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Resolved Issues 
53322 Setting voIpProt.local.port to a non-standard port does not send from or advertise that 

port. 

53611 User Language Selection is retained during an upgrade to SIP 3.2.0. 

53685 Phones no longer ignore nat.ip parameters. 

53852 DTMF duration on the SoundStation IP 7000 defaults to 300ms for HDX integration. 

Understanding Updates to SIP 3.2.0 
This section lists additions and changes, removals, enhancements, and configuration file parameter 
changes to SIP 3.2.0 beside their respective Polycom tracking ID number. 

New or Enhanced Features 
22527 Implemented Scrolling Status Bar on the SoundPoint IP 320, 321, 330, 331, 550, 560, 650, 670, 

and SoundStation IP 6000 and 7000. 

26754 Support for the iLBC codec on the SoundPoint IP 320, 321, 330, 331, 450, 550, 560, 650, and 
670. 

30079 Added support for mutual TLS authentication. See Technical Bulletin 52609 for more details on 
this feature. 

32259 Microbrowser recognizes multiple mime types. 

32753 Support for LLDP protocol. To take full advantage of this feature, you will need to use BootROM 
4.2.0. 

34782 Replaced libSRTP algorithms with OpenSSL versions. 

35525 The DND icon contains text identifying that DND is active. 

37118 Added the ability to take a screen capture. 

39358 Added a Loud Ringer Ringtone selection. See Technical Bulletin 39358 for instructions on how 
this can be configured. 

30855 Create a SoundStation IP 7000 Setup Guide. 

41579 Met requirements of ETSI TS 102 027-2 v4.1.1 RFC 3261 compliance test for Anatel/Brazil. 

43141 Support for Statically Configured BLF and Call Park and Retrieve enhancements. 

43142 Support for single button Blind Transfer and Retrieve of a call designated as an automata in the 
dialog used for Statically Configured BLF. 

43646 Improved boot speed in some situations where the boot server is incorrectly configured. 

45057 Languages selection presented in appropriate language. 

45174 Upgraded zlib to version 1.2.3. 

45743 Upgraded curl library to version 7.19.2. 

http://supportdocs.polycom.com/PolycomService/support/global/documents/support/technical/products/voice/Mutual_TLS_Provisioning_with_IIS_TB52609.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/technical/products/voice/Using_Custom_Ringer_Tones_TB39358.pdf
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45787 Added instructions to the SoundPoint IP 450, 550, 560, 650, and 670 for changing label colors in 
the User Guides. 

45791 Added a configuration option on the SoundStation IP 7000 to disable digit-map rules for Remote 
Dialing when connected to an HDX. 

46093 Added the ability for User to enable/disable display of idle browser from menu. 

46113 Added navigation button shortcuts in Idle Mode consistent with other phone models (applies to 

SoundPoint IP 320, 321, 330, and 331). 

46248 Added an Admin menu option on the SoundStation IP 7000 to manually specify the value to be 
used as the extension displayed on the phone screen. 

46424 Improved readability of Menu items when using Background images on the display. 

46446  New menu option to view the status of feature licenses. 

46683 Removed Background from scrolling Status Bar for improved readability. 

47355 Scrolling Status Bar gives equal time to each status message. 

47390 Added configuration parameters for select ETSI SIP compliance requirements. 

47463 Phones allow for secure entry of passwords in the microbrowser API. 

47487 Added the ability to enable/disable a Back soft key in the microbrowser  

47689 Added support for SoundStation IP 7000/HDX 6000 Integration. This feature requires a future 
update release to the HDX6000 software. 

47749 Support Transmission of Join Header as per RFC 3911. 

48004 Support for BLF call pick-up using Dialog-info within an INVITE with Replaces header. 

48055 Improved user experience of the Enhanced BLF feature when an incoming call occurs whilst the 
user is viewing BLF-monitored line call details. 

48109 Included fmtp attribute specifying Mode=30 in the SDP when 13.33 kbps iLBC is used. 

48136 Removed platform specific TFTP code and instead used TFTP support in curl library 7.19.2. 

48137 Support for BLF call pick-up using Dialog-info within an INVITE with Replaces header. 

48205 Support for the iLBC Codec (applies to SoundStation IP 6000 and 7000). 

48559 Consistent scrolling status line on various phones (applies to SoundPoint IP 450, 550, 560, 650, 

and 670; SoundStation IP 6000 and 7000). 

48578 Reduced the local Contact Directory maximum to 99 on the SoundPoint IP 430. 

48579 Reduced the maximum number of calls supported to 4 (from 8) on the SoundPoint IP 430. 

48664 Added user accessible menu option to display whether a device certificate is installed. 

48678 Media Statistics menu is more easily accessible. Accessed from Menu > Status > Diagnostics > 
Media Statistics. 

48738 Added configurable behavior for Directed Call Pick-Up as used for Enhanced BLF. 

48780 Added option to apply digit-map rules to tel:URI initiated calls. 



Polycom UC Software Release Notes UC Software 4.0.7 Rev I 

Polycom, Inc. 132 
 

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 option voIpProt.SIP.strictReplacesHeader to control whether the 
phone requires call-id, to-tag, and from-tag to perform and INVITE with Replaces. 

48984 Phone will populate the display-name field in the To header of responses that it generates. 

48998 Added configuration option for the phone to send 486 Busy when a call is rejected. 

49309 Combined the SoundPoint IP 550 and 560 user guides. 

49465 Updated Destination of outbound call based on the display name in the SIP To header 
responses. 

49660 During call forwarding, user=phone should be included in refer-to parameter of Refer header. 

49695 Allow for SDP offer or answer in provisional reliable response and PRACK request and response. 

49839 RTP Rx detects and corrects for G.722, G.722.1, G.722.1C, and G.719 RTP timestamp 
increments based on different sample rates. 

50769 Added support for Hook-Flash during POTS calls on the SoundStation IP 7000. 

50927 Added Equifax Secure eBusiness CA-1 to the trusted CA list. 

51419 RFC2543 Hold not working when video SDP present in certain scenarios. 

Discontinued Features 
48283 Removed support for SoundPoint IP 301, 501, 600, and 601 phones. 

48698 Removed support for SoundStation IP 4000. 

Resolved Issues 
Application load progress bar matches actual progress. 

29148 Phone formats the file system when it notes an error on the screen while loading large 
configuration files. 

29344 HTTP Digest Authentication works on IIS. 

30219 Logs are uploaded when phone resets to factory default. 

31858 When two phones with a shared line simultaneously resume a held call, the phone which did not 
retrieve the call shows call in progress on its shared line indicator.  

34681 The parameters stickyAutoLineSeize and call.enableOnNotRegistered=0 do not 
seize correctly if the first line is unregistered. 

35288 The Web Configuration Utility uses less memory during initialization. 

35991 The Roaming Buddy list with Office Communicator reports the proper status of all buddies. 

36969 The SoundStation IP 6000 displays Japanese language correctly. 

38348 The SRTP call displays proper line icons in a certain scenario on the SoundPoint IP 320, 321, 
330, and 331. 
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38392 Performing a Blind Transfer from an encrypted phone to an unencrypted private line establishes 
the new call as encrypted. 

38418 Phones no longer show SRTCP authentication failure at log level 0. 

38824 After audio diagnostics such as Record and Play in handset, the first call is no longer established 
in handset mode even if the handset is ON-HOOK. 

39013 Attaching a cell phone cable to the SoundStation IP 7000 no longer invokes the Cell phone UI 
until a physical cell phone is attached. 

39143 The P-Asserted-Identity header in initial INVITE message is no longer used for caller ID. 

39949 The navigation icon in the Corporate Directory correctly displays the available navigation options 
when using the keypad to navigate (applies to SoundPoint IP 320, 321, 330, and 331). 

40679 Changing the status on the MyStatus menu of the SoundStation IP 6000 changes the OC client 
status when roaming_buddies.reg= 1. 

40892 The Time/Date is displayed on the SoundStation IP 7000 when the first phone call is established. 

41939 The user is not able to play the WAV file when it has a call on hold and also in remote busy state. 
Junk characters appear in audio player. 

42092 Special Slovenian characters are included in the phone’s fonts. 

42213 The SIP: string displays on the SoundStation IP 7000 when using URL dialing. 

42611 Recording no longer begins when a full USB drive is attached 

42761 Pressing the Content soft key on the SoundStation IP 7000 no longer prompts the user to choose 
VGA input. 

43910 The microbrowser can process an http response which contains an image/bmp. 

43916 Configured sampled wave files can be downloaded onto the phone depending on sufficient RAM 
Disk size. 

43990 Missing glyphs in the Katakana bit stream fonts on the SoundStation IP 7000. 

44100 Call display names containing an @ symbol no longer truncate characters after the @ symbol. 

44248 The microbrowser displays an error message when unsupported media is configured in the 
microbrowser URL. 

44273 Phones can process all contacts in a SIP Contact header containing a comma separated list. 

44278 Phone numbers are displayed correctly on line keys when the length of a phone number is more 
than 10 characters. 

44301 The Date is displayed on the SoundStation IP 6000 and 7000 when the idle browser is enabled. 

44377 The Redial key can be reassigned. 

44443 The Menu exit via the Menu key is ignored while in Edit mode (applies to SoundPoint IP 320, 321, 

330, and 331). 

44635 The SoundStation IP 6000 phone uses the correct configuration parameters to download 
customizable fonts. 

44783 The Cipher list is the same for different TLS transactions. 
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44844 USB Call Recording can be stopped using the Stop soft key. 

44855 When using Call Lists, the Missed Calls are incremented on Call Forward on Busy. 

44892 When using SCA Barge-In on the SoundStation IP 6000 and 7000 phones, the user no longer 
barges in to the wrong call in certain scenarios. 

44962 Phone no longer displays 3-way animation icon in held screen when conference legs on hold. 

45143 When the maximum conference size is reached when using Centralized Conference, the phone 
no longer displays a local conference UI. 

45327 When the user establishes a call between two phones configured as shared lines, and presses 
the down arrow key, all soft keys no longer disappear. 

45428 An unexpected re-INVITE no longer occurs before BYE when removing a leg from a conference 
call. 

45650 In a double hold with music on hold and a non-Polycom SIP phone, – MOH no longer fails. 

45658 The platform string in transmitted CDP packets is consistent across SoundPoint IP products. 

45716 Text on the SoundPoint IP 450 is consistent as on other phones. 

45835 Status Bar text on the SoundPoint IP 450 is easier to read on some backgrounds. 

45943 Correct logic is used when picking line for outgoing call in a multiple registration scenario. 

46068 Transfer On Proceeding is supported when using a proxy server. 

46334 DTMF local rendering does not stop. If the far end holds while local digit key is pressed then the 
far end resumes. 

46478 On the EFK feature, the phone sends invite when executing $Cwaitdialtone$. 

46513 Dialog Event Package Content Guideline 6B (Local Identity). 

46514 Dialog Event Package Content Guideline 6C (Local Target). 

46547 Warning Header Text notification on the SoundStation IP 7000 displays on phone (when 
configured). 

46550 Directed-Call-Pickup no longer fails when SIP server is a proxy. 

46588 Info Soft key on the SoundStation IP 7000 is no longer missing in the Contact Directory. 

46738 The attendant.ringType parameter is removed from the override file when default (silent) 
attendant ring type is selected. 

46741 Using enhanced BLF, when the watched line hangs up an outgoing call, the remote call 
appearance screen times out on the console phone. 

46770 On the microbrowser, the * and # buttons work correctly when the text input mode is set to 
numeric on input fields. 

46899 When using the electronic hookswitch, audio is heard during an active call if the user answers by 
pressing the hookswitch button immediately on a Jabra headset under a specific scenario. 

47039 The line LED flashes instead of remaining a stable green when an active call is kept on hold 
during an incoming call. 
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47123 When using the USB Call Recording, the missed call notification no longer displays on the audio 
player screen if an incoming call is not answered during playback. 

47207 When the MUTE is active on the SoundStation IP 7000, it no longer covers up the dialing fields. 

47248 Hot dial works when lifting the handset for the second call when 
call.stickyAutoLineSeize=1. 

47300 URL dial disabled message displays and successfully routes to voicemail from Message Center 
tab. 

47336 The Received\Missed call list on the SoundStation IP 7000 no longer shows the IP address of the 
SIP server instead of the Extension number of a call received/Missed from a SIP extension. 

47464 When two incoming calls are active on a phone, lifting the handset or pressing the handsfree key 
to answer the call no longer results in the most recent call being answered even though the ring 
tone is played according to the first incoming call (applies to SoundPoint IP 320 and 330, and 

SoundStation IP 7000). 

47535 The soft keys no longer reset to the default layout on an inbound call in some multiple call 
handling scenarios. 

47566 When an internal URI is executed with multiple VolUp and VolDown action URIs, the Ringer 
horizontal bar is seen and the Volume sound going UP and Down is heard. 

47578 When using the Corporate Directory on the SoundPoint IP 320, 321, 330, 331, the sticky 
attributes are saved. 

47612 When using BLF, cancelling a Transfer for a call that was initiated using Directed Call Pick-Up 
sequence results in the correct caller-id display to the user. 

47641 The “Network Link Down” message on the SoundStation IP 7000 displays on the screen unless 
the phone reboots and comes up with Ethernet cable. 

47695 When the phones have two registrations, the NewCall soft key no longer displays for alerting call 
appearance when there are max call appearances (applies to SoundPoint IP 320, 321, 330, 331, 

430, and 450). 

47699 When using XML API Internal URIs on the SoundStation IP 6000, the Tel URI is works properly if 
embedded within a couple of internal URI actions. 

47712 A local contact directory search on the SoundPoint IP 320, 321, 330, and 331 works correctly. 

47724 Mute icon and Call appearance counter on the SoundPoint IP 450 no longer conflict when DND is 
turned on and multiple call appearances are present on the phone. 

47729 The on-hook dialing widget no longer uses multi-tap behavior but is not in multi-tap mode. 

47746 The NewCall soft key is not displayed when phone holds max conference calls. 

47798 The location of the Transfer and Conference soft keys on the SoundStation IP 7000 are more 
easily accessible during conference setup. 

47847 When using BLF, the monitoring phone continues ringing if a shared line is seized while the 
monitored line has an incoming call. 

47853 When the headset memory mode is active, the Headset key continues blinking during incoming 
calls after ending the first active call. 

47862 The Time and Date on the SoundStation IP 6000 displays during a call. 
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47863 The phone’s HTTP server is no longer sending some HTTP traffic in very small TCP segments. 

47916 The Resume soft key on the SoundPoint IP 320, 321, 330, and 331 is available for second call 
appearance after splitting conf established through Join from different shared line registrations. 

47921 The order of call appearances on the SoundPoint IP 320, 321, 330, and 331 is consistent with 
other phones after splitting a conference. 

47929 Rendering special characters like no longer break the hyperlink style display. 

47932 The Call widget counter (1/n) appears while in the dial tone state.  

47951 Transfer has precedence over pickup of a ringing BLF line when pressing the line key during a 
call transfer. 

47953 Call info display on the SoundStation IP 6000 displays properly when volume up/down key is 
pressed. 

47958 More than one contact can be added when the SoundStation IP 7000 is configured with no 
Ethernet cable connected + HDX. 

47962 An incorrect icon is no longer displayed when Redialing POTS call on the SoundStation IP 7000. 

48003 The SoundStation IP 7000 phone no longer dials a POTS call as a video call when dialing from 
the idle state for a certain configuration. 

48011 Use of the Idle Browser on the SoundStation IP 7000 no longer interferes with some display 
elements such as the Mute Icon, Video/Phone Call Pop-up when connected to HDX. 

48019 The pop-up message “Video or Phone Call?” is no longer overwritten by the idle browser on the 
SoundStation IP 7000. 

48045 When using enhanced BLF, the phone holds the first call when pressing the Dial soft key to make 
the second call to the same called party. 

48049 When using BLF, the attendant phone displays all remote calls on a BLF-monitored line if the 
Monitored Phone has a call in the Ringing state. 

48061 When using enhanced BLF, the attendant phone updates the 1/x widget when the BLF-monitored 
line has one or multiple incoming calls being ended. 

48069 When using the SCA Barge-In feature, extra soft keys are no longer displayed on remote shared 
phone while viewing call appearance list by long pressing a line key. 

48071 Key:Handsfree internal URI action is executed by the phone in a certain scenario. 

48115 HDX no longer plays a ring sound after answering POTS call on the SoundStation IP 7000. 

48131 Call Forwarding Status now shows multiple Call Forward Types are selected. 

48149 SDP attribute is no longer truncated when first character of the value is a digit. 

48162 The Boot Server status field no longer shows an incomplete or blank path if a / is included in the 
setting. 

48174 A failed call no longer causes subsequent calls to skip URL/Number mode selection. 

48179 A called Party number is no longer shown overlapped in incoming event notification when IP 
dialed calls are made between unregistered phones. 

48209 Left-most character can be deleted before character selection timeout. 
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48213 Key:LineX is executed only if X is a supported line key for that platform. 

48333 When using the USB Call Recording, the USB busy indicator appears on main screen when 
recording in progress. 

48414 The phone no longer occasionally fails to act on the electronic hookswitch up/down signal from 
Plantronics and Hydra headsets. 

48700 When using the USB Call Recording, playback can be stopped through a Stop soft key. 

48745 LDAP Critical Extension Error 0x0c no longer causes the CD Server to not respond to messages 
from the phone. 

48981 SRTP no longer fails in 3.1.2 when the user presses Hold then Resume during a call. This 
happens on several different models of IP phone. 

48996 Phone tags correct DSCP value to some packets (Trying, Ringing and OK). 

49106 The entire dialed URL is saved in the phone’s call history 

49251 The Polish XML Dictionary includes Polish characters. 

49300 Ensure that the DTMF tones are being sent via the dtmf start/stop Clink2 API (applies to 

SoundStation IP 7000). 

49417 The phone no longer reports MOH dialog if SUBSCRIBE received while on hold. 

49459 Cancel works after entering hot dial digits. 

49461 DND symbol(X) appears after the DND feature is disabled in a certain configuration. 

49473 When using the Corporate Directory on the  SoundPoint IP 320, 321, 330, 331, using the # key to 
change text entry mode it resets the Quick Search timeout timer. 

49476 The scrolling indicators on the Corporate Directory work better. 

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

49516 Hanging up the handset terminates calls in Audio or Display Diagnostics. 

49523 Asian fonts are clearer on the SoundPoint IP 450 and SoundStation IP 7000. 

49548 The Edit and Delete soft keys on the SoundPoint IP 320, 321, 330 and 331 disappear after 
deleting the last contact. 

49572 When using the Corporate Directory on the SoundStation IP 7000, numeric characters can be 
entered in the Quick Search entry field. 

49617 The phone plays a dial tone after a hold reminder is played in certain scenarios. 

49619 The call waiting beep plays on phone when call hold reminder is set. 

49620 Volume settings for Recording work in handsfree mode. 

49639 The Handsfree dial tone is no longer interrupted by hold reminder and call waiting ringtones. 

49641 Call info display on the SoundStation IP 6000 and 7000 displays properly while changing volume. 

49677 The phone complies with RFC4475 3.1.2.3 Negative Content-Length. 

49685 On SoundPoint IP 320, 321, 330, and 331, you can enter URLs with uppercase letters. 
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49692 The seconds colon in the time display blinks for every second on the SoundPoint IP 450. 

49693 The ACD icon is displayed when the parameter 
voIpProt.SIP.serverFeatureControl.cf=1 is enabled. 

49696 After a long LAN outage while downloading a new application, when the phone re-connects to the 
network, it displays an error message.  

49701 The SoundStation IP 7000 phone response with reg.1.server.1.expires=5 setting is 
consistent. 

49706 The SIP Extension display on the SoundStation IP 7000 is no longer disabled after disconnecting 
from HDX with HDX-Preference option. 

49757 The SoundStation IP 7000 phone displays Network Link is Down after the cable is disconnected 
from a hub 

49758 The SoundStation IP 7000 phone no longer gets into a bad state and can recover from 
temporarily unplugging network connection during an active call. 

49776 If dir.corp.user is misconfigured, the phone displays Login Error. 

49813 When using the Corporate Directory, the phones no longer display “Enter More Chars.” when 
submitting a string that returns no results in the Quick search mode. 

49825 When using the Corporate Directory, the black background for the Search bar displays 
consistently on different platforms. 

49829 NTP Time synchronization is reliable in a particular scenario. 

49834 When using the Corporate Directory, if VLV indexing is configured and an Advanced Find yields 
more results than the configured page Size (Default is 64), scrolling through the entries works 
correctly. 

49836 If the Corporate directory is down and the phone reboots, the phones display a static “Please try 
again” message. 

49911 Incoming ring tones are played on the phone in a certain enhanced BLF use case. 

49926 The SoundPoint IP 320, 321, 330, and 331 phones no longer auto-increment the new contacts 
speed dial index to 100, even though the maximum amount of entries is 99. 

49927 After an AdvFind search, exit and re-enter Corp Dir menu, phone displays search bar as Search: 
not Search (Filtered) (applies to SoundPoint IP 320,321,330,331 and VVX 1500). 

49929 The SoundStation IP 7000 displays HDX Extension when voice call type is set to Auto and phone 
is not registered to SIP server. 

49981 After rebooting the SoundStation IP 7000, the proper HDX extension is displayed.  

49982 The SoundPoint IP 320, 321, 330, and 331 phones reconfigure when DHCP lease expires. 

49989 The SoundStation IP 7000 phone is no longer adding contact directories from the call list with the 
existing speed dial number. 

49977 The SoundPoint IP 320, 321, 330, and 331 phones display the selected status under MyStat 
menu. 

50090 The SoundStation IP 7000 phone displays an Active Conference screen on joining a remotely 
held SLA call without first holding the local call. 
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50099 Consultative Transfer no longer fails if the second leg is forwarding and its 302 response is 
handled by proxy. 

50109 Volume levels on the SoundStation IP 7000 are in Sync when Dialing a Video call 

50110 An “Enter number” message displays for video and audio calls once the ethernet is removed on 
the SoundStation IP 7000. 

50115 The DTMF tone of the first digit on the SoundStation IP 7000 plays at the SoundStation IP 7000 
volume instead of the HDX volume. 

50118 Dial tone volume and Handsfree volume are in sync on the SoundStation IP 7000. 

50137 The volume no longer resets to default on the SoundStation IP 7000 after a POTS call is 
connected if voice.volume.persists.handsfree=0. 

50153 When using the Corporate Directory, setting the Primary Attribute as sticky 
dir.corp.attribute.1.sticky=1 gives a clearer user interface behavior. 

50159 When using the Corporate Directory, a Quick search on a non-null sticky primary filter is no 
longer missing records. 

50189 SIP responses are no longer missing the to-tag after the phone challenges INVITE. 

50212 Scrolling upward for a while on the Corporate Directory sorts the phone entry list in order. 

50253 When using the Corporate Directory on the SoundStation IP 7000and the edit phone number 
attribute in AdvFind menu, pressing on the 1/A/a soft key creates an Encoding soft key. 

50254 The phone does honors SDP sent in PRACK. 

50255 SIP Reliable Provisional responses are retransmitted. 

50256 When not yet registered, phones will experience a random delay of 30 to 60 seconds between 
registration attempts. 

50264 Global prefix +present on calls made from Placed Calls list. 

50299 When using the Corporate Directory on the SoundStation IP 7000, Quick search text input starts 
at the first multi tap character.  

50381 Pressing the left navigation key on the SoundPoint IP 320, 321, 330, and 331 before the 
character selection timeout no longer moves cursor 2 spots. 

50397 The SoundStation IP 7000 phone displays licenses correctly in the status screen. 

50407 When the Corporate Directory server is down with phone connecting to LDAP server, a quick 
search results in the phone displaying a proper error message. 

50523 When using the Corporate Directory on the SoundPoint IP 320, 321, 330, 331, the phone displays 
the Contact title in the View menu. 

50546 With URL dialing disabled, a BLIND soft key appears in the third soft key slot after pressing 
TRNSFER. 

50811 P-Asserted ID display name is a sticky on UI call appearance and in the placed call list. 

50869 The phone will only offer SRTP when SRTP crypto suite is selected. 

50891 The Resume soft key on the SoundStation IP 6000 and 7000 is displayed when the phone is put 
on hold on another shared line phone. 
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50989 Receiving a 603 Decline by a BLF-monitored user plays a reorder tone. 

51041 Regarding X-IdleBrowserSelectUrl, http://url is no longer remembered by the phone. 

51245 BLF state is updated on receipt of the first full state NOTIFY after a reboot. 

51320 The message “Conference in another video or phone call?” is no longer displayed in a loop for 
each press on the Conference hard key (applies to SoundStation IP 7000). 

51432 The Conference Hard Key Pop-up Message on the SoundStation IP 7000 does not display any 
message but directly allows the user to make a video call. 

51554 Phones no longer add an additional CRC to some 802.1X packets received on the PC port. 

51567 Server based CFWD/DND sync no longer fails on 3.1.2.0392. 

51605 API Push request will no longer be lost if it immediately follows another push request. 

51631 The phone releases the first assigned IP address when VLAN is set via DHCP. 

51633 The phone plays busy/reorder tone upon a refer-based transfer when it gets a 603 or 486 
response. 

51644 Certain Japanese strings now display correctly. 

51690 The EFK feature is used for one touch Voicemail dialing. When using EFK with SIP 3.1.3, the 
phone honors the stickyautolineseize. 

51718 The phone no longer continues to ring after a call has been answered with a certain call signaling 
sequence. 

51763 When adding video to an existing call on a SoundStation IP 7000, pressing the Mute 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 transferred call in a certain scenario, the call is 
connected instead of being placed on hold. 

52017 The Web interface issue Password entry is masked when entered. 

52108 The phone successfully restores destination to Asserted Identity or Remote ID after a transfer 
fails. 

Configuration File Enhancements 
Refer to Software Version 3.2.0 – Configuration File Parameter Enhancements table for a list of the 
parameters that have been added, changed, or deleted from the template phone1.cfg and sip.cfg files. 
You can find further descriptions of parameters in Administrators’ Guide for the SIP 3.2.0 Release. 

Note also that the template file 000000000000.cfg has been modified in order to facilitate support for the 
Legacy phones and the VVX 1500 in this release. 

http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/spip_ssip_vvx_Admin_Guide_SIP_3_2.pdf
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Software Version 3.2.0 – Configuration File Parameter Enhancements 

File Change Configuration Parameter Old Value New Value Description 

sip Added call.directedCallPickup 

Method  

  native or 
legacy 

See Administrators 
Guide for SIP 3.2.0 for 
details. 

sip Added call.parkedCallRetrieve 

Method  

  native or 
legacy 

sip Added call.parkedCallRetrieve 

String  

  Star code See Administrators 
Guide for SIP 3.2.0 for 
details. 

sip Added dialplan.applyToRemote 

Dialing  

  0 or 1; 
Default is 0 

A flag to determine if 
the dial plan applies to 
calls made through the 
Polycom HDX system. 

sip Added dialplan.applyToTelUriDial    0 or 1 
Default is 1 

A flag to determine if 
the dial plan applies to 
uses of the tel:// URI. 

 
 

Added ind.class.2.state.35.index    44 Changes Relating to 
screen layout 
modifications. 

sip Added ind.class.2.state.36.index    42 

sip Added ind.class.2.state.37.index    43 

sip Changed ind.gi.IP _400.4.physX  122  0 

sip Changed ind.gi.IP _400.5.physX  112  10 

sip Changed ind.gi.IP _4000.6.physH  12  0 

sip Changed ind.gi.IP _4000.6.physW  14  0 

sip Changed ind.gi.IP _4000.6.physX  16  0 

sip Changed ind.gi.IP _4000.6.physY  2  0 

sip Changed ind.gi.IP _450.16.physX  176  196 

sip Changed ind.gi.IP _450.17.physX  176  196 

sip Changed ind.gi.IP _450.18.physX  176  196 

sip Changed ind.gi.IP _450.19.physX  176  196 

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 

http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/spip_ssip_vvx_Admin_Guide_SIP_3_2.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/spip_ssip_vvx_Admin_Guide_SIP_3_2.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/spip_ssip_vvx_Admin_Guide_SIP_3_2.pdf
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sip Changed ind.gi.IP _450.3.physX  20  0 

sip Changed ind.gi.IP _450.3.physY  2  0 

sip Changed ind.gi.IP _600.13.physH  103  111 

sip Changed ind.gi.IP _600.13.physY  0  25 

sip Changed ind.gi.IP _600.4.physY  105  3 

sip Changed ind.gi.IP _600.6.physH  20  0 

sip Changed ind.gi.IP _600.6.physW  20  0 

sip Changed ind.gi.IP _600.6.physX  113  0 

sip Changed ind.gi.IP _600.6.physY  110  0 

sip Changed ind.gi.IP _7000.3.physH  20  0 

sip Changed ind.gi.IP _7000.3.physW  20  0 

sip Changed ind.gi.IP _7000.3.physX  20  0 

sip Added lcl.ml.lang.menu.1.label    简体中文 

(zh-cn) 

Language selection 
displayed in the 
appropriate language. 

sip Added lcl.ml.lang.menu.10.label    日本語 

(ja-jp) 

sip Added lcl.ml.lang.menu.11.label    한국어 

(ko-kr) 

sip Added lcl.ml.lang.menu.12.label    Norsk 
(no-no) 

sip Added lcl.ml.lang.menu.13.label    Polski (pl-pl) 

sip Added lcl.ml.lang.menu.14.label    Português 

(pt-br) 

sip Added lcl.ml.lang.menu.15.label    сский 
(ru-ru) 

sip Added lcl.ml.lang.menu.16.label    Slovenski 
(sl-si) 

sip Added lcl.ml.lang.menu.17.label    Español 
(es-es) 

sip Added lcl.ml.lang.menu.18.label    Svenska 
(sv-se) 
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sip Added lcl.ml.lang.menu.2.label    Dansk 
(da-dk) 

sip Added lcl.ml.lang.menu.3.label    Nederlands 
(nl-nl) 

sip Added lcl.ml.lang.menu.4.label    English 
(en-ca) 

sip Added lcl.ml.lang.menu.5.label    English 

(en-gb) 

sip Added lcl.ml.lang.menu.6.label    English 
(en-us) 

sip Added lcl.ml.lang.menu.7.label    Français 
(fr-fr) 

sip Added lcl.ml.lang.menu.8.label    Deutsch 
(de-de) 

sip Added lcl.ml.lang.menu.9.label    Italiano 
(it-it) 

sip Added log.level.change.lldp    4 Control the logging 
detail level for the 
LLDP feature. 

sip Added mb.main.autoBackKey    1 See Administrators 
Guide for SIP 3.2.0 for 
details. 

sip Changed ramdisk.minfree  3072  3150 Minimum amount of 
free space that must 
be left after the RAM 
disk has been created. 

sip Changed se.pat.ringer.13.name  Sampled 
1  

  Customer ringer file 
names. 

sip Changed se.pat.ringer.14.name  Sampled 
2  

  

sip Changed se.pat.ringer.15.name  Sampled 
3  

  

sip Changed se.pat.ringer.16.name  Sampled 
4  

  

sip Changed se.pat.ringer.17.name  Sampled 
5  

  

http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/spip_ssip_vvx_Admin_Guide_SIP_3_2.pdf
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sip Changed se.pat.ringer.18.name  Sampled 
6  

  

sip Changed se.pat.ringer.19.name  Sampled 
7  

  

sip Changed se.pat.ringer.20.name  Sampled 
8  

  

sip Changed se.pat.ringer.21.name  Sampled 
9  

  

sip Changed se.pat.ringer.22.name  Sampled 
10  

  

sip Added sec.srtp.requireMatching 

Tag  

  0 or 1 A flag to determine 
whether or not to 
check the tag value in 
the crypto attribute in 
an SDP answer. 

sip Rhanged tone.dtmf.rfc2833Payload  101  127 The phone-event 
payload encoding in 
the dynamic range to 
be used in SDP offers. 

sip Added up.idleBrowser.enabled    0 or 1; 
default is 0 

A flag to determine 
whether or not the 
background takes 
priority over the idle 
browser. Used in 
conjunction with 
up.prioritizeBackgroun
d.enable. 

sip Added up.prioritizeBackground 

MenuItem.enabled  

  0 or 1; 
default is 1. 

If set to 1, the 
Prioritize Background 
menu is available 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.enable
d. 
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sip Added up.screenCapture.enabled    0 or 1; 
Default is 0 

A flag to determine 
whether or not the 
user can get a screen 
capture of the current 
screen shown on a 
phone. The flag is 
cleared when the 
phone reboots. 

sip Added voice.audioProfile.iLBC. 

13_33kbps.payloadSize  

  30 See Administrators 
Guide for SIP 3.2.0 for 
details. 

sip Added voice.audioProfile.iLBC. 

15_2kbps.payloadSize  

  20 

sip Added voice.audioProfile.iLBC. 

jitterBufferMax  

  160 

sip Added voice.audioProfile.iLBC. 

jitterBufferMin  

  40 

sip Added voice.audioProfile.iLBC. 

jitterBufferShrink  

  500 

sip Added voice.audioProfile.iLBC. 

payloadType  

  110 

sip Removed voice.audioProfile.Lin16. 

44.1ksps.payloadType  

120   Parameter renamed. 

sip Added voice.audioProfile.Lin16. 

44_1ksps.payloadType  

  120 See Administrators 
Guide for SIP 3.2.0 for 
details 

sip Added voice.audioProfile.Lin16. 

8ksps.payloadType  

  116 See Administrators 
Guide for SIP 3.2.0 for 
details 

sip Added voice.codecPref.iLBC. 

13_33kbps 

   

sip Added voice.codecPref.iLBC. 

15_2kbps 

   

sip Added voice.codecPref.IP_6000. 

iLBC.13_33kbps  

   

sip Added voice.codecPref.IP_6000. 

iLBC.15_2kbps  

   

sip Added voice.codecPref.IP_650. 

iLBC.13_33kbps  

   

sip Added voice.codecPref.IP_650. 

iLBC.15_2kbps  

   

http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/spip_ssip_vvx_Admin_Guide_SIP_3_2.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/spip_ssip_vvx_Admin_Guide_SIP_3_2.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/spip_ssip_vvx_Admin_Guide_SIP_3_2.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/spip_ssip_vvx_Admin_Guide_SIP_3_2.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/spip_ssip_vvx_Admin_Guide_SIP_3_2.pdf
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sip Added voice.codecPref.IP_7000. 

iLBC.13_33kbps  

   

sip Added voice.codecPref.IP_7000. 

iLBC.15_2kbps  

   

sip Added voIpProt.SDP.early.answer 

OrOffer  

   If set to 1, an SDP 
offer or answer is 
generated in a 
provisional reliable 
response and PRACK 
request and response. 
If set to 0, an SDP 
offer or answer is not 
generated. 

sip Added voIpProt.SDP.offer.iLBC. 

13_33kbps.includeMode  

   See Administrators 
Guide for SIP 3.2.0 for 
details. 

sip changed voIpProt.server.1.port  5060    The port of a SIP  
server that accepts 
registration. 

sip Added voIpProt.server.2.address      

sip Added voIpProt.server.2.expires     Minimum now 10 

sip Added voIpProt.server.2.expires. 

lineSeize  

  30  

sip Added voIpProt.server.2.expires. 

overlap  

    

sip Added voIpProt.server.2.lcs      

sip Added voIpProt.server.2.port      

sip Added voIpProt.server.2.register    1  

sip Added voIpProt.server.2.retryMax

Count  

  0  

sip Added voIpProt.server.2.retry 

TimeOut  

  0  

sip Added voIpProt.SIP.compliance. 

RFC3261.validate.content 

Length  

   If set to 1, validation of 
the SIP header 
content language is 
enabled. 

http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/spip_ssip_vvx_Admin_Guide_SIP_3_2.pdf
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sip Added voIpProt.SIP.compliance. 

RFC3261.validate.uriScheme  

   If set to 1 or Null, 
validation of the SIP 
header URI scheme is 
enabled. 

sip Added voIpProt.SIP.strict 

ReplacesHeader  

   This parameter applies 
only to directed call 
pick-up attempts 
initiated against 
monitored BLF 
resources. 

sip Added voIpProt.SIP.use486for 

Reject  

   If set to 1 and the 
phone is indicating a 
ringing inbound call 
appearance, phone 
will transmit a 486 
response to the 
received INVITE when 
the Reject soft key is 
pressed. 

phone1 Added attendant.behaviors. 

display.remoteCallerID. 

automata  

  1 Flags to determine 
whether or not remote 
party caller ID 
information is 
presented to the 
attendant. 

phone1 Added attendant.behaviors. 

display.remoteCallerID. 

normal  

  1 

phone1 Added attendant.behaviors. 

display.spontaneousCall 

Appearances.automata  

  0 Flags to determine 
whether or not a call 
appearance is 
spontaneously 
presented to the 
attendant when calls 
are alerting on a 
monitored resource 

phone1 Added attendant.behaviors. 

display.spontaneousCall 

Appearances.normal  

  1 

phone1 Added attendant.resourceList.x. 

address  

  The value of 
x depends 
on the 
phone. 
For IP 450, 
x=1-2; 
IP 550, 560 
X=1-3; 
IP 650, 670 
x=1-47 

The user referenced 
by attendant.reg= 
will subscribe to this 
URI for dialog. 
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phone1 Added attendant.resourceList.x. 

label  

   Text label to appear 
on the display; 
adjacent to the 
associated line key. 

phone1 Added attendant.resourceList.x. 

type  

  normal Type of resource 
being monitored. 

phone1 changed attendant.ringType   1  

phone1 Added dialplan.1.applyToTel 

UriDial  

 1 When present, and if 
dialplan.x.digitm

ap is not null, this 
attribute overrides the 
global dial plan 
defined in the sip.cfg 
configuration file. 

phone1 Added dialplan.2.applyToTel 

UriDial  

 1 

phone1 Added dialplan.3.applyToTel 

UriDial  

 1 

phone1 Added dialplan.4.applyToTel 

UriDial  

 1 

phone1 Added dialplan.5.applyToTel 

UriDial  

 1 

phone1 Added dialplan.6.applyToTel 

UriDial  

 1 

phone1 changed divert.noanswer.1.timeout  60 55 Modified No Answer 
Timeout 

phone1 changed divert.noanswer.2.timeout  60 55 

phone1 changed divert.noanswer.3.timeout  60 55 

phone1 changed divert.noanswer.4.timeout  60 55 

phone1 changed divert.noanswer.5.timeout  60 55 

phone1 changed divert.noanswer.6.timeout  60 55 

phone1 Added reg.1.server.2.address     See Administrators 
Guide for SIP 3.2.0 for 
details phone1 Added reg.1.server.2.expires     

phone1 Added reg.1.server.2.expires. 

lineSeize  

   

phone1 Added reg.1.server.2.expires. 

overlap  

   

phone1 Added reg.1.server.2.lcs     

phone1 Added reg.1.server.2.port     

phone1 Added reg.1.server.2.register     

http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/spip_ssip_vvx_Admin_Guide_SIP_3_2.pdf
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phone1 Added reg.1.server.2.retry 

MaxCount  

   

phone1 Added reg.1.server.2.retry 

imeOut  

   

phone1 Added reg.2.musicOnHold.uri     

phone1 Added reg.2.server.1.lcs     

phone1 Added reg.2.server.2.address     

phone1 Added reg.2.server.2.expires     

phone1 Added reg.2.server.2.expires. 

lineSeize  

   

phone1 Added reg.2.server.2.expires. 

overlap  

   

phone1 Added reg.2.server.2.lcs     

phone1 Added reg.2.server.2.port     

phone1 Added reg.2.server.2.register     

phone1 Added reg.2.server.2.retry 

MaxCount  

   

phone1 Added reg.2.server.2.retry 

TimeOut  

   

phone1 Added reg.2.tcpFastFailover     

phone1 Added reg.3.musicOnHold.uri     

phone1 Added reg.3.server.1.lcs     

phone1 Added reg.3.server.2.address     

phone1 Added reg.3.server.2.expires     

phone1 Added reg.3.server.2.expires. 

lineSeize  

   

phone1 Added reg.3.server.2.expires. 

overlap  

   

phone1 Added reg.3.server.2.lcs     

phone1 Added reg.3.server.2.port     

phone1 Added reg.3.server.2.register     
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phone1 Added reg.3.server.2.retry 

MaxCount  

   

phone1 Added reg.3.server.2.retry 

TimeOut  

   

phone1 Added reg.3.tcpFastFailover     

phone1 Added reg.4.musicOnHold.uri     

phone1 Added reg.4.server.1.lcs     

phone1 Added reg.4.server.2.address     

phone1 Added reg.4.server.2.expires     

phone1 Added reg.4.server.2.expires. 

lineSeize  

   

phone1 Added reg.4.server.2.expires. 

overlap  

   

phone1 Added reg.4.server.2.lcs     

phone1 Added reg.4.server.2.port     

phone1 Added reg.4.server.2.register     

phone1 Added reg.4.server.2.retry 

MaxCount  

   

phone1 Added reg.4.server.2.retry 

TimeOut  

   

phone1 Added reg.4.tcpFastFailover     

phone1 Added reg.5.musicOnHold.uri     

phone1 Added reg.5.server.1.lcs     

phone1 Added reg.5.server.2.address     

phone1 Added reg.5.server.2.expires     

phone1 Added reg.5.server.2.expires. 

lineSeize  

   

phone1 Added reg.5.server.2.expires. 

overlap  

   

phone1 Added reg.5.server.2.lcs     

phone1 Added reg.5.server.2.port     
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phone1 Added reg.5.server.2.register     

phone1 Added reg.5.server.2.retry 

MaxCount  

   

phone1 Added reg.5.server.2.retry 

TimeOut  

   

phone1 Added reg.5.tcpFastFailover     

phone1 Added reg.6.musicOnHold.uri     

phone1 Added reg.6.server.1.lcs     

phone1 Added reg.6.server.2.address     

phone1 Added reg.6.server.2.expires     

phone1 Added reg.6.server.2.expires. 

lineSeize  

   

phone1 Added reg.6.server.2.expires. 

overlap  

   

phone1 Added reg.6.server.2.lcs     

phone1 Added reg.6.server.2.port     

phone1 Added reg.6.server.2.register     

phone1 Added reg.6.server.2.retry 

MaxCount  

   

phone1 Added reg.6.server.2.retry 

TimeOut  

   

phone1 Added reg.6.tcpFastFailover     

 

Understanding Updates to SIP 3.1.7 
This section lists additions and changes, removals, enhancements, and configuration file parameter 
changes to SIP 3.1.7 beside their respective Polycom tracking ID number. 

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

61547 Phones now send a 486 (Busy) response to a received INVITE message when a call is rejected. 
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Resolved Issues 
51718 Under certain configurations, phone no longer continues to ring after the call has been answered. 

52968 Deleted instant messages can be removed from the main screen. 

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

55884 The displays on a SoundPoint IP 650 with expansion modules no longer freeze during a 
consultative transfer. 

58689 The phones no longer send a 486 if an INVITE is received after a NOTIFY for the alerting state 
and the configuration parameter callsPerLineKey is set to 1. 

58728 The phone presents the NewCall soft key and the EndCall soft key to allow the user to release 
the call and place the phone into idle state after hanging up the call during a consultative transfer. 

59789 On the SoundPoint IP 650, the user is able to properly resume a held call after answering a 
different call. 

60051 On the SoundPoint IP 650 using a BLA, the display 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. 

60141 On the SoundPoint IP 650, on a Bridged Line Appearance (BLA) line, the display incorrectly 
indicates two call appearances when there should only be one for the active call. The second call 
appearance is for the previously held remote call that is no longer on hold. 

60145 On the SoundPoint IP 650 using a BLA, the display on the phone correctly presents two call 
appearances instead of only one. 

60177 The display on the SoundPoint IP 5xx and 6xx presents hot-dialed digits when the idle display 
feature is enabled. 

60264 During a call using a BLA line, when the display is showing the dialing screen, remote call 
appearances are no longer displayed when the remote phone’s BLA line resumes a call. 

60340 The Join soft key no longer displays for phones with BLA lines when there is only one call active 
on the phone. 

60480 A phone monitoring other BLA lines shows the presence (LED goes out) of a BLA line when that 
monitored line joins two other calls. 

60756 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. 

61264 Calls placed on hold using a shared BLA line timeout when a remote phone picks up the held call 
(on the BLA line). 

61283 When a user attempts to place a conference call on hold and the phone receives a 400 Bad 
request. The phone no longer sends a NOTIFY with <parampname=+sip.rendering pvalue=no />. 

61298 When 1.2 Mbps of multicast traffic is passed through the PC port on the SoundPoint IP 601 
phone, the data port no longer experiences a packet loss of 17%. 

61299 When a phone has established a centralized conference call, the user is able to transfer a third 
incoming call. 
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61321 When a phone joins a centralized conference bridge, other monitoring phones correctly show the 
BLA line as being on hold instead of being in use. 

61547 The phone sends a 486 Busy message when a call (INVITE) is rejected. A binary configuration 
parameter is added to sip.cfg called voIpProt.SIP.use486forReject. By default 
(parameter is 0), the feature 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 received INVITE 
message. 

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

61950/62024 The phone honors a retry-after header in a 500 Glare message responding to a BLA re-
SUBSCRIBE message. 

62036 The SoundPoint IP 3xx phone continues sending DTMF RTP EVENTS when receiving a second 
incoming call while it is already active on a previously established call. 

62050 The SoundPoint IP 650 phone properly updates the number of held calls after sending 200 OK 
messages as part of the notifications 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 phone no longer crashes after resuming a held call using a BLA.  

62226 The phone no longer proceeds to join a conference after receiving a 403 Forbidden from the 
switch. 

62262 The phone no longer establishes a 1-way audio path after it has re-established a centralized 
conference call with the dropped third party. This behavior is observed 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 SoundPoint IP 650 phone correctly displays a call appearance labeled Unknown Party if the 
remote party is held while a reorder tone is played locally. 

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

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 phone no longer generates a redundant NOTIFY message when triggered by a 100 
response during a re-INVITE. 

62669 When multiple phones try to resume a held Bridged Line Appearance (BLA) line at the same time, 
the presence indicator on the BLA line is preserved on the trailing phone when the reorder tone is 
played. 
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62672 The 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. 

62704 The presence indicator of a Bridged Line Appearance (BLA) is updated correctly on monitoring 
phones when the phone’s LAN data cable is disconnected and then re-connected. 

62926 The Resume soft key on the SoundPoint IP 3xx is displayed when the line key is pressed 
continuously while the line is in a remote held call state. This occurs when the line is configured 
as callsPerLineKey=1. 

63099 The phone’s monitoring Bridged Line Appearance (BLA) line, configured for one call per line, can 
pick up the held call after the call on a BLA line has been put on hold using the 
Transfer/Conference key. 

63286 The phone’s Part Number is listed correctly instead of YYYY-YYYYY-YYY. 

64212 Invoking the Call Park feature with the soft key on the SoundPoint IP 3xx functions correctly when 
the soft key is configured as one line and one call per line. 

64219 The SoundPoint IP 3xx phone sends a proper hold NOTIFY message after a consultative transfer 
is canceled when the configuration parameter notifyTransferHoldAsActive is disabled. 

64271 In an attempt to answer an incoming call, the call is no longer unintentionally terminated when the 
incoming call’s line key is pressed simultaneously as the handset is lifted. 

64274 In an attempt to resume a held call, the held call is no longer unintentionally terminated when the 
user inadvertently seizes two line keys simultaneously. 

64327 In an attempt to answer an incoming call with the user inadvertently pressing two line keys, the 
user is no longer connected to both lines, one with an incoming caller on one and a dial tone on 
the other. 

64340 The indicator on a Bridged Line Appearance (BLA) line that is monitoring other lines blinks after 
the monitored phone performs the following sequence: Transfer > Split > EndCall > Resume > 
Hold. 

64356 While there are multiple calls on hold on the remote BLA, the display on the SoundPoint IP 3xx 
showing a remote call appearance times out when the user continuously presses a BLA line key 
followed by pressing a down arrow key. 

64822 When configuring the SoundPoint IP 3xx phones using sip_att.cfg, the phone no longer shows 
“Service Unavailable” when the speed dial key is pressed while the phone is off-hook. 

64862 Joining an internal extension with an external PSTN call no longer causes one call to drop.  

65119 When a 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 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. 
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Configuration File Enhancements 
Refer to Software Version 3.1.7 – Configuration File Parameter Enhancements table for a list of 
enhancements made to software version 3.1.7 configuration file parameters. 

Software Version 3.1.7 – Configuration File Parameter Enhancements 

File Action Parameter Modification Description 

sip Added voIpProt.SIP.use486forReject Defaults to null 

sip Added call.localConferenceEnabled=1 Defaults to 1 
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Reference Documents 
This section lists all documents referred to in these release notes as well as other relevant documents. 

For information and support for all Polycom voice products and software, and for access to supporting 
documentation, see Polycom UC Software Support Center. 

Polycom UC Software Administrators’ Guide 
 Version 4.0.1 

 Version 4.0.0 

 Version 3.0.0 

 Version 3.2.2 

Technical Bulletins, Quick Tips, White Papers, and Engineering Advisories 
 White Paper: Configuration File Management on Polycom® SoundPoint® IP, SoundStation® IP, 

and VVX® Phones 

 Technical Bulletin 35311: Maintaining Older Polycom® Phones Beyond Their Last Supported 
Software Release 

 Technical Bulletin 39358: Using Custom Ringtones on Polycom® SoundPoint® IP, SoundStation® 
IP, and Polycom VVX® 1500 Phones 

 Technical Bulletin 52609: Mutual Transport Layer Security Provisioning Using Microsoft® Internet 
Information Services 6.0 

 Technical Bulletin 56449: Polycom® SoundPoint® IP /SoundStation® IP /VVX® Software Changes 
in the Next Release 

 Quick Tip 57215: Phone Lock Feature on Polycom® Phones Running Polycom UC Software 

 Technical Bulletin 60519: Simplified Configuration Enhancements in Polycom® UC Software 3.3.0 

 Engineering Advisory 64731: Polycom® UC Software 4.0.x: Upgrade and Downgrade Methods 

 Technical Bulletin 66743: Security Advisory Relating to Denial of Service Vulnerability on Polycom® 
SoundPoint® IP and SoundStation® IP Phones 

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

User Guides 
 SoundPoint IP Phones  

 SoundStation IP Phones  

 VVX Business Media Phones 

Other Release Notes 
 SoundStation Duo  

 SoundStructure VoIP Interface 

 VVX 500 

http://support.polycom.com/PolycomService/support/us/support/voice/polycom_uc/polycom_uc_software_support_center.html
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/UC_Software_Admin_Guide_v4_0_1.pdf
http://support.polycom.com/global/documents/support/setup_maintenance/products/voice/spip_ssip_vvx_Admin_Guide_UCS_v4_0_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/setup_maintenance/products/voice/spip_ssip_vvx_Admin_Guide_SIP_3_2_2_eng.pdf
http://www.polycom.com/common/documents/support/technical/products/voice/white_paper_configuration_file_management_on_soundpoint_ip_phones.pdf
http://www.polycom.com/common/documents/support/technical/products/voice/white_paper_configuration_file_management_on_soundpoint_ip_phones.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/technical/products/voice/SoundPointIP_Phone_Support_in_SIP_3_2_TB35311.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/technical/products/voice/SoundPointIP_Phone_Support_in_SIP_3_2_TB35311.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/technical/products/voice/Using_Custom_Ringer_Tones_TB39358.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/technical/products/voice/Using_Custom_Ringer_Tones_TB39358.pdf
http://support.polycom.com/global/documents/support/technical/products/voice/Mutual_TLS_Provisioning_with_IIS_TB52609.pdf
http://support.polycom.com/global/documents/support/technical/products/voice/Mutual_TLS_Provisioning_with_IIS_TB52609.pdf
http://support.polycom.com/global/documents/support/technical/products/voice/Config_Improvements_TB56449.pdf
http://support.polycom.com/global/documents/support/technical/products/voice/Config_Improvements_TB56449.pdf
http://support.polycom.com/global/documents/support/technical/products/voice/Phone_Lock_Feature_QT57215.pdf
http://support.polycom.com/global/documents/support/technical/products/voice/Simplified_Configuration_Improvements_in_UC_Software3_3_0_TB60519.pdf
http://support.polycom.com/global/documents/support/technical/products/voice/Upgrade_Downgrade_UCS_v4_0_0_EA64731.pdf
http://support.polycom.com/global/documents/support/technical/products/voice/SoundPoint_Vulnerable_to_DOS_Attack_TB66743.pdf
http://support.polycom.com/global/documents/support/technical/products/voice/SoundPoint_Vulnerable_to_DOS_Attack_TB66743.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/technical/products/voice/FP72430_Lync_Interop_1725-47118-001.pdf
http://support.polycom.com/PolycomService/support/us/support/voice/soundpoint_ip/index.html
http://support.polycom.com/PolycomService/support/us/support/voice/soundstation_ip_series/index.html
http://support.polycom.com/PolycomService/support/us/support/voice/business_media_phones/index.html
http://downloads.polycom.com/voice/ssduo/SSDuo_Release_Notes_UCS_v4_0_0.pdf
http://support.polycom.com/PolycomService/support/us/support/voice/soundstructure/c_series.html
http://support.polycom.com/PolycomService/support/us/support/voice/business_media_phones/vvx500.html
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SoundStation IP 7000 and HDX Integration Information 
 SoundStation IP 7000 Integration with Polycom HDX Overview 

 SoundStation IP 7000 Integration with Polycom HDX FAQs 

 User Guide for the Polycom® SoundStation® IP 7000 Phone Connected to a Polycom HDX™ 
System in Unsupported VoIP Environments 

 Integration Guide for the Polycom® SoundStation® IP 7000 Conference Phone Connected to a 
Polycom® HDX™ System in Unsupported VoIP Environments 

Miscellaneous 
 SIP/UCS Downloads Matrix 

http://www.polycom.com/global/documents/support/sales_marketing/products/voice/soundstation_ip_7000_hdx_integration_overview.pdf
http://www.polycom.com/global/documents/support/sales_marketing/products/voice/soundstation_ip_7000_hdx_integration_faq.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/user/products/voice/ssip7000_HDX_User_Guide_SIP_3_2.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/user/products/voice/ssip7000_HDX_User_Guide_SIP_3_2.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/ssip7000_HDX_Integration_Guide.pdf
http://supportdocs.polycom.com/PolycomService/support/global/documents/support/setup_maintenance/products/voice/ssip7000_HDX_Integration_Guide.pdf
http://downloads.polycom.com/voice/voip/sip_sw_releases_matrix.html
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Copyright and Trademark Information 
Copyright© 2016, Polycom, Inc. All rights reserved. No part of this document may be reproduced, translated into 
another language or format, or transmitted in any form or by any means, electronic or mechanical, for any purpose, 
without the express written permission of Polycom, Inc. 
6001 America Center 
Drive San Jose, CA 
95002 
USA 

 
Trademarks Polycom®, the Polycom logo and the names and marks associated with Polycom products are 
trademarks and/or service marks of Polycom, Inc., and are registered and/or common law marks in the United 
States and various other countries. 

 

 

All other trademarks are property of their respective owners. No portion hereof may be reproduced or transmitted in 
any form or by any means, for any purpose other than the recipient's personal use, without the express written 
permission of Polycom. 

 
Disclaimer While Polycom uses reasonable efforts to include accurate and up-to-date information in this 
document, Polycom makes no warranties or representations as to its accuracy. Polycom assumes no liability or 
responsibility for any typographical or other errors or omissions in the content of this document. 

 
Limitation of Liability Polycom and/or its respective suppliers make no representations about the suitability of 
the information contained in this document for any purpose. Information is provided "as is" without warranty of any 
kind and is subject to change without notice. The entire risk arising out of its use remains with the recipient. In no 
event shall Polycom and/or its respective suppliers be liable for any direct, consequential, incidental, special, 
punitive or other damages whatsoever (including without limitation, damages for loss of business profits, business 
interruption, or loss of business information), even if Polycom has been advised of the possibility of such damages. 

 
End User License Agreement By installing, copying, or otherwise using this product, you acknowledge that 
you have read, understand and agree to be bound by the terms and conditions of the End User License Agreement 
for this product. The EULA for this product is available on the Polycom Support page for the product. 

 
Patent Information The accompanying product may be protected by one or more U.S. and foreign patents 
and/or pending patent applications held by Polycom, Inc. 

 
Open Source Software Used in this Product This product may contain open source software. You may 
receive the open source software from Polycom up to three (3) years after the distribution date of the applicable 
product or software at a charge not greater than the cost to Polycom of shipping or distributing the software to 
you. To receive software information, as well as the open source software code used in this product, contact 
Polycom by email at OpenSourceVideo@polycom.com. 

 
Customer Feedback We are striving to improve our documentation quality and we appreciate your feedback. 
Email your opinions and comments to DocumentationFeedback@polycom.com. 

 

Polycom Support Visit the Polycom Support Center for End User License Agreements, software downloads, 
product documents, product licenses, troubleshooting tips, service requests, and more. 

 

mailto:OpenSourceVideo@polycom.com
mailto:DocumentationFeedback@polycom.com
http://support.polycom.com/

