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Overview

This document provides a reference to Mitel Authorized Solutions providers for
configuring the Mitel 5000 PBX to host the SpectraLink 8020/8030 SIP phone. The
different devices can be configured in various configurations depending on your VolP
solution. This document covers the setup with no SpectraLink 8000 SVP Server in use.

Interop History

Doc Date Reason
Version
1 April 01, 2011 Initial Interop with Mitel 5000 Rel 5 and SpectraLink 8020/8030
SIP phone
2 February, 2012 Documentation Update

Interop Status

The Interop of SpectraLink 8020/8030 SIP phone has been given a Certification status.
This device will be included in the SIP CoE Reference Guide. The status of the
SpectraLink 8020/8030 SIP phone achieved is:

Reserved for MSA Gold Preferred members only, this rare classification
@ . is reserved for key strategi(;_components of our portfolio for which Mitel

assumes the full responsibility for support, acting as the interface
between the customer and the 3rd party as necessary.

Software & Hardware Setup

This following test setup was used to generate basic SIP calls between the SpectraLink
8020/8030 SIP phone and the 5000 PBX.

Manufacturer Variant Software Version

Mitel 5000 PBX — CS 5400 Ver 5.0 Rel 5.0.3.46
5.0.3.38 (DB Programming)

SpectraLink SpectralLink 8020/8030 SIP phone 119.081, 131.030, 132.030
(Polycom)
Cisco Aironet 1200 | Aironet 1200 (Wi-Fi Access Point) System SW: 12.3(8)JEC

Boot loader: 12.3(2)JA4
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Tested Features

This is an overview of the features tested during the Interop test cycle and not a detailed
view of the test cases. Please see the SIP Line Side Interoperability Test Plans for
detailed test cases.

Feature Feature Description Issues

Basic Call Making and receiving a call |z'|
DTMF Signal In-band and RFC2833 based DTMF signaling m
Call Hold Call hold and retrieval v
Call Transfer Supervised transfer

(supervised) M
Call Transfer Unsupervised transfer

(unsupervised) M
Redial Last Number Redial v
Variable Codec Use of G.711 or G,729 v
Dynamic Extension | Personal Ring Group configuration A

. A
M - No issues found X. Issues found, cannot recommend to use £ - Issues found
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Device Limitations and Known Issues

This is a list of limitations or not supported features on the SpectraLink 8020/8030 SIP
line side connection to the Mitel 5000 Communications Platform.

Features Limitation Description

Registration using the Registration must be done using the 5000 PBX'’s IP address. Use of
5000 PBX FQDN FQDN is not fully supported in this release.

The TFTP server containing all applicable files must be available or the
phone will fail to come up from a reboot. This is regardless of whether
any configuration changes are made.

TFTP server

Dialing FAC The 5000 does not support FAC sent by any SIP phone in this release.

Calling number and name | The 5000 PBX truncates the calling name and only delivers the calling

delivery number to the destination.

Call forwarding There are no options to forward the phone to another destination.

Conference call There are no options to initiate a conference call from the phone.

Do Not Disturb The option is not available on the phone. The phone can be placed in
silent mode but this will not inform the caller of the DND status.

SIP Source port SIP source port 5060 is used and there is no option to change it.

3 way conference call Incoming call to a PRG group can be answered and an additional

break up as part of PRG extension conferenced in. Splitting the conference call back to
individual calls is not possible.

Voice Malil Voice message capability is not available.

SIP phones can not send FAC to the 5000 in this release. Thus call
forwarding to voice mail via FAC is not possible.

Forwarding unanswered calls to a SIP phone’s voice mailbox must
therefore be done through the phone menus. The SpectraLink
8020/8030 does not have any call forwarding capability. Therefore,
even though a voice mailbox for the 8020/8030 phone can be created,
calls can not be forwarded to voice mail.

MWI The 8020/8030 has no Message Waiting Indication capability.

Note-1: To perform an unsupervised (blind) call transfer on the SpectraLink 8020/8030
phone, press the FCN button, “Transfer” and then dial another extension. DO NOT press
the OK button. Instead, press the FCN button and “Transfer” again to complete the
transfer.

Note-2: To perform a supervised call transfer on the SpectraLink 8020/8030 phone, press
the FCN button, “Transfer” and dial another extension. Then press the OK button, press
the FCN button and “Transfer” again to complete the transfer.
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Network Topology

Figure-1 shows the general network configuration.
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Figure 1 — Mitel SIP Interop Network Configuration
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Configuration Notes

This section describes how the SIP Interop was configured. This provides a guideline on
how the Mitel 5000 Communications Platform can be connected to the SpectraLink
8020/8030 SIP phone.

Disclaimer: Although Mitel has attempted to setup the interop testing facility as
closely as possible to a customer premise environment, implementation setup
could be different onsite. YOU MUST EXERCISE YOUR OWN DUE DILIGENCE IN
REVIEWING, planning, implementing, and testing a customer configuration.

Mitel SIP Certification and Support only applies when the SpectraLink 8030/8030 is
integrated with a Polycom VIEW Certified access Points. The Polycom VIEW
Certified AP list can be found at
http://support.polycom.com/PolycomService/support/us/support/voice/wi-

filview certified.html

Mitel 5000 Communications Platform Configuration Notes

The following steps show how to program the Mitel 5000 Communications Platform to
interconnect with the SpectralLink 8020/8030 SIP phone.

Network Requirements

There must be adequate bandwidth to support the voice over IP. As a guide, the
Ethernet bandwidth is approx 85 Kb/s per G.711 voice session and 29 Kb/s per
G.729 voice session (assumes 20ms packetization). As an example, for 20
simultaneous SIP sessions, the Ethernet bandwidth consumption will be approx 1.7
Mb/s for G.711 and 0.6Mb/s for G.729. Almost all Enterprise LAN networks can
support this level of traffic without any special engineering. Please refer to the 5200
Engineering guidelines for further information.

For high quality voice, the network connectivity must support a voice-quality grade of
service (packet loss <1%, jitter < 30ms, one-way delay < 80ms).

Assumptions for the Mitel 5000 Communications Platform Programming

The SIP signaling connection is configured to use UDP on Port 5060.

Licensing and Option Selection — SIP Licensing

Ensure that the Mitel 5000 is equipped with enough SIP Device licenses for the
connection of SIP end points. This can be verified within the Software License selection
form (Figure 2).
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-x 5000 #3 (192-168-101-56) - Mitel DB Programming

File Wiew Operations Tools Favorites Help

e B= 7

E‘é 2000 CP Software License Feature I Yalue I

-8 System Accounts e F<tem Type
- : &0 Hunk Group
Additional T1/E1jPRI Parks 3
Yoice Processar R HEII_:' ] U6

#nalog voice Mail Hunt Group Yes
Basic Woice Mail Ports 16
Category &' Phones 32
Category 'B' Phones 32
Category 'Z' Phones 3z
Category ‘D' Phones 32
Category 'E' Phones 16
Category 'F' Phones 16
Desktop Inkerface Yes
Dvynamic Exkension Express Yes
File-Based MOH Sources 5
IP Mebworking Unlimited
PRI Licenses 3
Remate 4D Hunk Groups Yes
SIP Trurks az
SIP Voice Mail Ports a3z
Syskem Health Report Yes
Swskem OAL Events Yes
Syskem Oal Third Party Call Contral Yes
Yoice Processor Messaging Nebworking Yes

Figure 2 — Software License and Features Selection
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Phone Configuration

On the Mitel 5000 communications platform, a generic SIP type phone has to be
programmed. Create a generic SIP type phone as follows:

Navigate to System->Device and Feature Codes->Phones->Local

Right click in right hand pane and select Create SIP Phone

In the next menu increase the number of extensions if required. For this example, a
stand-alone SIP phone group will be used. Next click on the OK button.

Open the newly created extension and configure as shown in Figure-3.

Double click on the “SIP Phone Group” line to go to the associated “SIP Phone
Group™.

. 5000 #1 (192-168-101-50) - Mitel DB Programming
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Figure 3 — SIP Phone Configuration

SIP Phone Group Configuration

The SIP phone group is next configured to allow controlling the operating state and
setting the call configuration. An existing call configuration number may be assigned or a
new one used and configured as required. Refer to Figure-4.

Navigate to System->Device and Feature Codes->SIP Peers->SIP Phone Groups-

>{P9xxx}->Configuration

While in the “SIP Phone Group” section, also perform the following changes:

Navigate to System->Device and Feature Codes->SIP Peers->SIP Phone Groups-
>{P9xxx}->Configuration->MW|I

In the right pane, Change the “Accept MWI” value to Yes

¥ 5000 #1 (192-168-101-50) - Mitel DB Programming

File View Operations Tools Favorites Help
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Figure 4 — SIP Phone Group Configuration

Call Configurations

The “Call Configurations” settings allow control on parameters such as the type of
signaling (in-band G.711 or RFC2833), the coding method, Fax transmission method,
etc. As mentioned above, either an existing call configuration number may be assigned or
a new one used for the “SIP Phone Group configuration”. Refer to Figure-5.

Navigate to System->IP Related Information->Call Configurations->{#}

¥, 5000 #1 (192-168-101-50) - Mitel DB Programming

File Wiew Operations Tools Favorites Help
s B R
= az 1 A1 | Mame alue Extended Value Colurnn {dl
% Phones o T —
run T3 Trunks
% :ig ?':L?::GG:DDUUDD: 55! SIP Phone Groups
SIP Yoice Mails i#d SIP Trunk Groups
S SIP Yaice Mails
B ‘Z 3 % Audio Diagnostics Sampling Period |3
¥ ‘Z 4 %a® Audio Diagnostics Samplings 12
5 ‘Z 5 3a® Audio Frames|IP Packet 2
g 6 3¢ fwerage In Time Frame Percentage Threshold 60
g 7 %® Average In Time Frame Timer 5
g B & Minimum Playback Time 20
o § ansmit DTMF Level Morth America -3 7
.Z Phones TMF Encoding Setting RFiC 2833
T3 Trunks Speech Encoding Setting G711 Mu-Law
E£E SIP Phone Groups % Fax Control-Messages Redundancy Count 3
1114 SIP Trunk Groups 3a° Fax Page-Data Redundancy Count il
SIF Voice Mails S Fax Detection Sensitivity 40
* ‘Z o Bl Fax Encoding Setting (Fax Transmission) G711 Mu-Law
+ Eﬁ I; S‘e%inlgls Fax Maximum Connection Speed Mo Limnik
- T Maintenance Q] Supports RTP Redirect Yes
+]-Fa= Mumbering Plan
+ .Z Phone-Related Information
7 Reference Clock List
.’ Sockets
@ Syskem Manager
+ @ Timers and Limits
+ 'tj Trunk-Related Information
+ & Users
+ ‘oice Processar | % >
Mode 1 - Mode 1 Online 5000 CP Morth America 5000 #1 (192-168-101 |192,168,101,50

Figure 5 — Call Configuration
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Mail Box Setup

A voice mailbox for the SIP phone may be setup as explained below. Refer to Figure-6.

Navigate to Voice Processor->Devices->Mailboxes->Local->R click and Create
associated mailboxes

Select the type of phone: SIP phone
Select the existing phone number->Add Items

Finish

Please note that forwarding the unanswered calls to a SIP phone’s voice mailbox must
either be done via FAC or through the phone menus. The 5000 does not support FAC

sent by SIP phones in this release. The SpectraLink 8020/8030 does not have any call
forwarding capability. Therefore, even though a voice mailbox for the 8020/8030 phone
can be created, calls can not be forwarded to voice mail.

File Wiew Operations Tools Favorites  Help

e B=

[+
=]

1' Key Assignments

%g Message Centers

& Messages

23 Primary Attendants

wp System Forwarding Paths
[#]-4, System Speed Dial

----- % Reference Clock List

I:I---‘ Repart Programmming

----- .’ Sockets

@ Syskem Manager

[]--@ Tirners and Lirits

(T4 Trunk-Related Information

& Users

‘Woice Processor
- @ application-Related Information
Lf_|--o.¢ Devices
@ Applications
15, Digit Translation Nodes
# Extension IDs
w Group Lists
¥ Mailboxes
X
1030
1205
¥ 1209

¥ 1210
2§ 97001
2 Modes
[#-gg Fax-On-Demand
----- ¥ Mailbox-Related Information
----- T maintenance
(- Metworking
I:I---g Report Parameters
[]--@ Timers and Limits
----- wp Unified Messaging

#| | Estension Description | Usernarme
¥ W Mike_nléa_ring ......................
? 1205 Wlad_5330 5330
? 1209 Wad_wyx1500 Polycom
? 1210 Vlad_5340 5340

Create Associated Mailboxes

Select Types to Include:

IE BEux

;uq Configuration Aszistant
ZE Digital Telephone

& Hunt Group

'E IF* Single Line &dapter
g IF Softphone

.ﬁ Phantom Device

8 sIPPhone

(1] Single Line

[a-i ULC Advanced Softphone

To zelect multiple types, either hold the Chil button and click each selection or uze

the Shift button to select a group of types.

< Back I Mext » I Cancel

w

| Mode 2 - Local e

[online 5000 CP North America

5000 #3 {192-168-101 [192.168.101 56 |

| EN

10

Figure 6 — SIP Phone Mail Box Setup
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SpectralLink 8020/8030 SIP Phone Configuration Notes

Each handset may be configured for site-specific requirements by opening the Admin
menu on the telephone and selecting options or entering specific information. Any
settings entered in the Admin menu must conform to system settings. Only the handset
being configured is affected by the Admin menu settings.

If the SpectraLink dual charger option with the USB port on the charger is available, then
the Handset Administration Tool may also be used. This is a software utility that enables
rapid configuration of handsets via the USB port. This option was not available for testing.

The recommended SpectralLink 8020/8030 SIP phone setup details are provided below.

Place all required load and configuration files on the TFTP server:
pdl4csi.bin
pdl4odsi.bin
pd14shim.bin
pdl14udsi.bin
pil400si.bin
sip_<extension>.cfg
sip_allusers.cfg
sink_cfg.cfg

Note: The configuration files and sample contents are provided below in section “SpectraLink
8020/8030 configuration files”. The TFTP server must be available at all times for the 8020/8030
phone to come up from a reboot, even if no changes are made.

Reboot phone and enter admin menu:
- shutdown phone by keeping the on-hook (end) button pressed
- start up the phone (click the on-hook button)
- while the phone is starting, keep the off-hook (start) button pressed
- Enter the admin password: 123456 (default password, see note below)
- ok
Note: If the password is disabled, the phone will proceed directly into the Admin menu.

Restore defaults (restore to defaults is required to clear all previously configured IP addresses)

Phone config:
Language: <optional>
Telephony Protocol: Type 036
Time zone: <optional>
Daylight Savings: <optional>
Password Disable /Enable: <optional, leave enabled>
Change Password: <optional, leave at default>
SIP Registration:
Login:

Username: <extension number>

Password: <extension password, optional>

Back

Reg 2: enter additional extension details if required
Clear SIP Registration: clears all previously configured extension details

11
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OAl: Leave disabled

Location service:
Enable RTLS
Transmit interval: 5 min
Location server IP: Blank
ELP port: 8552
Back

Network config:
IP Addresses
Static IP or DHCP as required
static example:
Phone IP: <IP address>
Default GateWay: <GW IP address>
Subnet Mask: <255.255.x.x>
TFTP server IP: <TFTP server IP address> provides the load files
Syslog server IP: not set
Time server IP: <optional, can use 132.246.011.229 or other>
SVP server IP: not set
SIP TFTP SVR IP: <usually same IP address as the TFTP server> provides the SIP
config parameters
OAl server IP: not set
Back

SSID: <SSID of the wireless access point>

WLAN settings:
Custom
Security: <None, WEP, etc.>
QOs:
WiFi Standard
DSCP tags:
Voice: 46
Control: 26
Other: 0
Admission control: Optional
Back

Reg. Domain:
Press the Line button
choose 01
<b & bg mixed>
<30 mW>

Exit: Reboots the phone and starts it up

12
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WLAN Quality of Service (Qo0S) Settings

WLAN Quality of Service (QoS) may be provided by using one of three available
mechanisms: SpectralLink Voice Priority (SVP), Wi-Fi Standard QoS, or Cisco Client
Extensions (CCX) version 4. These QoS modes can not be mixed within the same
WLAN; therefore, all Wireless Telephones on the network must have the same QoS
setting.

SVP (not used)

SpectraLink Voice Priority (SVP) is a proprietary method of WLAN QoS, developed by
Polycom, to ensure enterprise-grade voice quality, battery life and call capacity for
SpectraLink Wireless Telephones. SVP requires the use of the SVP Server, which is an
Ethernet LAN device that works in conjunction with Wi-Fi APs to ensure QoS over the
WLAN. Voice packets to and from the Wireless Telephones are tunneled through the
SVP Server to ensure voice prioritization as they are routed between the handset and
SIP call server.

Wi-Fi Standard QoS

SpectraLink Wireless Telephones support WMM, WMM Power Save and WMM
Admission Control - all QoS standards from the Wi-Fi Alliance based on IEEE 802.11e.
The AP must support and enable all three QoS mechanisms in order for the handset to
operate properly. If the handset is configured for these options and the AP does

not support all 3 features, it will fail to operate properly. The combination of these three
standards provides enterprise-class QoS in terms of voice quality, battery life and call
capacity. This option does not require the SVP Server.

CCXv4

The CCX program requires WLAN client devices operating on Cisco APs to use a defined
set of industry standards and Cisco-specific features. The SpectraLink 8020/8030
Wireless Telephone has been certified by Cisco as CCXv4 compliant. When the CCXv4
operating mode is selected on the handset, it automatically initiates the required set of
Cisco-specific and industry standard QoS mechanisms. This option does not require the
SVP Server.

The newer telephone’s firmware version, e.g. 119.059, 131.021, 132.010 and up, allow
configuration of the SpectraLink phones without pointing them to SpectraLink 8000 SVP
Server.

13
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SpectraLink 8020/8030 Configuration Files

The SpectraLink 8020/8030 SIP phone does not support the access through the web interface, all
settings are configured by loading of 3 text based configuration files from the TFTP server:

sink-cfg.cfg — this file contains the list of binary files required for firmware upgrade.

sip_allusers.cfg — this file contains user’s account configuration settings applicable to
all SpectralLink 8020/8030 SIP phones.

sip_xxxxxx.cfg — this file also contains user’s account configuration settings that are
specific to a single SpectraLink 8020/8030 SIP phone. (xxxxx is representing the user’s
extension number as it was configured in the PBX, e.g. sip_6305.cfg)

Examples of Configuration Files

sip_allusers.cfg

# SIP ALL USERS Configuration file exanple

PROXY1_TYPE = Mtel

PROXY1_ADDR = 192.168.101.50: 5060

#only I P address and port of PBX is allowed for PROXY1_ADDR
#if “Static | P” nbde was sel ected on the phone.

#FQDN address, e.g. sipint5:5060, could be used instead

#i f “DHCP” npde was sel ected on the phone.

#

PROXY1 MAI L_ACCESS = 2500; The voicennil’s pilot number
PROXY1_KEYPRESS 2833 = disabl e

PROXY1_KEYPRESS_ | NFO = di sabl e

PROXY1 HOLD | PO = enabl e

PROXY1_PRACK = di sabl e

PROXY1 MAI L _SUBSCR = sip:192.168.101.50; Required in order for 8020/8030
#t 0 send SUBSCRI BE nessages to PBX and recei ve NOTI FY nessages
#i n response

PROXY1 REREG SECS = 600; default is 3600 seconds.

#

# PROXY1_DOWVAI N =

# PROXY1_CALLI D PER LI NE = enable

# CALL_LOGA NG = enabl e

# FAVORI TE = "1234"; "Site Security"; This nunber will appear in the
#Favorites on all Spectrali nk 8020/ 8030 phones

sip_1030.cfg

# Configuration file format example
# Spectralink 8020/8030 can support "g729" or "g729ab"

14
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CODECS = g711u, g729, g71la; It just changes the codec's order
#it does not enabl e/ di sabl e codecs!

# AUTH = user nanme; password

# AUTH = 6305; 6305

LI NE1 = 1030

LINE1l_PROXY =1

LINEL _CALLID = Spectralink, 8020
# LI NE1_AUTH = 1030; 1030

# Two lines may nap to the sane extension to allow second incom ng
calls.

LI NE2 = 1031

LI NE2_PROXY =1

LI NE2_CALLI D = Spectralink, 8020 -2; enter nane
# LI NE2_AUTH = 1031; 1031

#FAVORI TE = "6300"; "Mtel SIP phone"

#FAVORI TE = 6301; "Mtel |P phone"

#FAVORI TE = "*706301"; "Fwd on Busy 6301"

sink_cfg.cfg

[ TYPE11]
pdllsi d. bin
pi 110000. bi n

[ TYPE36]

; For this type,
; always place the phintl ahead of all other files and
; always place the downl oader ahead of the shim

pi 1400si . bi n

pdl4udsi . bin

pdl4odsi . bin

pdl4shi m bin

pdl4csi.bin

; Warning -- do not place a binary file downl oad directive as the | ast
[ine

; of this file, unless the Iine (and the file) is terninated with the
full
; UNI X end-of-1ine sequence (CR+LF, 0x0d 0x0a).
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Cisco Aironet 1200 Configuration Notes

NOTE: The SpectralLink 8020/8030 handset is configured to use WMM and it will be
necessary to ensure the access point also supports WMM Admission Control. This
mechanism is responsible for ensuring the AP does not become overloaded with any
particular type of traffic. Depending on the AP manufacturer it may be possible to adjust
the settings for individual WMM traffic classifications. Details for making these sorts of
changes to APs are available in the Polycom VIEW Configuration Guides or from the AP
manufacturer.

Mitel SIP Certification and Support only applies when the SpectraLink 8030/8030 is
integrated with a Polycom VIEW Certified access Points. The Polycom VIEW Certified AP
list can be found at http://support.polycom.com/PolycomService/support/us/support/voice/wi-
filview_certified.html

The Cisco Aironet 1200 was used as the wireless access point (AP) for the SpectraLink
8020/8030 interoperability testing. A few selected configuration related details of the AP are
provided in this section.

On the Cisco Aironet 1200 “Network Interfaces” page, ensure that the 802.11 G and A radio
interfaces are Enabled and Up.

Typical AP IP address configuration details are shown in Figure 7.

On the Security / SSID Manager page, ensure that ssid and appropriate security settings are
configured on the selected radio interfaces (refer to Figure 8a-c: Cisco AP Security settings ).

NOTE: Detailed AP security and encryption settings are out of the scope of this document. For
test purposes, the AP’s encryption level was set to “None” and Client Authentication Method was
set to “Open Authentication”.

NOTE: The security settings in the SpectraLink 8020/8030 phones must match all settings in the
access point.
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(= Cisco I0S Series AP - Express Set-Up - Windows Internet Explorer

ngr v ‘E http:if192. 168, 101 64jap_express-setup.shtml V|‘_Z--:‘i\ |Goug\e

File Edit View Favorites Tools  Help

Google |G+ vigo@ @ B+ {7 bookmarksy Shoblocked P check vy Autolink + " autoi] (e Sendtow () settings~

&) - |Searchweb. [Pl B~ @ - M v Jr Favorites mSpates A - 7

w & [@osm 105 Series AP - Express Set-Up Iil B B [ - ook -
&

Hostname Cisco_AP Cisco_AP uptime is 1 week, 1 day, 5 hours, 48 minutes
EXPRESS SET-UP

Express SetUp
Host Name: |C\sm,AP ‘
MAC Address: 001fcab4 BbhE

Configuration Server Protocol: ® DHCP O Static IP

IP Address: 192.168.101.64

IP Subnet Mask:

Default Gateway:

SNMP Community:

255.255.205.0
1921681011

|defau\tCommumty ‘

) Read-Only O Read-Write

Radio0-802.11G

Role in Radio Network: (® Access Paint () Repeater
O Root Bridge O Non-Root Bridge
O Workgroup Bridge O Scanner

Optimize Radio Network for: © Thioughput O Range O Default @ Custom

Aironet Extensions: © Enable @ Disable
Radio1-802.11A
Role in Radio Network: () Access Paint ) Repeater

O Root Bridge () Mon-Root Bridge

Figure 7: CISCO Aironet 1200 AP IP Settings
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Figure 8a: CISCO Aironet 1200 AP Security Settings
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Figure 8b: CISCO Aironet 1200 AP Security Settings
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Figure 8c: CISCO Aironet 1200 AP Security Settings
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