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A number of features are associated with flexible call appearances. Use the table Flexible Call 

Appearances to understand how you can organize registrations, line keys per registration, and concurrent 

calls per line key. 

In the following table, 

● Registrations The maximum number of user registrations 

● Line Keys The maximum number of line keys 

● Line Keys Per Registration The maximum number of line keys per user registration 

● Calls Per Line Key The maximum number of concurrent calls per line key 

● Concurrent Calls (includes Conference Legs) The runtime maximum number of concurrent 

calls. (The number of conference participants minus the moderator.) 

Flexible Call Appearances 

Phone Model Registrations Line Keys Line keys Per 

Registration 

Calls Per 

Line Key 

Concurrent 

Calls*  

VVX 300, 310 34 48 34 24 24 (2) 

VVX 400, 410 34 48 34 24 24 (2) 

VVX 500 34 48 12 24 24 (2) 

VVX 600 34 48 12 24 24 (2) 

VVX 1500 34 48 24 24 24 (2) 

* Note that each conference leg counts as one call. The total number of concurrent calls in a conference indicated in this table 

includes all conference participants minus the moderator. 

 

Enable Bridged Line Appearance 

Bridged line appearance connects calls and lines to multiple phones. See the table Enable Bridged Line 

Appearance for a list of the parameters you can configure. With bridged line appearance enabled, an 

active call displays simultaneously on multiple phones in a group. By default, the answering phone has 

sole access to the incoming call—line seize. If the answering phone places the call on hold, that call 
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becomes available to all phones of that group. All call states—active, inactive, on hold—are displayed on 

all phones of a group. For more information, see the section Bridged Line Appearance Signaling. 

 

 

Tip: Bridged line and shared call appearance are distinct 

Shared call appearances and bridged line appearances are similar signaling methods that enable 
more than one phone to share the same line or registration. The methods you use vary with the SIP 
call server you are using. In the configuration files, bridged lines are configured by shared line 
parameters. The barge-in feature is not available with bridged line appearances; it is available with 
shared call appearances. 

 

Enable Bridged Line Appearance 

Parameter Function template > parameter 

Specify whether call diversion should be disabled by default on all 
shared lines. 

sip-interop.cfg > call.shared.disableDivert 

Specify the per-registration line type (private or shared). reg-advanced.cfg > reg.x.type 

Specify the shared line third-party name. reg-advanced.cfg > reg.x.thirdPartyName 

Specify whether call diversion should be disabled on a specific 
shared line (overrides default). 

reg-advanced.cfg > divert.x.sharedDisabled 

 

Example Bridged Line Appearance Configuration 

To begin using bridged line appearance, you must get a registered address dedicated for use with 

bridged line appearance from your call server provider. This dedicated address must be assigned to a 

phone line in the reg.x.address parameter of the reg-basic.cfg template. 
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Parameter Permitted Values Default 

call.rejectBusyOnDnd1 0 or 1 1 

If 1, and DND is turned on, the phone rejects incoming calls with a busy signal. If set to 0, and DND is turned on, 
the phone gives a visual alert of incoming calls and no audio ringtone alert. 

Note: This parameter does not apply to shared lines since not all users may want DND enabled. 

call.rejectOnNoCallWaiting 0 or 1 1 

When enabled, if a call is active on the primary phone line, other lines send a 486 Busy when receiving incoming 
calls. When disabled, if the primary line is active, incoming calls to other lines on the phone visually alert you to 
the calls and require you to answer, reject, or manually silence the calls. 

call.ringBackTimeOut1 positive integer 60 

Specify a time in seconds to allow an outgoing call to remain in the ringback state before dropping the call, 
0=infinite. 

call.serverMissedCall.x.enabled1 0 or 1 0 

If 0, all missed-call events increment the counter. If set to 1, only missed-call events sent by the server will 
increment the counter. Note: This feature is supported with the BroadSoft Synergy call server only (previously 
known as Sylantro). 

call.shared.disableDivert1 0 or 1 1 

If set to 1, the diversion feature for shared lines is disabled. Note: This feature is disabled on most call servers. 

call.shared.exposeAutoHolds1 0 or 1 0 

If 1, a re-INVITE is sent to the server when setting up a conference on a shared line. If 0, no re-INVITE is sent to 
the server. 

call.shared.oneTouchResume1 0 or 1 0 

If set to 1, all users on a shared line can resume held calls by pressing the shared line key. If more than one call 
is on hold, the first held call is selected and resumed. 

If set to 0, selecting the shared line opens all current calls that the user can choose from. 

A quick press and release of the line key resumes a call whereas pressing and holding down the line key shows 
a list of calls on that line. 

call.shared.seizeFailReorder1 0 or 1 1 

If set to 1, play re-order tone locally on shared line seize failure. 

call.singleKeyPressConference 0 or 1 1 

Specify whether or not all parties hear sound effects while setting up a conference. 

call.stickyAutoLineSeize1 0 or 1 0 

If set to 1, the phone uses sticky line seize behavior. This helps with features that need a second call object to 
work with. The phone attempts to initiate a new outgoing call on the same SIP line that is currently in focus on the 
LCD (this was the behavior in SIP 1.6.5). Dialing through the call list when there is no active call uses the line 
index for the previous call. Dialing through the call list when there is an active call uses the current active call line 
index. Dialing through the contact directory uses the current active call line index. 

If set to 0, the feature is disabled (this was the behavior in SIP 1.6.6). Dialing through the call list uses the line 
index for the previous call. Dialing through the contact directory uses a random line index. 

Note: This may fail due to glare issues in which case the phone may select a different available line for the call. 
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Parameter Permitted Values Default 

divert.x.sharedDisabled1 0 or 1 1 

If 0, call diversion features can be used on shared lines. If 1, call diversion features are disabled on shared lines. 

divert.x.autoOnSpecificCaller2 0 or 1 1 

If 0, the auto divert feature of the contact directory is disabled for registration x. If 1, calls on registration x may be 
diverted using auto divert, you may specify to divert individual calls or divert all calls. 

divert.busy.x.enabled2 

divert.busy.x.contact1 

0 or 1 

contact address 
1 

Null 

Divert incoming calls that reach a busy signal. If enabled is set to 1, calls are diverted when registration x is 

busy. Calls are sent to the busy contact’s address if it is specified; otherwise calls are sent to the default contact 

specified by divert.x.contact. If enabled is set to 0, calls are not diverted if the line is busy. 

divert.dnd.x.enabled2 

divert.dnd.x.contact1 

0 or 1 

contact address 
0 

Null 

Divert calls when do not disturb is enabled. If enabled is set to 1, calls are diverted when DND is enabled on 

registration x. Calls are sent to the DND contact’s address if it is specified; otherwise calls are sent to the default 
contact specified by divert.x.contact.  

divert.fwd.x.enabled2 0 or 1 1 

If 0, the user cannot enable universal call forwarding (automatic forwarding for all calls on registration x). If 1, a 
Forward soft key displays on the phone’s Home screen that you can use to enable universal call forwarding. 

divert.noanswer.x.enabled2 

divert.noanswer.x.contact1 

divert.noanswer.x.timeout1 

0 or 1 

contact address 

positive integer 

1 

Null 

55 

If no-answer call diversion is enabled, calls that are not answered after the number of seconds specified by 

timeout are sent to the no-answer contact. If the no-answer contact is set to Null, the call is sent to the 

default contact specified by divert.x.contact. If enabled is set to 0, calls are diverted if they are not 

answered. 

1 Change causes phone to restart or reboot. 
2 Change causes phone to restart or reboot. If server-based call forwarding is enabled, this parameter is disabled. 

 

<dns/> 
The <dns/> parameters include: 

● DNS-A 

● DNS-NAPTR 

● DNS-SRV 

You can enter a maximum of 12 record entries for DNS-A, DNS-NAPTR, and DNS-SRV records. 
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DNS-A 

Add up to 12 DNS-A record entries using the parameters in the table DNA-A Parameters. Specify the 

address, name, and cache time interval for DNS-A record x, where x is from 1 to 12. 

DNA-A Parameters 

Parameter Permitted values Default 

dns.cache.A.x.address dotted-decimal IP version 4 
address 

Null 

IP address. 

dns.cache.A.x.name valid hostname Null 

Hostname 

dns.cache.A.x.ttl 300 to 536870912 (2^29), seconds 300 

The TTL describes the time period the phone uses the configured static cache record. If a dynamic network 
request receives no response, this timer begins on first access of the static record and once the timer expires, 
the next lookup for that record retries a dynamic network request before falling back on the static entry and its 
reset TTL timer again. 

 

DNS-NAPTR 

Add up to 12 DNS-NAPTR record entries using parameters in the table DNS-NAPTR Parameters. Specify 

each parameter for DNS-NAPTR record x, where x is from 1 to 12. 

DNS-NAPTR Parameters 

Parameter Permitted values Default 

dns.cache.NAPTR.x.flags A single character from [A-Z, 0-9] Null 

The flags to control aspects of the rewriting and interpretation of the fields in the record. Characters are case-
sensitive. At this time, only ‘S’, ‘A’, ‘U’, and ‘P’ are defined as flags. See RFC 2915 for details of the permitted 
flags. 

dns.cache.NAPTR.x.name domain name string Null 

The domain name to which this resource record refers. 

dns.cache.NAPTR.x.order 0 to 65535 0 

An integer specifying the order in which the NAPTR records must be processed to ensure the correct ordering of 
rules. 

dns.cache.NAPTR.x.preference 0 to 65535 0 

A 16-bit unsigned integer that specifies the order in which NAPTR records with equal "order" values should be 
processed. Low numbers are processed before high numbers. 

http://www.ietf.org/rfc/rfc2915.txt
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Parameter Permitted values Default 

dns.cache.NAPTR.x.regexp string containing a substitution 
expression 

Null 

This parameter is currently unused. 

Applied to the original string held by the client. The substitution expression is applied in order to construct the 
next domain name to look up. The grammar of the substitution expression is given in RFC 2915. 

dns.cache.NAPTR.x.replacement domain name string with SRV prefix Null 

The next name to query for NAPTR records depending on the value of the flags field. It must be a fully qualified 
domain-name. 

dns.cache.NAPTR.x.service string Null 

Specifies the service(s) available down this rewrite path. For more information, see RFC 2915. 

dns.cache.NAPTR.x.ttl 300 to 536870912 (2^29), seconds 300 

The TTL describes the time period the phone uses the configured static cache record. If a dynamic network 
request receives no response, this timer begins on first access of the static record and once the timer expires, 
the next lookup for that record retries a dynamic network request before falling back on the static entry and its 
reset TTL timer again. 

 

DNS-SRV 

Add up to 12 DNS-SRV record entries using parameters in the table DNS-SRV Parameters. Specify each 

parameter for DNS-SRV record x, where x is from 1 to 12. 

DNS-SRV Parameters 

Parameter Permitted values Default 

dns.cache.SRV.x.name domain name string with SRV 
prefix 

Null 

The domain name string with SRV prefix. 

dns.cache.SRV.x.port 0 to 65535 0 

The port on this target host of this service. For more information, see RFC 2782. 

dns.cache.SRV.x.priority 0 to 65535 0 

The priority of this target host. For more information, see RFC 2782. 

dns.cache.SRV.x.target domain name string Null 

The domain name of the target host. For more information, see RFC 2782. 

dns.cache.SRV.x.ttl 300 to 536870912 (2^29), seconds 300 

The TTL describes the time period the phone uses the configured static cache record. If a dynamic network 
request receives no response, this timer begins on first access of the static record and once the timer expires, 
the next lookup for that record retries a dynamic network request before falling back on the static entry and its 
reset TTL timer again. 

http://tools.ietf.org/html/rfc2915
http://tools.ietf.org/html/rfc2915
http://www.ietf.org/rfc/rfc2782.txt
http://www.ietf.org/rfc/rfc2782.txt
http://www.ietf.org/rfc/rfc2782.txt
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Parameter Permitted Values Default 

qos.ip.rtp.video.dscp1 0 to 63 or EF or any of AF11,AF12, 
AF13,AF21, AF22,AF23, AF31,AF32, 
AF33,AF41, AF42,AF43 

Null 

Allows the DSCP of packets to be specified. If the value is non-null, this parameter overrides the other 

qos.ip.rtp.video.*parameters. The default value is Null, so the other qos.ip.rtp.video.* parameters 

are used. 

qos.ip.rtp.video.max_reliability1 

qos.ip.rtp.video.max_throughput1 

qos.ip.rtp.video.min_cost1 

qos.ip.rtp.video.min_delay1 

qos.ip.rtp.video.precedence1 

0 or 1 

0 or 1 

0 or 1 

0 or 1 

0 -7 

0 

1 

0 

1 

5 

Set the bits in the IP ToS field of the IP header used for RTP video. Specify whether or not to set the max 
reliability bit, the max throughput bit, the min cost bit, the min delay bit, and the precedence bit.  

If 0, the bit in the IP ToS field of the IP header is not set. If 1, the bit is set. 

1 Change causes phone to restart or reboot. 

 

<reg/> 
This section lists all per-registration parameters you can configure. Per-registration parameters apply to a 

single unique registered line on a phone. You also have the option of associating each registration with a 

private array of servers for segregated signaling. To see the maximum number of registered lines all 

Polycom phones support see the table Flexible Call Appearances. 

The tables Registration Parameters and Registration Server Parameters list all line registration and server 

registration parameters. 

Registration Parameters 

Parameter Permitted Values Default 

reg.x.acd-login-logout 

reg.x.acd-agent-available 

0 or 1 

0 or 1 

0 

0 

If both ACD login/logout and agent available are set to 1 for registration x, the ACD feature is enabled for that 
registration. 

reg.x.address string address Null 

The user part (for example, 1002) or the user and the host part (for example, 1002@polycom.com) of the 
registration SIP URI or the H.323 ID/extension. 

reg.x.applyServerDigitMapLocally 0 or 1 0 

If 1 and reg.x.server.y.specialInterop is set to lync2010, the phone uses the dialplan from the 

Microsoft Lync Server. Any dialed number applies the dial plan locally.  

If 0, the dialplan from the Microsoft Lync Server is not used. 



Polycom® UC Software 5.2 Administrator Guide UC Software 5.2 

394 

 

Parameter Permitted Values Default 

reg.x.strictLineSeize 0 or 1 0 

If 1, the phone is forced to wait for 200 OK on registration x when receiving a TRYING notify. If set to 0, dial prompt 
is provided immediately when you attempt to seize a shared line without waiting for a successful OK from the call 
server. This parameter overrides voIpProt.SIP.strictLineSeize for registration x. 

reg.x.tcpFastFailover 0 or 1 0 

If 1, failover occurs based on the values of reg.x.server.y.retryMaxCount and 

voIpProt.server.x.retryTimeOut. If 0, a full 32 second RFC compliant timeout is used.  

reg.x.telephony 0 or 1 1 

If 0, telephony calls are not enabled on this registration (use this value if the registration is used with Microsoft Office 
Communications Server 2007 R2 or Microsoft Lync 2010. If 1, telephony calls are enabled on this registration. 

reg.x.thirdPartyName string address Null 

This field must match the reg.x.address value of the registration which makes up the part of a bridged line 

appearance (BLA). It must be Null in all other cases. 

reg.x.type private or shared private 

If set to private, use standard call signaling. If set to shared, augment call signaling with call state subscriptions and 
notifications and use access control for outgoing calls. 

reg.x.useCompleteUriForRetrieve 0 or 1 1 

This parameters overrides voipPort.SIP.useCompleteUriForRetrieve. If set to 1, the target URI in BLF 

signaling uses the complete address as provided in the xml dialog document. 

If set to 0, only the user portion of the XML dialog document is used and the current registrar's domain is appended 
to create the full target URI.  

1 Change causes phone to restart or reboot. 

 

You can list multiple registration servers for fault tolerance. In the table Registration Server Parameters, 

you can list four servers by using y=1 to 4. If the reg.x.server.y.address is not null, all of the 

parameters in the following table override the parameters specified in voIpProt.server.*. The server 

registration parameters are listed in the following table: 

Registration Server Parameters 

Parameter Permitted Values Default 

reg.x.server.H323.y.address dotted-decimal 
IP address or 
hostname 

Null 

Address of the H.323 gatekeeper. 

reg.x.server.H323.y.port 0 to 65535 0 

Port to be used for H.323 signaling. If set to Null, 1719 (H.323 RAS signaling) is used. 
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Miscellaneous pattern name Description 

remote hold notification Remote hold notification 

welcome Welcome (boot up) 

 

<rt/> 

Ringtone is used to define a simple class of ring to be applied based on some credentials that are usually 

carried within the network protocol. The ring class includes parameters such as call-waiting and ringer 

index, if appropriate. The ring class can use one of four types of rings that are defined as follows: 

● Ring Plays a specified ring pattern or call waiting indication. 

● Visual Provides a visual indication (no audio) of an incoming call;, no ringer needs to be 

specified. 

● Answer Provides auto-answer on an incoming call. 

● Ring-answer Provides auto-answer on an incoming call after a certain number of rings. 

 

 

Note: Use the answer ring type  

The auto answer for an incoming call works only when there is no other call in progress on your 
phone, including no other calls in progress on phone lines you share or are monitoring. 
However, if a phone initiates a call on a line you are sharing or monitoring, auto answer on your 
phone works. 

 

The phone supports the following ring classes: default, visual, answerMute, autoAnswer, 

ringAnswerMute, ringAutoAnswer, internal, external, emergency, precedence, splash, and 

custom<y> where y is 1 to 17. 

In the following table, x is the ring class name. 

 

 

Caution: Ringtone parameters do not work after a software downgrade 

If a phone has been upgraded to Polycom UC Software 4.0.0 and then downgraded to SIP 3.2.3 or 
earlier, the ringtone parameters are unusable due to configuration parameters name changes in UC 
Software 4.0.0. 

 

Sound Effects Ringtone Parameters 

Parameter Permitted Values Default Value 

se.rt.enabled 0 or 1 1 

If 0, the ringtone feature is not enabled on the phone. If 1, the ringtone feature is enabled. 
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<codecPref/> 

See the table <codecPref/>. 

Video Codec Preference Parameters 

Parameter Permitted Values Default 

video.codecPref.H2611 

video.codecPref.H2641 

video.codecPref.H263 19981 

video.codecPref.H2631 

1 to 4 4 

1 

2 

3 

Specifies the video codec preferences for the VVX 500, 600, and 1500 phones. Note that the VVX 500 and 600 
support H.263 and H.264 and do not support H.261 or H.263 1998. 

1 Change causes phone to restart or reboot. 

 

<profile/> 

The table Video Profile Parameters contains settings for a group of low-level video codec parameters. For 

most use cases, the default values are appropriate. Polycom does not recommend changing the default 

values unless specifically advised to do so. 

Video Profile Parameters 

Parameter Permitted Values Default 

video.profile.H261.annexD1 0 or 1 1 

Enable or disable Annex D when negotiating video calls. 

video.profile.H261.CifMpi1 1 to 32 1 

Specify the frame rate divider that the phone uses when negotiating CIF resolution for a video call. You can enter 
a value between 0-4. To disable, enter ‘0’. The default frame rate divider is ‘1’. 

video.profile.H261.jitterBufferMax1 (video.profile.H261.jitter BufferMin + 
500ms) to 2500ms 

2000ms 

The largest jitter buffer depth to be supported (in milliseconds). Jitter above this size always causes lost packets. 
This parameter should be set to the smallest possible value that support the expected network jitter. 

video.profile.H261.jitterBufferMin1 33ms to 1000ms  150ms 

The smallest jitter buffer depth (in milliseconds) that must be achieved before play out begins for the first time. 
Once this depth has been achieved initially, the depth may fall below this point and play out still continues. This 
parameter should be set to the smallest possible value which is at least two packet payloads, and larger than the 
expected short term average jitter. 

video.profile.H261.jitterBufferShrink1 33ms to 1000ms 70ms 

The absolute minimum duration time (in milliseconds) of RTP packet Rx with no packet loss between jitter buffer 
size shrinks. Use smaller values (33 ms) to minimize the delay on known good networks. Use larger values 
(1000ms) to minimize packet loss on networks with large jitter (3000 ms). 
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Session Description Protocol (SDP) Parameters 

Parameter Permitted Values Default 

voIpProt.SDP.answer.useLocalPreferences 0 or 1 0 

If set to 1, the phones uses its own preference list when deciding which codec to use rather than the preference 
list in the offer. If set to 0, it is disabled. 

Note: If the H.323 call from a Polycom VVX 1500 selects a lower-quality codec (H.261) but the called device also 
support H.264, this parameter should be enabled to resolve the situation. 

voIpProt.SDP.early.answerOrOffer 0 or 1 0 

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. 

Note: An SDP offer or answer is not generated if reg.x.musicOnHold.uri is set. 

voIpProt.SDP.iLBC.13_33kbps.includeMode 0 or 1 1 

If set to 1, the phone should include the mode=30 FMTP parameter in SDP offers: 

If voice.codecPref.iLBC.13_33kbps is set and voice.codecPref.iLBC.15_2kbps is Null. 

If voice.codecPref.iLBC.13_33kbps and voice.codecPref.iLBC.15_2kbps are both set, the iLBC 13.33 kbps codec 
is set to a higher preference. 

If set to 0, the phone should not include the mode=30 FTMP parameter in SDP offers even if iLBC 13.33 kbps 
codec is being advertised. See the section <codecPref/>. 

voIpProt.SDP.useLegacyPayloadTypeNegotiation 0 or 1 0 

If set to 1, the phone transmits and receives RTP using the payload type identified by the first codec listed in the 
SDP of the codec negotiation answer. 

If set to 0, RFC 3264 is followed for transmit and receive RTP payload type values. 

 

<SIP/> 

The configuration parameters in the table Session Initiation Protocol Parameters is defined as follows. 

Session Initiation Protocol (SIP) Parameters 

Parameter Permitted Values Default 

voIpProt.SIP.acd.signalingMethod1 0 or 1 0 

If set to 0, the ‘SIP-B’ signaling is supported. (This is the older ACD functionality.) 

If set to 1, the feature synchronization signaling is supported. (This is the new ACD functionality.) 

voIpProt.SIP.alertInfo.x.class see the list of 
ring classes in 
<rt/> 

default 

Alert-Info fields from INVITE requests will be compared against as many of these parameters as are specified 
(x=1, 2, ..., N) and if a match is found, the behavior described in the corresponding ring class is applied. 

voIpProt.SIP.alertInfo.x.value string Null 

A string to match the Alert-Info header in the incoming INVITE. 
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When used with an appropriate server, the User Agent Computer Supported Telecommunications 

Applications (uaCSTA) feature on the phone may be used for remote control of the phone from computer 

applications such as Microsoft Office Communicator. 

The phone is compliant with “Using CSTA for SIP Phone User Agents (uaCSTA), ECMA TR/087” for the 

Answer Call, Hold Call, and Retrieve Call functions and “Services for Computer Supported 

Telecommunications Applications Phase III, ECMA – 269” for the Conference Call function. 

This feature is enabled by configuration parameters described in <SIP/> and <reg/> and needs to be 

activated by a feature application key. 

SIP for Instant Messaging and Presence Leveraging 

Extensions 

The phone is compatible with the Presence and Instant Messaging features of Microsoft Windows 

Messenger 5.1. In a future release, support for the Presence and Instant Message recommendations in 

the SIP Instant Messaging and Presence Leveraging Extensions (SIMPLE) proposals will be provided by 

the following Internet drafts or their successors: 

● draft-ietf-simple-cpim-mapping-01 

● draft-ietf-simple-presence-07 

● draft-ietf-simple-presencelist-package-00 

● draft-ietf-simple-winfo-format-02 

● draft-ietf-simple-winfo-package-02 

Shared Call Appearance (SCA) Signaling 

A shared line is an address of record managed by a call server. The server allows multiple endpoints to 

register locations against the address of record. 

Polycom devices support SCA using the SUBSCRIBE-NOTIFY method specified in RFC 6665. The 

events used are: 

● call-info for call appearance state notification 

● line-seize for the phone to ask to seize the line 

Bridged Line Appearance Signaling 

A bridged line is an address of record managed by a server. The server allows multiple endpoints to 

register locations against the address of record. 

The phone supports bridged line appearances (BLA) using the SUBSCRIBE-NOTIFY method in the “SIP 

Specific Event Notification” framework (RFC 3265). The events used are: 

● “dialog” for bridged line appearance subscribe and notify 

http://tools.ietf.org/html/rfc6665

