start the search in a different location or avoid use of Unicode characters >127 in
directories.

42027 In certain scenarigghe log file time stampsf a SoundStation IP 7000 used as a
secondary/slave devicareincorrect.
Workaround As of SIP 3.1.0 the occurrence of this issue only relates to the treatment of
Daylight savings Time settings.

44764 SRTP processing may cause performance degradationevitircvideo/awdio codec
combinations pplies to VVX 1500
Workaround If SRTP is being used limit the video bit rate to 384kbps.

46997 Camera brightness adjustment doest work between levels 3 to &pplies to VVX 1500No
workaroundis currently available.
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47651

48905

52141

52142

53514

54027

54028

54321

54799

54976

54977

59773

59812

61091

URL Dialing must be enabled in order to place ¢atiglies to SoundStation IP 7000 with HDX
Integration). No workaroundis currently available.

Packet statisticstjer parameter is not correctly computed as per RFREB@applies to

SoundStation IP 6000, 70080 workaroundis currently available.

DaisycKF A YSR LIK2yS &a2YSGAYSa 38 i@plidgsdoiSdoddSatioRIBzZNA y 3
7000.

Workaround Pressing any key on the phone will continue the upgrad

Video connections with CounterPath Eyebeam client on the VVX 1500 do not work 19983

codec is selected. This was experienced with Eyebeam version 1.5.19.5 build 52345.

Workaround Try using a different codec. Try other versions of Eyebdant as some do work.

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-inavite with a newkey at the half life of the key lifgme.
Workaround Ensure that both ends use the same key life time such that the sending phone will
initiate a key renegotiation.

Key Changes do not function correctly when multiple crypto suites are enabled.
Workaround Configurea 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 udiag\® workaround is currently available.
TheVVX1500 transmits H.264 QCIF video to Tandberg MXPs in H.323 calls

Workaround Setthe video bit rate on thé/VX 1500 t&12kbps to avoid the issue.

H.264 calls to a Tdberg Edge95 MXP device usmm@andbergzatewaywith encrypted media
(offered butnot required) results in distorted audio and no video on the VVX 1500.
Workaround Configuresystem for encryption required.

H.264 calls to a Tandberg Edge95 MXP device using a Tandberg Gateway result irsbpeync
on the VVX 15Q0Noworkaround is currently available.

Phone locks and resets wh answering 13th incoming cadipplies to SoundPoint IP 550, §50
Workaround Set the number of calls per line to less than 13.

During an active call, a blind transfer by URL dagsvork and the URL soft key disappears
after some time gpplies to SoundStation IP 7000

Workaround End the call to restore normal state.

The configuration parameteacplpApp.port.rtp.forceSend = 1024works only for the
SoundStation IP 6000, 7086d VVX 1500No workaround is currently available.
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61143 Server controlled DND should not work on shared lines.
Workaround Disable server based DND feature.
62387 When a new registration is added to the phone (update is done during runtime) and the BLF

keys are bumped down, incoming calls and notifications to those BLF lines are still showing their
indications for the previous line keyo workaround is currently available.

62482 Server certificate Serial Number SN should not be checked against theamostif the
outbound proxy is configuredNo workaround is currently available.

63123 Instead of initiating a new call, attendant phone plays reorder tone when BLF line key is pressed
for the second timeNo workaround is currently available.

65133 Redialdoes not work after making a call with an account céajgplies to SIP 3.1).No
workaround is currently available.

66086 During an active call, the phone does not insert numbers using left arrow key.
Workaround You can cancel the transfer/conferenceréstore normal state

67394 Eliminatingthe BLF line monitoring on the server does not clear the BLF line icorikeand
indicators on the phone.
Workaround Need to reboot the phone to restore normal state

67551 ACD Conference by Emergency Escalatioresaait phones to show '‘Connected’ Stdi®
workaround is currently available.

69469 Phones send 400 Bad Request response to messages containing "<" or ">" in a display hame
No workaround is currently available.

69552 Music on hold (MOH) call dialog dorotget terminated when there is ampdate from the
MOH server
Workaround End the call to restore normal state.

70396 Second call name does not display from click to dial featdoeworkaround is currently
available.

71248 After the maximum number of caltge established on the phone, the phone displays the
Transfer and Conference soft kepplies to SoundStation IP 5000, 6000, 7000) INm
workaround is currently available.

71694 When Update Configuration & selected otthe phone menu, the ker ID and Password are
truncated to 128 character$o workaround is currently available.

72299 When phone is registered with BLA lines, phone continues to display remote hold appearance
even after remote BLA resumes the ¢ajpplies to SoundPoint IP 450, 560, $300 workaround
is currently available.
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72315

72387

72449

72453

72512

72601

72677

73089

73617

73721

73926

74003

74109

74121

On SoundPoint IP 650 with 2 expansion modules attadhedyhone doesot show more than
24 lines when the parameteeg.x.lineKeys is set to a value greater than 24.

Workaround Do not setreg.x.lineKeys to a value greater than 24.

After pressing transfer soft key remote BLA line doesn't show remote hold status when
call.shared.exposeAutoHolds is set to 1 No workaround is currently available.

When the phone is registered to a shared lithes Forward option is displayed in the phone
menu (applies to VVX 1500No workaroundis currently available.

Phone displays only the lasharacters of a long line labedplies toSoundStation IP
5000/6000/7000.
Workaround Use shoriine labels

Browsing phone merausing EFK action strings do not wadk. workaround is currently
available.

Phone faikto dialauthorizedcall (applies to SoundPoint IP 235T, B30 workaround is
currently available.

Whena NOTIFYnessagavith a higher version is serthe phone resubscribes tahe server and
gets a NOTIFY withe correct versionbut failsto update the dialog witlthe state (applies to
SoundPoint IP 45860/650). No workaround is currently available.

When joining two parties for a conference call, phone displays the local conference Ul if the
centralized conference server is not available.

Workaround End the conference to restore normal state

PhonedisplaysSplitsoft key for a fraction of second while transferring a ¢atiplies to VVX
1500. No workaround is currently available.

Phonedoes not display the caller ID praefor an incoming call with dRL(applies to VVX
1500. No wokaround is currently available.

Phonedisplaysincorrect caller ID on an active centralized conference(apblies to
SoundStation IP 700

Workaround End the conference to restore normal state

The phone restarts automatically when the $&dse time is expired after enabling/disabling the
DHCP serveNo workaround is currently available.

A phone numbeentered on theLJK 2 yidle@cteen igrased vien there is an incoming call
(applies to SoundStation 1IP5000/6900

Workaround Need b press Arrow up/down/left key toestore normal state

Using shared lines with barge in enahla®GoundStation IP 7000 / VVX1500 cariverige in to
an active call on the shared lindo workaround is currently available.
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74199

74533

74535

74797

74898

74956

75156

75157

75166

75229

75263
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A calling phoneloes rot get a call waiting rinhen the receiving phone sy placing another
call.No workaround is currently available.

Phonedisplays incorrect caller ID while calling the last dialed number using the Last Call Return
(LCR) sottey(applies toSoundStation IP 70RNo workaround is currently available.

A phone configured with a Sylantro call server dispiagorrect caller ID othe Ulwhen there
isan incoming callapplies to VVX 1500No workaround is currently available.

Phore displays incorrect soft key on Ul for hold call appeardapplies to SoundPoint IP
450/560/ 670, and VVX 150(No workaround is currently available.

The phone does not display a message on the Ul when a conference transfer (blind/attended) is
not possible with the call serveagplies to SoundPoint IP 321, 331; VVX 1500)

Regarding ZTPnainregistered phone configured with ti¥00@000000_profile.cfq file does
not reboot when ZTP is set to Enahlé&tb workaround is currently available.

Phone will go into an INVITE loop and reboot if it receives a 503 response to its initial NNVITE.
workaround is currently available.

Regarding instant conferencing, the phone which initiated the conference call experiences
different behaviow during a Blind and Consultative transfapplies to all SoundPoint IP
phone3. No workaround is currently available.

Phones usinga Sylantrocall serverdisplay incorrect sofkeys aftera Conference service
unavailable error iglisplayed No workaround is currently available.

Phone displays Enter Number on the status bar instead of Transfer to, Blind Transfer to, or
Conference With when the user initiates a transfer/confereraggp(ies to all SoundStation IP
phone3. No workaround igurrently available.

Phones using a Sylantro call senvisplaythe local onference Ul when establisig a
centralized conference usirige Joinsoft key.No workaround is currently available.

Phone eboots when attempting a conference usiag SCA lin@pplies to SoundPoint IP 321
No workaround is currently available.
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Reference Documents

This section lists all documents referred to in these release notes as well as other relevant documents.
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Version 3.3.0
Version 3.2.0

Technical Bulletins, Quick Tips, and White Papers

White Paper: Configuration File Management on Polycom® SoundMig@undStation®, and VVX®
Phones

Technical Bulletin 5844: SIP Server Fallback Enhancements on SoundPoint IP, SoundStaitrXP, and
1500 Phones

Technical Bulletin 11572: Changes to Local Digit Maps on SoundPoint® IP, SoundStatidn® IP,
Polycom® VVX® 1500 Phones

Technical Bulletin 34787: Using Feature Synchronized Automatic Call Bastntith Polycom
SoundPoint IP Phones

Technical Bulletin 35150: Using an Electronic Hookswitch (EHS) with Polycom Sounaliffeb it/
1500 Phones

Technical Bulletin 35704: Managing Memory Allocation om&@aint IP and SoundStation IfoRes

Quick Tip 37381: Understanding Enhanced BLF on SoundPoint IP Phones

Technical Bulletin 39358: Using Custom Ringtones on Polycom® SoundPoint® IP, SoundStation® IP, and
VVX® 1500 Phones

Technical Bulletin 41137: Best Practices When Using Corporate Directory on SoundPeointd §atton
IP and Polycom VVX Phones

Technical Bulletin 45460: Using Quick Setup with SoundPoBduRdStation IP, and Polycom VVX 1500
Phones

Technical Bulletin 52609: Mutual Transportéra$ecurity Provisioning using Microsoft® Internet
Information Services 6.0

Technical Bulletin 5644P0lycom® SoundPoin#®SourdStation®P/VVX® Software Changes in the
Next Release

Quick Tip 57215: Phone Lock Feature on Polycom® Phones Running PolydomatéC So

Technical Bulletin 60519: Simplified Configuration Impr&gsin Polycom® UC Software 3.3.0.
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