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SoundStation IP 7000
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Key ID
Key ID Function Key ID Function Key ID Function Key ID Function
1 SoftKey1 12 DialpadStar 23 Dialpad9 34 n/a
2 ArrowUp 13 SoftKey3 24 DialpadPound | 35 n/a
3 Menu 14 ArrowLeft 25 n/a 36 n/a
4 Conference 15 Dialpad2 26 Select 37 n/a
5 Redial 16 Dialpad5 27 VolUp 38 n/a
6 Handsfree 17 Dialpad8 28 VolDown 39 n/a
7 SoftKey2 18 DialpadO 29 MicMute 40 n/a
8 ArrowDown 19 SoftKey4 30 Release 41 n/a
9 Dialpad1 20 ArrowRight 31 n/a 42 n/a
10 Dialpad4 21 Dialpad3 32 n/a
1" Dialpad7 22 Dialpad6 33 n/a
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Key ID
Key ID Function Key ID Function Key ID Function Key ID Function
1 Messages 12 MicMute 23 Headset 34 Dialpad5
2 ArrowLeft 13 Directories 24 n/a 35 Dialpad8
3 Select 14 Redial 25 Menu 36 Dialpad0
4 ArrowRight 15 Conference 26 n/a 37 Applications
5 Delete 16 DoNotDisturb 27 Dialpad3 38 n/a
6 n/a 17 Handsfree 28 Dialpad6 39 Dialpad1
7 n/a 18 VolUp 29 Dialpad9 40 Dialpad4
8 ArrowUp 19 n/a 30 DialpadPound | 41 Dialpad7
9 ArrowDown 20 Video 31 n/a 42 DialpadStar
10 n/a 21 Transfer 32 n/a
11 n/a 22 Hold 33 Dialpad2

Internal Key Functions

A complete list of internal key functions for enhanced feature keys and hard
key mappings is shown in the following table.

The following guidelines should be noted:

e The Label value is case sensitive.

= Some functions are dependent on call state. Generally, if the soft key
appears on a call screen, the soft key function is executable. There are some
exceptions on the SoundPoint IP 32x/33x phone (because it does not
display as many soft keys).
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On the SoundPoint IP 32x/33x phone, CallPickup and ParkedPickup refer
to the same function. On other phones, CallPickup refers to the soft key
function that provides the menu with separate soft keys for parked
pickup, directed pickup, and group pickup.

Some functions depend on the feature being enabled. For example,
BuddysStatus and MyStatus require the presence feature to be enabled.

Hard key remappings do not require the Enhanced Feature key feature to
be enabled.

The table below shows only Linel to Line6 functions. For the SoundPoint
IP 650 and 670 phones with attached Expansion Modules, Line7 to Line48
functions are also supported.

Label Function Notes
ACDAvailable ACDAvailableFromlidle

ACDLogin ACDLoginLogout

ACDLogout ACDLoginLogout

ACDUnavailable

ACDAvailableFromidle

Answer Answer Call screen only
Applications Main Browser

ArrowDown ArrowDown

ArrowLeft ArrowLeft

ArrowRight ArrowRight

ArrowUp ArrowUp

Bargeln BargInShowAppearances, Bargeln Call screen only
BuddyStatus Buddy Status

Callers Callers

CallList Call Lists

CallPark ParkEntry Call screen only
CallPickup CallPickupEntry Call screen only
Conference ConferenceCall Call screen only
Delete Delete

Dialpad0O Dialpad0O

Dialpad1 Dialpad1

Dialpad2 Dialpad2
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Label Function Notes

Dialpad3 Dialpad3

Dialpad4 Dialpad4

Dialpad5 Dialpad5

Dialpad6 Dialpad6

Dialpad7 Dialpad7

Dialpad8 Dialpad8

Dialpad9 Dialpad9

DialpadPound DialpadPound

DialpadStar DialpadStar

DialpadURL Dialname Call screen only
DirectedPiclup DirectedPickup Call screen only
Directories Directories

Divert Forward

DoNotDisturb Do Not Disturb menu

Exit Exist existing menu Menu only
GroupPickup GroupPickup

Handsfree Handsfree

Headset Headset Desktop phones only
Hold Toggle Hold

Join Join Call screen only
LCR LastCallReturn

Line1 Line Key 1

Line2 Line Key 2

Line3 Line Key 3

Line4 Line Key 4

Line5 Line Key 5

Line6 Line Key 6

ListenMode Turn on speaker to listen only

Menu Menu

Messages Messages menu
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Label Function Notes

MicMute MicMute

MyStatus MyStatus

NewCall NewCall Call screen only
Null Do nothing

Offline Offline for presence

QuickSetup Quick Setup feature Call screen only
EnterRecord enterCallRecord Call screen only
Redial Redial Call screen only
Release EndCall or Cancel hot dial SoundStation IP 7000 only
ParkedPickup ParkedPickup Call screen only
Select Select

ServerACDAgentAvailable

serverACDAgentAvailable

ServerACDAgentUnavailable

serverACDAgentUnavailable

ServerACDSignin

serverACDSignIn

ServerACDSignOut serverACDSignOut

Setup Settings menu

Silence RingerSilence Call screen only
SoftKey1 SoftKey1

SoftKey2 SoftKey2

SoftKey3 SoftKey3

SoftKey4 SoftKey4

SpeedDial SpeedDial

Split Split Call screen only
Transfer Transfer Call screen only
Video Video Polyco m VVX 1500 only
VolDown VolDown

VolUp VolUp
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Assigning a VLAN ID Using DHCP

To assign a VLAN ID to a phone using DHCP:

>> Inthe DHCP menu of the Main setup menu, set VLAN Discovery to Fixed
or Custom.

When set to Fixed, the phone will examine DHCP options 128,144, 157 and
191 (in that order) for a valid DVD string.

When set to Custom, the value set in VLAN ID Option will be examined
for a valid DVD string.

DVD string in the DHCP option must meet the following conditions to be
valid:

Must start with ?VLAN-A=? (case-sensitive)

Must contain at least one valid ID

VLAN IDs range from 0 to 4095

Each VLAN ID must be separated by a ?+? character
The string must be terminated by a ?;?

All characters after the ?;? will be ignored

There must be no white space before the ?;?

VLAN IDs may be decimal, hex, or octal

For example:

The following DVD strings will result in the phone using VLAN 10:

VLAN-A=10;
VLAN-A=0x0a;
VLAN-A=012;

Note If a VLAN tag is assigned by CDP, DHCP VLAN tags will be ignored.

-21



Administrator’s Guide for the Polycom UC Software

The following figure shows the phone’s processing to determine if the VLAN
ID is valid:

DHCP Discover
{na VLAN tag)

Valid DVD sting
present in DHCP
option?

L

Ralease DHCP
address

For each VLAN
listed in OVD
siring (max 10)

Responsa o DHCP
Discover an WVLAN X
received?

More VLANs in DVD
string?

Yes Mo

Boot process continues
with VAN tag assigned Phone Rebools

4

Boot process continues
without any VLAN
assigned

Parsing Vendor ID Information

After the phone boots, it sends a DHCP Discover packet to the DHCP server.
This is found in the Bootstrap Protocol/option “Vendor Class Identifier”
section of the packet and includes the phone’s part number and the BootROM
version. The format of this option's data is not specified in RFC 2132, but is left
to each vendor to define its own format. To be useful, every vendor's format
must be distinguishable from every other vendor's format. To make our
format uniquely identifiable, the format follows RFC 3925, which uses the

C-22
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IANA Private Enterprise number to determine which vendor's format should
be used to decode the remaining data. The private enterprise number assigned
to Polycom is 13885 (0x0000363D).

This vendor ID information is not a character string, but an array of binary
data. The steps for parsing are as follows:

1. Check for the Polycom signature at the start of the option:
4 octet: 00 00 36 3d

2. Get the length of the entire list of sub-options:
1 octet

Read the field code and length of the first sub-option, 1+1 octets
If this is a field you want to parse, save the data.

Skip to the start of the next sub-option.

o a0k~ w

Repeat steps 3 to 5 until you have all the data or you encounter the
End-of-Suboptions code (0xFF).

For example, the following is a sample decode of a packet from an IP601:

3c 74
- Option 60, length of Option data (part of the DHCP spec.)
00 00 36 3d
- Polycom signature (always 4 octets)
6f
- Length of Polycom data
01 07 50 6f 6¢c 79 63 6fF 6d
- sub-option 1 (company), length, "Polycom"
02 15 53 6f 75 6e 64 50 6f 69 6e 74 49 50 2d 53 50 49 50 5f 36 30 31
- sub-option 2 (part), length, "SoundPointIP-SPIP_601"
03 10 32 33 34 35 2d 31 31 36 30 35 2d 30 30 31 2c 32
- sub-option 3 (part number), length, "2345-11605-001,2"
04 1c 53 49 50 2f 54 69 70 2e 58 58 58 58 2f 30 38 2d 4a 75 6e 2d 30 37
20 31 30 3a 34 34
- sub-option 4 (Application version), length, "SIP/Tip.XXXX/08-Jun-07
10:44"
05 1d 42 52 2f 33 2e 31 2e 30 2e 58 58 58 58 2f 32 38 2d 41 70 72 2d 30
35 20 31 33 3a 33 30
- sub-option 5 (BootROM version), length, "BR/3.1.0.XXXX/28-Apr-05
13:30"
ff
- end of sub-options

For the BootROM, sub-option 4 and sub-option 5 will contain the same string.
The string is formatted as follows:

<apptype>/<buildid>/<date+time>
where:
<apptype> can be "BR" (BootROM) or "SIP" (SIP Application)
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Product, Model, and Part Number Mapping

In SIP 2.1.2, enhancements to the master configuration file were made to allow
you to direct phone upgrades to a software image and configuration files
based on phone model number, firmware part number, or MAC address.

The part number specific version has precedence over the model number
version, which has precedence over the original version. For example,
CONFIG_FILES_2345-11560-001="phonel_2345-11560-001.cfg,
sip_2345-11560-001.cfg” will override
CONFIG_FILES_SPIP560="phonel_SPIP560.cfg, sip_SPIP560.cfg”, which will
override CONFIG_FILES="phonel.cfg, sip.cfg” for an SoundPoint IP 560.

You can also add variables to the master configuration file that are replaced
when the phone reboots. The variables include PHONE_MODEL,
PHONE_PART_NUMBER, and PHONE_MAC_ADDRESS.

The following table shows the product name, model name, and part number
mapping for SoundPoint IP, SoundStation IP, and Polycom VVX 1500 phones:

Product Name Model Name Product Part Number
SoundPoint IP 300 SPIP300 2345-11300-001
SoundPoint IP 301 SPIP301 2345-11300-010
SoundPoint IP 320 SPIP320 2345-12200-002,
2345-12200-005
SoundPoint IP 321 SPIP321 2345-13600-001
SoundPoint IP 330 SPIP330 2345-12200-001,
2345-12200-004
SoundPoint IP 331 SPIP331 2345-12365-001
SoundPoint IP 335 SPIP335 2345-12375-001
SoundPoint IP 430 SPIP430 2345-11402-001
SoundPoint IP 450 SPIP450 2345-12450-001
SoundPoint IP 500 SPIP500 2345-11500-001,

2345-11500-010,
2345-11500-020

SoundPoint IP 501 SPIP501 2345-11500-030,

2345-11500-040
SoundPoint IP 550 SPIP550 2345-12500-001
SoundPoint IP 560 SPIP560 2345-12560-001
SoundPoint IP 600 SPIP600 2345-11600-001
SoundPoint IP 601 SPIP601 2345-11605-001
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Product Name Model Name Product Part Number
SoundPoint IP 650 SPIP650 2345-12600-001
SoundPoint IP 670 SPIP670 2345-12670-001
SoundStation IP 4000 SSIP4000 2201-06642-001
SoundStation IP 5000 SSIP5000 3111-30900-001
SoundStation IP 6000 SSIP6000 3111-15600-001
SoundStation IP 7000 SSIP7000 3111-40000-001
Polycom VVX 1500 VVX1500 2345-17960-001

Disabling PC Ethernet Port

Certain SoundPoint IP phones have a PC Ethernet port. If it is unused, it can

be disabled.

The PC Ethernet port can be disabled on the SoundPoint IP 33x, 450, 550, 560,
601, 650, and 670, and Polycom VVX 1500 through the menu (shown below).
The Ethernet port can also be disabled through the configuration files.

To disable the Ethernet port on a supported SoundPoint IP phone:

1. Press .

2. Select Settings > Advanced > Network Configuration > Ethernet Menu.

You must enter the administrator password to access the network
configuration. The factory default password is 456.

o o b~ w

Press the Exit soft key.

Select Save Config.

Scroll down to PC Port Mode and select Edit.
Select Disabled, and then press the OK soft key.

The Polycom phone reboots. When the reboot is complete, the PC Ethernet

port is disabled.

Modifying Phone’s Configuration Using the Web Interface

You can make changes to the phone’s configuration through the web interface
to the phone. These changes are stored in a separate file. You can remove these

changes at a later time.
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To configure your phone through the web interface:
>> Using your chosen browser, do the following:

a To get your phone’s IP address, press the Menu key, and then
selecting Status > Platform > Phone. Scroll down to see the IP
address.

b Enter your phone’s IP address as the browser address.

A web page similar to the one shown below appears.

POLYCOM SoundPoint IP Configuration

Home General MNetwork SIP Lines

Welcome to the SoundPoint IP Configuration Utility.

Select an area to configure frorm the menu above.

Phone Information

Phone Model: | SoundPaoint IP 670

Part Mumber; FESESS S ST

MAC Address: (D00 0

IP Address: | 020

SIP Software Version
BootROM Software Wersion | 200 D0

¢ Select SIP from the menu tab.
You will be prompted for the SIP username and password.

A web page similar to the one shown below appears.

POLYCOM SoundPoint IP Configuration

Home General Network Sip Lines

SIP Configuration Parameters:
Local Settings Servers
.

Local Settings

LosalSPPortl0 |

24

Calls Per Line Key

Mew SDP Type ) o

Live Communication Server Support

Maon Standard Line Seize

[£2-9]11|0T|O011xxx.T|
Digitmap | [0-1] [2-9] xxxxxxxxx]

Digitman Timeout

Remaove End-C-Dial Marker
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d Make the desired configuration changes.
e Scroll down to the bottom of the Servers section.
f  Select the Submit button.

A web page similar to the one shown below appears.

POLYCOM SoundPoint IP Configuration

Home General Network sip Lines

Configuration Updated.

Flease wait a few seconds foryour phone to reconfigure and restart.

Your phone will reboot.
g Select General from the menu tab.

A web page similar to the one shown below appears.

POLYCOM

SoundPoint IP Configuratio

Home General Network SIP Lines
General Configuration Parameters:
User Preferences Time Audio Processing Background Sampled Audio

Microbrowser Logging Applications Phone Lock

User Preferences

Headset Mernory Mode [

Lise Directory Mames [

One Touch Yaice Mail

Bypass Instant Message

Welcame Sound (All Boot)

h  If you make any changes, scroll down to the bottom of the section.
i Select the Submit button.

Your phone will reboot.

To remove the changes made through the web interface:

1. Pressthe Menu key, and then select Settings > Advanced > Admin
Settings > Reset to Defaults > Reset Web Configuration.

2. Press the Yes soft key.

Your phone will reboot. All overrides are removed.
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Capturing Phone’s Current Screen

You can capture the current screen on a SoundPoint IP, SoundStation IP or
VVX phone through the web interface to the phone.

To capture the phone’s current screen:

1. Modify the your configuration file as follows:
a Open the file in an XML editor.
b Add the following line:

<up up.screenCapture.enabled="1" />
¢ Save the modified configuration file.
2. On the phone, do the following:

a Press the Menu key, and then select Settings > Basic > Preferences >
Screen Capture.

b  Using the arrow keys, select Enabled, and then press the Select soft
key.

Note You need to re-enable the Screen Capture feature after every phone restart or
reboot (repeat step 2).

1. Using your chosen browser, do the following:

— To get your phone’s IP address, press the Menu key, and then select
Status > Platform > Phone. Scroll down to see the IP address.

— As the browser address, enter http://<phone’s 1P
address>/captureScreen .

The current screen that is shown on the phone is shown in the browser
window. The image can be saved as a BMP or JPEG file.

LLDP and Supported TLVs

The Link Layer Discovery Protocol (LLDP) is a vendor-neutral Layer 2
protocol that allows a network device to advertise its identity and capabilities
on the local network. The protocol was formally ratified as IEEE standard
802.1AB- 2005 in May 2005. Refer to section 10.2.4.4 of the LLDP-MED
standard at
http://www.tiaonline.org/standards/technology/voip/documents/ANSI-
TIA-1057_final_for_publication.pdf .

C-28
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The LLDP feature (added in SIP 3.2.0) supports VLAN discovery and LLDP
power management, but not power negotiation. LLDP has a higher priority
than CDP and DHCP VLAN discovery.

The following Type Length Values (TLVs) are supported:

< Mandatory
— Chassis ID—Must be first TLV
— Port ID—Must be second TLV
— Time-to-live—Must be third TLV, set to 120 seconds
— End-of-LLDPDU—Must be last TLV
— LLDP-MED Capabilities
— LLDP-MED Network Policy—VLAN, L2 QoS, L3 QoS

— LLDP-MED Extended Power-Via-MDI TLV—Power Type, Power
Source, Power Priority, Power Value

= Optional
— Port Description
— System Name—Administrator assigned name

— System Description—Includes device type, phone number, hardware
version, and software version

— System Capabilities—Set as "Telephone" capability
— MAC / PHY config status—Detects duplex mismatch
— Management Address—Used for network discovery

— LLDP-MED Location Identification—Location data formats:
Co-ordinate, Civic Address, ECS ELIN

— LLDP-MED Inventory Management —Hardware Revision, Firmware
Revision, Software Revision, Serial Number, Manufacturer’s Name,
Model Name, Asset ID

An LLDP frame shall contain all mandatory TLVs. The frame will be
recognized as LLDP only if it contains mandatory TLVs. for the Polycom UC
Software phones will support LLDP frames with both mandatory and
optional TLVs. The basic structure of an LLDP frame and a table containing all
TLVs along with each field is explained in Supported TLVs on page C-30.



Administrator’s Guide for the Polycom UC Software

Note

Supported TLVs

As per section 10.2.4.4 of the LLDP-MED standard, LLDP-MED endpoint devices
need to transmit Location Identification TLVs if they are capable of either
automatically determining their physical location by use of GPS or radio beacon or
capable of being statically configured with this information.

At present, the for the Polycom UC Software phones do not have the capability to
determine their physical location automatically or provision to a statically configured
location. Because of these limitations, the for the Polycom UC Software phones will
not transmit Location Identification TLV in the LLDP frame. However, the location
information from the switch is decoded and displayed on the phone’s menu.

For more information on device configuration parameters, refer to <device/>
on page A-30.

This is the basic TLV format:

TLV Type (7 bits) [0-6] TLV Length (9 bits) TLV Information (0-511

[7-15] bytes)
The following is a list of supported TLVs:
Org. Version
Type Length Unique
(7 bits) (9 bits) Type Code Sub-
No Name [0-6] [7-15] Length (3 bytes) Type | Information
1 Chassis-Id! | 1 6 0x0206 - 5 IP address of phone (4
bytes)
Note: 0.0.0.0 is sent until
the phone has a valid IP
address.
2 Port-Id! 2 7 0x0407 - 3 MAC address of phone (6
bytes)
3 TTL 3 2 0x0602 - - TTL value is 120/0 sec
4 Port 4 1 0x0801 - - Port description 1
description
5 System 5 min len > - - - Refer to System Names on
name 0, max len page C-35
<= 255

-30
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No

Name

Type
(7 bits)
[0-6]

Length
(9 bits)
[7-15]

Type
Length

Org.
Unique
Code

(3 bytes)

Version

Sub-
Type

Information

System
description

min len >
0, max len
<= 255

Manufacturer’s name -
“Polycom”; Refer to Model
Names on page C-35;
Hardware version;
Application version;
BootROM version

Capabilities

0x0e04

System Capabilities:
Telephone and Bridge if
the phone has PC port
support and it is not
disabled.

Enabled Capabilities:
Telephone and Bridge if
phone has PC port
support, it is not disabled
and PC port is connected
to PC.

Note:

PC port supported Phones:
IP 330, IP 331, IP 335, IP
450, IP 550, IP 560, IP
650, and IP 670.

PC port not supported
phones:

IP 5000, IP 6000, IP 7000,
IP320, and 1P321.

Manageme
nt Address

12

0x100c

Address String Len - 5,
IPV4 subtype, IP address,
Interface subtype -
“Unknown”, Interface
number - “0”, ODI string
Len - “0"

IEEE 802.3
MAC/PHY
config/statu
S1

127

Oxfe09

0x00120f

Auto Negotiation
Supported - “1”,
enabled/disabled, Refer to
PMD Advertise and
Operational MAU on page
C-36
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No

Name

Type
(7 bits)
[0-6]

Length
(9 bits)
[7-15]

Type
Length

Org.
Unique
Code

(3 bytes)

Version

Sub-
Type

Information

10

LLDP-MED
capabilities

127

7

O0xfe07

0x0012bb

1

Capabilities - 0x33
(LLDP-Med capabilities,
Network policy, Extended
Power Via MDI-PD,
Inventory)

Class Type llI

Note: Once support for
configuring location
Identification information is
locally available:
Capabilities - 0x37
(LLDP-Med capabilities,
Network policy, Location
Identification, Extended
Power Via MDI-PD,
Inventory)

Class Type llI

11

LLDP-MED
network
policy?2

127

0xfe08

0x0012bb

ApplicationType: Voice (1),
Policy:
(Unknown(=1)/Defined(=0)
Unknown, if phone is in
booting stage or if switch
doesn't support network
policy TLV.

Defined, if phone is
operational stage and
Networkpolicy TLV is
received from the switch.),
Tagged/Untagged, Vlanid,
L2 priority and DSCP
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No

Name

Type
(7 bits)
[0-6]

Length
(9 bits)
[7-15]

Type
Length

Org.
Unique
Code

(3 bytes)

Version

Sub-
Type

Information

12

LLDP-MED
network
policy?

127

8

Oxfe08

0x0012bb

2

ApplicationType: Voice
Signaling (2), Policy:
(Unknown(=1)/Defined(=0)
Unknown, if phone is in
booting stage or if switch
doesn't support network
policy TLV.

Defined, if phone is
operational stage and
Networkpolicy TLV is
received from the

switch.), Tagged/Untagged,
Vlanld, L2 priority and
DSCP.

Note: Voice signaling TLV
is sent only if it contains
configuration parameters
that are different from
voice parameters.

13

LLDP-MED
network
policy?

127

0Oxfe08

0x0012bb

ApplicationType: Video
Conferencing (6),Policy:
(Unknown(=1)/Defined(=0)
Unknown, if phone is in
booting stage or if switch
doesn't support network
policy TLV.

Defined, if phone is
operational stage and
Networkpolicy TLV is
received from the

switch.), Tagged/Untagged,
Vlanld, L2 priority and
DSCP.

Note: Video Conferencing
TLV is sent only from Video
capable phones (currently
Polycom VVX 1500 only).

14

LLDP-MED
location
identificatio
n3

127

min len >
0, max len
<=511

0x0012bb

ELIN data format: 10 digit
emergency number
configured on the switch.

Civic Address: physical
address data such as city,
street number, and building
information.
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Org. Version
Type Length Unique
(7 bits) (9 bits) Type Code Sub-
No Name [0-6] [7-15] Length (3 bytes) Type | Information
15 Extended 127 7 0xfe07 0x0012bb 4 PowerType -PD device
R/ﬁ;‘:er via PowerSource-PSE&local
Power Priority -Unknown
PowerValue - Refer to
Power Values on page
C-37
16 LLDP-MED | 127 min len > - 0x0012bb 5 Hardware part number and
inventory 0, max len revision
hardware <=32
revision
17 LLDP-MED | 127 min len > - 0x0012bb 6 BootROM revision
inventory 0, max len
firmware <=32
revision
18 LLDP-MED | 127 min len > - 0x0012bb 7 Application (SIP) revision
inventory 0, max len
software <=32
revision
19 LLDP-MED | 127 min len > - 0x0012bb 8 MAC Address (ASCII
inventory 0, max len string)
serial <=32
number
20 LLDP-MED | 127 11 0xfeOb 0x0012bb 9 Polycom
inventory
manufactur
er name
21 LLDP-MED | 127 min len > - 0x0012bb 10 Refer to Model Names on
inventory 0, max len page C-35
model <=32
name
22 LLDP-MED | 127 4 0xfe08 0x0012bb 11 Empty (Zero length string)
inventory
asset ID
23 End of 0 0 0x0000 - - -
LLDP DU




Note
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1. For other subtypes, refer to IEEE 802.1AB, March 2005 at
http://www.ieee802.org/1/pages/802.1ab.html .

2. For other application types, refer to TIA Standards 1057, April 2006 at

http://tia.nufu.eu/std/ANSI|TIA-1057 .

3. At this time, this TLV is not sent by the phone.

System Names

Model System Name

IP 320 Polycom SoundPoint IP 320

IP 321 Polycom SoundPoint IP 321

IP 330 Polycom SoundPoint IP 330

1P 331 Polycom SoundPoint IP 331

IP 335 Polycom SoundPoint IP 335

IP 450 Polycom SoundPoint IP 450

IP 550 Polycom SoundPoint IP 550

IP 560 Polycom SoundPoint IP 560

IP 650 Polycom SoundPoint IP 650

IP 670 Polycom SoundPoint IP 670

IP 5000 Polycom SoundStation IP 5000
IP 6000 Polycom SoundStation IP 6000
IP 7000 Polycom SoundStation IP 7000
VVX 1500 Polycom VVX 1500

Model Names

Model Model Name

IP 320 SoundPointIP-SPIP_320
IP 321 SoundPointIP-SPIP_321
IP 330 SoundPointIP-SPIP_330
IP 331 SoundPointIP-SPIP_331
IP 335 SoundPointIP-SPIP_335
IP 450 SoundPointIP-SPIP_450
IP 550 SoundPointIP-SPIP_550

-35
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Model Model Name

IP 560 SoundPointIP-SPIP_560

IP 650 SoundPointIP-SPIP_650

IP 670 SoundPointIP-SPIP_670

IP 5000 SoundsStationlP-SSIP_5000
IP 6000 SoundsStationlP-SSIP_6000
IP 7000 SoundStationIP-SSIP_7000
VVX 1500 VVX-VVX_1500

PMD Advertise and Operational MAU

PMD Advertise
Mode/Speed Capability Bit Operational MAU Type
10BASE-T half duplex 1 10
mode
10BASE-T full duplex 2 11
mode
100BASE-T half duplex 4 15
mode
100BASE-T full duplex 5 16
mode
1000BASE-T half duplex | 14 29
mode
1000BASE-T full duplex 15 30
mode
Unknown 0 0
Note By default, all phones have the PMD Advertise Capability set for 10HD, 10FD,

100HD and 100FD bits. For SoundPoint IP 560 and IP 670, and Polycom VVX 1500
phones that have Gigabit Ethernet support PMD Advertise Capability also contains
set 1000FD bit.



Note
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Power Values

Power Value Sent in
LLDP-MED Extended

Model Power Usage (Watts) Power Via MDI TLV

IP 320/330 4.3 43

IP 321 3.5 35

IP 331 3.7 37

IP 335 3.9 39

IP 450 5.4 54

IP 550 5.9 59

IP 560 8.3 83

IP 650 with EM 12 120

IP 670 with EM 14 140

IP 5000 5.8 58

IP 6000 9.8 98

IP 7000 9.8 198

VVX 1500 11.8 118

By default, the power values for the SoundPoint IP 650 and 670 are sent for the
phone and the Expansion Module(s). The values are not adjusted when the
Expansion Module(s) are detached from the phone.
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Technical Support Configuration
Parameters

<device/>

This appendix provides detailed descriptions of configuration parameters
used by the Polycom® SoundPoint® IP, SoundStation® IP, and VVX® 1500
phones running Polycom® UC Software 3.3.0 that are of interest to Polycom
Technical Support and Polycom Partners only.

Changes to these configuration parameters are not required in day-to-day
situations, but may need to be checked and changed if a customer reports
issues with the phones in their deployment.

The list of the parameters that are documented in this appendix include:

e <device/>

e <key/>
e <lcl/>
= <log/>

e <yoice/>

The global device.set parameter must be enabled when the initial
installation is done, and then it should be disabled. This prevents subsequent
reboots by individual phones triggering a reset of parameters on the phone
that may have been tweaked since the initial installation.
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Two device parameters exist for every configuration
parameter—device.xxx and device.xxx.set.

Attribute

(bold = change causes Permitted

restart/reboot) Values Default Interpretation

device.set Oor1 0 If set to 0, do not use any device.xxx fields to set
any parameters. Set this to 0 after the initial
installation.
If set to 1, use the device.xxx fields that have
device.xxx.set = 1. Set this to 1 for the initial
installation only.

device.xxx string Null Configuration parameter.

device.xxx.set Oor1 0 If set to 0, do not use the device.xxx value.
If set to 1, use the device.xxx value.
For example, if device.net.ipAddress.set =1,
then use the contents of the device.net. ipAddress
field.

Warning

This feature is very powerful and should be used with caution. For example, an
incorrect setting could set the IP Address of multiple phones to the same value.

Note that some parameters may be ignored, for example if DHCP is enabled it will
still override the value set with device.net. ipAddress.

Individual parameters are checked to see whether they are in range, however, the
interaction between parameters is not checked. If a parameter is out of range, an
error message will appear in the log file and parameter will not be used.

Incorrect configuration could cause phones to get into a reboot loop. For example,
server A has a configuration file that specifies that server B should be used, which
has a configuration file that specifies that server A should be used.

Polycom recommends that you test the new configuration files on two phones
before initializing all phones. This should detect any errors including IP address
conflicts.




<key/>

Technical Support Configuration Parameters

Note Use of this parameter is not supported for the VVX 1500 phone.

These settings control the scrolling behavior of keys and can be used to change
key functions.

Attribute

(bold = change causes Permitted

restart/reboot) Values Default Interpretation

key.scrolling.timeout positive 1 The time-out after which a key that is enabled for
integer scrolling will go into scrolling mode until the key is

released. Keys enabled for scrolling are menu
navigation keys (left, right, up, down arrows), volume
keys, and some context-specific soft keys. The value is
an integer multiple of 500 milliseconds (1=500ms).

<lcl/>

The following <lcl/> parameters are of interest to Customer Support only:

Attribute

(bold = change causes restart/reboot)

Permitted Values

Interpretation

Icl.ml.lang.tags.x

string in the format
language_region,
language; preference
level

The format is:

¢ The first two letters are the ISO-639
language abbreviation.

¢ The next two letters are the ISO-3166
country code.

¢ The next two letters are the ISO-639
language abbreviation.

¢ The remainder of the string is the
preference level for the display of the
language, or English if the language is
not available

For example:

Icl.ml.lang.tags.1 =
“zh-cn,zh;q=0.9,en;q=0.8"

For more information, refer to the
Accept-Language header definition in the
HTTP RFC 2616 at
http://www.w3.org/Protocols/rfc2616/rfc2616
-sec14.html#sec14.4
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<log/>

Warning Logging parameter changes can impair system operation. Do not change any
logging parameters without prior consultation with Polycom Technical Support.

The event logging system supports the following classes of events:

Level Interpretation

0 Debug only

1 High detail event class

2 Moderate detail event class

3 Low detail event class

4 Minor error - graceful recovery

5 Maijor error - will eventually incapacitate the system
6 Fatal error

Each event in the log contains the following fields separated by the | character:
= time or time/date stamp

= 1-5character component identifier (such as “so0™)

= eventclass

< cumulative log events missed due to excessive CPU load

- free form text - the event description

Example:

011511.006| =0 |2|00] soCoreiudioTermChy: chassis -> idle
Fy A & F Y

A
time stamp ] ‘
O

evant class
missed events
text

Three formats are available for the event timestamp:

Type Example

0 - seconds.milliseconds 011511.006 -- 1 hour, 15 minutes, 11.006 seconds since
booting.

1 - absolute time with minute resolution 0210281716 -- 2002 October 28, 17:16

2 - absolute time with seconds resolution 1028171642 -- October 28, 17:16:42




Two types of logging are supported:

e <level/><change/> and <render/>

e <sched/>

<level/><change/> and <render/>

Technical Support Configuration Parameters

This configuration attribute is defined as follows:

Attribute
(bold = change causes restart/reboot)

Permitted
Values

Default

Interpretation

log.level.change.xxx

Oto6

4

Control the logging detail level for
individual components. These are
the input filters into the internal
memory-based log system.
Possible values for xxx are acom,
ares, app1, bdiag, brow, cap, cdp,
cert, cfg, clink, cmp, cmr, copy, curl,
dbuf, dhcpe, dis, dot1x, dns, ec,
efk, ethf, h323, hset, httpa, httpd,
hw, ht, ib, key, Idap, lic, lidp, log,
mb, mobil, net, niche, nwmgr, oaip,
osd, pcd, peer, pgui, pmt, pnetm,
poll, pps, pstn, ptt, push, pwrsy,
rdisk, res, rtos, sec, sig, sip, slog,
so, soem, srtp, sshc, ssps, style,
sync, sys, ask, trace, tirs, usb,
usbio, utiim, wdog, wlan, wmgr, and
Xmpp.

log.render.file

Oor1

Setto 1.

Note: Polycom recommends that
you do not change this value.

log.render file.size

positive
integer, 1 to
180

16

Maximum local application log file
size in Kbytes. When this size is
exceeded, the file is uploaded to
the provisioning server and the
local copy is erased.

log.render.file.upload.append

Oor1

If set to 1, use append mode when
uploading log files to server.

Note: HTTP and TFTP don't
support append mode unless the
server is set up for this.

log.render.file.upload.append.limitMode

delete, stop

delete

Behavior when server log file has
reached its limit.

delete=delete file and start over
stop=stop appending to file
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Attribute
(bold = change causes restart/reboot)

Permitted
Values

Default

Interpretation

log.render.file.upload.append.sizeLimit

positive
integer

512

Maximum log file size on
provisioning server in Kbytes.

log.render.file.upload.period

positive
integer

172800

Time in seconds between log file
uploads to the provisioning server.

Note: The log file will not be
uploaded if no new events have
been logged since the last upload.

log.render.level

Oto6

Specifies the lowest class of event
that will be rendered to the log files.
This is the output filter from the

internal memory-based log system.

The log.render.level maps to
syslog severity as follows:

0 -> SeverityDebug (7)

1 -> SeverityDebug (7)

2 -> Severitylnformational (6)
3 -> Severitylnformational (6)
4 -> SeverityError (3)

5 -> SeverityCritical (2)

6 -> SeverityEmergency (0)

For more information, refer to
Syslog Menu on page 3-13.

log.render.realtime

Oor1

Set to 1.

Note: Polycom recommends that
you do not change this value.

log.render.stdout

Oor1

Setto 1.

Note: Polycom recommends that
you do not change this value.

log.render.type

Oto2

Refer to above table for timestamp
type.




<sched/>

Technical Support Configuration Parameters

The phone can be configured to schedule certain advanced logging tasks on a
periodic basis. These attributes should be set in consultation with Polycom
Technical Support. Each scheduled log task is controlled by a unique attribute
set starting with log.sched.x where x identifies the task. A maximum of 10
schedule logs is allowed.

Attribute
(bold = change causes
restart/reboot)

Permitted
Values

Interpretation

log.sched.x.level

0 to 5, default
3

Event class to assign to the log events generated by this command.
This needs to be the same or higher than log.level.change.slog for
these events to appear in the log.

log.sched.x.name

alphanumeric
string

Name of an internal system command to be periodically executed.
To be supplied by Polycom.

log.sched.x.period positive Seconds between each command execution. 0=run once
integer,
default 15
log.sched.x.startDay Oto7 When startMode is abs, specifies the day of the week to start
command execution. 1=Sun, 2=Mon, ..., 7=Sat
log.sched.x.startMode abs, rel Start at absolute time or relative to boot.
log.sched.x.startTime positive Seconds since boot when startMode is rel or the start time in 24-hour
integer OR clock format when startMode is abs.
hh:mm

<voice/>

Note

The following <voice/> parameters are of interest to Customer Support only.

The various .hd. parameters (such as voice.aec.hd.enable and
voice.ns.hd.enable) are headset parameters. They are not connected to high
definition or HD voice.

This attribute includes:

e <codecs/>

e <gain/>
e <aec/>
e <aes/>
e <ns/>
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<codecs/>

These codecs include:

e <audioProfile/>

<audioProfile/>

The following profile attributes can be adjusted for each of the supported
codecs. In the table, x=G711Mu, G711A, G719, G722, G7221, G7221C, G729AB,
Lin16, Siren14, Siren22, and iLBC.

Attribute
(bold = change causes restart/reboot)

Permitted
Values

Interpretation

voice.audioProfile.x.jitterBufferMax

>
jitterBufferMin,
multiple of 10,
<=300 for IP
32x, 33x, 550,
600, and 650

The largest jitter buffer depth to be supported
(in milliseconds). Jitter above this size will
always cause lost packets. This parameter
should be set to the smallest possible value
that will support the expected network jitter.
There is no jitter buffer maximum for G719,
G7221, G7221C, iLBC, Lin16, Siren14, and
Siren22.

voice.audioProfile.x.jitterBufferMin

20, 40, 50, 60,
... (multiple of
10)

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 will still continue. 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. The IP4000 values are the
same as the IP30x values. There is no jitter
buffer minimum for G719, G7221, G7221C,
iLBC, Lin16, Siren14, and Siren22.

voice.audioProfile.x.jitterBufferShrink

10, 20, 30, ...
(multiple of 10)

The absolute minimum duration time (in
milliseconds) of RTP packet Rx with no packet
loss between jitter buffer size shrinks. Use
smaller values (1000 ms) to minimize the delay
on known good networks. Use larger values to
minimize packet loss on networks with large
jitter (3000 ms). There is no jitter buffer shrink
for G719, G7221, G7221C, iLBC, Lin16,
Siren14, and Siren22.

voice.audioProfile.x.payloadSize

10, 20, 30, ...80

Preferred Tx payload size in milliseconds to be
provided in SDP offers and used in the
absence of ptime negotiations. This is also the
range of supported Rx payload sizes.

The payload size for G719 is further
subdivided. There is no payload size for G719,
G7221, G7221C, iLBC, Lin16, Siren14, and
Siren22.
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Attribute Permitted

(bold = change causes restart/reboot) Values Interpretation

voice.audioProfile.x.payloadType 96 - 127 The codec payload encoding in the dynamic
(default) range to be used in SDP offers.

<gain/>

The default gain settings have been carefully adjusted to comply with the
TIA-810-A digital telephony standard.

Attribute

(bold = change causes restart/reboot) Default
voice.gain.rx.analog.chassis.IP_330 0
voice.gain.rx.analog.chassis.IP_450 0
voice.gain.rx.analog.chassis.IP_5000 0
voice.gain.rx.analog.chassis.IP_6000 0
voice.gain.rx.analog.chassis.IP_650 0
voice.gain.rx.analog.chassis.IP_7000 0
voice.gain.rx.analog.chassis.VVX_1500 -3
voice.gain.rx.analog.handset 0
voice.gain.rx.analog.handset.sidetone -20
voice.gain.rx.analog.handset.sidetone.VVX_1500 -15
voice.gain.rx.analog.handset.VVX_1500 -2
voice.gain.rx.analog.headset 0
voice.gain.rx.analog.headset.sidetone -24
voice.gain.rx.analog.headset.sidetone.VVX_1500 -31
voice.gain.rx.analog.headset.VVX_1500 -2
voice.gain.rx.analog.ringer.IP_330 0
voice.gain.rx.analog.ringer.IP_450 0
voice.gain.rx.analog.ringer.IP_5000 0
voice.gain.rx.analog.ringer.IP_6000 0
voice.gain.rx.analog.ringer.IP_650 0
voice.gain.rx.analog.ringer.IP_7000 0
voice.gain.rx.analog.ringer.VVX_1500 0
voice.gain.rx.digital.chassis.IP_330 5
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Attribute

(bold = change causes restart/reboot) Default
voice.gain.rx.digital.chassis.IP_450 5
voice.gain.rx.digital.chassis.IP_5000 11
voice.gain.rx.digital.chassis.IP_6000 5
voice.gain.rx.digital.chassis.IP_650 5
voice.gain.rx.digital.chassis.IP_7000 5
voice.gain.rx.digital.chassis.VVX_1500 0
voice.gain.rx.digital.handset -15
voice.gain.rx.digital.handset.VVX_1500 -15
voice.gain.rx.digital.headset -21
voice.gain.rx.digital.headset.VVX_1500 -21
voice.gain.rx.digital.ringer -21
voice.gain.rx.digital.ringer.IP_330 -12
voice.gain.rx.digital.ringer.IP_450 -12
voice.gain.rx.digital.ringer.IP_5000 -12
voice.gain.rx.digital.ringer.IP_6000 -21
voice.gain.rx.digital.ringer.IP_650 -12
voice.gain.rx.digital.ringer.IP_7000 -21
voice.gain.rx.digital.ringer.vVVX_1500 -21
voice.gain.tx.analog.chassis.IP_330 36
voice.gain.tx.analog.chassis.IP_450 36
voice.gain.tx.analog.chassis.IP_5000 0
voice.gain.tx.analog.chassis.IP_6000 0
voice.gain.tx.analog.chassis.IP_650 36
voice.gain.tx.analog.chassis.IP_7000 0
voice.gain.tx.analog.chassis.VVX_1500 -25
voice.gain.tx.analog.handset 6
voice.gain.tx.analog.handset.VVX_1500 -48
voice.gain.tx.analog.headset 3
voice.gain.tx.analog.headset.VVX_1500 -47
voice.gain.tx.digital.chassis.IP_330 12
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Attribute

(bold = change causes restart/reboot) Default
voice.gain.tx.digital.chassis.IP_450 12
voice.gain.tx.digital.chassis.IP_5000 15
voice.gain.tx.digital.chassis.IP_6000 6
voice.gain.tx.digital.chassis.IP_650 12
voice.gain.tx.digital.chassis.IP_7000 6
voice.gain.tx.digital.chassis.VVX_1500 3
voice.gain.tx.digital.handset 0
voice.gain.tx.digital.handset.IP_330 10
voice.gain.tx.digital.handset.IP_450 6
voice.gain.tx.digital.handset.IP_650 6
voice.gain.tx.digital.handset.VVX_1500 12
voice.gain.tx.digital.headset 0
voice.gain.tx.digital.headset.IP_330 10
voice.gain.tx.digital.headset.IP_450 6
voice.gain.tx.digital.headset.IP_650 6
voice.gain.tx.digital.headset.VVX_1500 12
voice.handset.rxag.adjust.IP_330 1
voice.handset.rxag.adjust.IP_450 1
voice.handset.rxag.adjust.IP_650 1
voice.handset.sidetone.adjust.IP_330 3
voice.handset.sidetone.adjust.IP_450 0
voice.handset.sidetone.adjust.IP_650 0
voice.handset.txag.adjust.IP_330 18
voice.handset.txag.adjust.IP_450 18
voice.handset.txag.adjust.IP_650 18
voice.headset.rxag.adjust.IP_330 4
voice.headset.rxag.adjust.IP_450 4
voice.headset.rxag.adjust.IP_650 1
voice.headset.sidetone.adjust.IP_330 -3
voice.headset.sidetone.adjust.IP_450 -3
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Attribute
(bold = change causes restart/reboot) Default
voice.headset.sidetone.adjust.IP_650 -3
voice.headset.txag.adjust.IP_330 21
voice.headset.txag.adjust.IP_450 21
voice.headset.txag.adjust.IP_650 21
<aec/>
These settings control the performance of the speakerphone acoustic echo
canceller.
Attribute
(bold = change causes restart/reboot) Default
voice.aec.hd.enable 0
voice.aec.hf.enable 1
voice.aec.hs.enable 1
<aes/>
Acoustic Echo Suppression (AES) provides non-linear processing of the
microphone signal to remove any residual echo remaining after linear AEC
processing. Because AES depends on AEC, AES should only be enabled when
AEC isalso enabled. Normally, AES should be used whenever AEC is used for
handsfree or handset and both are enabled by default for those terminations
These settings control the performance of the speakerphone acoustic echo
suppressor.
Attribute
(bold = change causes restart/reboot) Default
voice.aes.hd.enable 0
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<ns/>

These settings control the performance of the transmit background noise
suppression feature.

Attribute

(bold = change causes restart/reboot) Default
voice.ns.hd.enable 0
voice.ns.hd.signalAttn 0
voice.ns.hd.silenceAttn 0
voice.ns.hf.enable 1
voice.ns.hf.signalAttn -6
voice.ns.hf.silenceAttn -9
voice.ns.hs.enable 1
voice.ns.hs.signalAttn -6
voice.ns.hs.silenceAttn -9
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Third Party Software

This appendix provides the copyright statements for third party software
products that are part of the application programs that run on Polycom
SoundPoint IP, SoundStation IP, and VVX 1500 phones.

Product License Location
c-ares c-ares on page E-2

curl curl on page E-3

eXpat eXpat on page E-9

ILG JPEG IJG JPEG on page E-9
libMng libMng on page E-10
libPng libPng on page E-11
libSRTP libSRTP on page E-13
libssh2 libssh2 on page E-13
OpenLDAP OpenLDAP on page E-15
OpenSSL OpenSSL on page E-16
zlib zlib on page E-18

This appendix provides the copyright statements for third party software
products that are part of the application programs that run on Polycom VVX

1500 phones only.

Product License Location

BusyBox Refer to the “Polycom Voice OFFER of Source for GPL
and LGPL Software”

dhcp dhcp 4.0.0-14 on page E-3

droidfonts droidfonts on page E-4

Dropbear Dropbear on page E-7






http://downloads.polycom.com/voice/voip/offerForSourceVoiceProducts.html
http://downloads.polycom.com/voice/voip/offerForSourceVoiceProducts.html
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agreement shall be construed to limit either party's right to independently develop or
distribute software that is functionally similar to the other party's products, so long as
proprietary information of the other party is not included in such software.

9.5. Entire Agreement. This Agreement represents the complete agreement concerning
this license and may be amended only by a writing executed by both parties. If any
provision of this Agreement is held to be unenforceable, such provision shall be reformed
only to the extent necessary to make it enforceable.

www.polycom.com

Corporate Headquarters: 4750 Willow Road, Pleasanton, CA 94588, USA Phone 408-
526.9000 Fax: 408-526-9100
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