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Abstract

These Application Notes describe the steps required to integrate the Cetis 33001P Series and
9600IP Series SIP Telephones with Avaya IP Office. The Cetis 3300IP Series and 9600IP
Series are corded and cordless telephones that were designed for the hospitality industry and
register with Avaya Aura® Session Manager.

Readers should pay attention to Section 2, in particular the scope of testing as outlined in
Section 2.1 as well as the observations noted in Section 2.2, to ensure that their own use cases
are adequately covered by this scope and results.

Information in these Application Notes has been obtained through DevConnect compliance
testing and additional technical discussions. Testing was conducted via the DevConnect
Program at the Avaya Solution and Interoperability Test Lab.
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1. Introduction

These Application Notes describe the steps required to integrate the Cetis 3300IP Series and
9600IP Series SIP Telephones with Avaya IP Office Server Edition. The Cetis 3300IP Series and
9600IP Series SIP Telephones were designed for the hospitality industry. In the compliance test,
Cetis SIP telephones registered with Avaya IP Office.

In the compliance testing, Avaya IP Office Server Edition system consisted of Avaya IP Office
Primary Linux running on Virtualized Environment and a IP Office 500V2 Expansion.

2. General Test Approach and Test Results

This section details the general approach to the testing, what was covered, and results of the
testing. If the testing was successfully concluded but it was necessary to implement
workarounds or certain non-critical features did not work, it would be noted in Section 2.2.

DevConnect Compliance Testing is conducted jointly by Avaya and DevConnect members. The
jointly-defined test plan focuses on exercising APIs and/or standards-based interfaces pertinent
to the interoperability of the tested products and their functionalities. DevConnect Compliance
Testing is not intended to substitute full product performance or feature testing performed by
DevConnect members, nor is it to be construed as an endorsement by Avaya of the suitability or
completeness of a DevConnect member’s solution.

Avaya recommends our customers implement Avaya solutions using appropriate security and
encryption capabilities enabled by our products. The testing referenced in this DevConnect
Application Note included the enablement of supported encryption capabilities in the Avaya
products. Readers should consult the appropriate Avaya product documentation for further
information regarding security and encryption capabilities supported by those Avaya products.

Support for these security and encryption capabilities in any non-Avaya solution component is
the responsibility of each individual vendor. Readers should consult the appropriate vendor-
supplied product documentation for more information regarding those products.

For the testing associated with these Application Notes, the interface between Avaya systems
and the Cetis 3300IP Series and 9600IP Series SIP Telephones do not utilize TLS and secure
media SRTP encryption features as requested by Cetis.

2.1. Interoperability Compliance Testing

The interoperability compliance test included feature and serviceability testing. The feature
testing focused on establishing calls between Cetis 33001P Series and 9600IP Series SIP
Telephones and Avaya SIP and H.323 telephones, and exercising basic telephony features, such
as hold, mute, hold, transfer and conference. In addition, hospitality features, such as call
forward and Do Not Disturb were covered. Interoperability compliance testing covered the
following features and functionality:
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e SIP registration of Cetis 3200IP SIP Telephones with IP Office Server Edition.

e Calls between Cetis telephones and Avaya SIP and H.323 telephones with Direct IP
Media (Shuffling) enabled and disabled.

e Calls between the Cetis telephones and the PSTN.

e (G.711 and G.729 codec support.

e Transport protocol UDP.

e Proper recognition of DTMF tones.

e Basic telephony features, including hospitality feature, inbound/outbound, hold, mute,
transfer, and conference.

e Use of programmable buttons on the Cetis telephones.

e Proper system recovery after a restart of the Cetis telephones and loss of IP connectivity.

The serviceability testing focused on verifying that the Cetis 3300IP Series and 9600IP Series
SIP Telephones come back into service after re-connecting the Ethernet connect or rebooting the
phone.

2.2. Test Results
All test cases passed with the following observations noted:

e There is an issue with the blind transfer when Cetis 2-Line SIP telephone calls to Avaya
SIP endpoint in the IPO Primary and Avaya SIP endpoint make a blind transfer to an
Avaya H.323 endpoint in Expansion, after the transfer is completed there is no audio
from both endpoints. This issue is currently under investigation by Cetis.

2.3. Support

For technical support on the Cetis 33001P and 9600IP Telephones, contact Cetis Support via
phone, email, or website.

e Phone: (719) 638-8821
e Email: customerservice@cetisgroup.com or sipsupport@cetisgroup.com
e \Web: http://www.cetisgroup.com/sipsupport/
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3. Reference Configuration

Figure 1 illustrates a sample configuration consisting of Cetis 3300IP Series and 9600IP Series
SIP Telephones with Avaya IP Office Server Edition. The Cetis SIP telephones registered with
Avaya IP Office via SIP.

Digital and

Lnalog
Endpoints
IF Office
FoLL ISDN PRI Expansion Endpoints
Trunk
A
SIP Endpoints e folce H3%3
PFrimary Endpoints

IU‘DP 5060

Cetis 372 SIP
Endpoints

Figure 1: Test Configuration Diagram with IP Office

The following table indicates the IP addresses that were assigned to the systems in the test
configuration diagram:

Description IP Address

IP Office Server Edition Primary 10.10.97.110

IP Office 500v2 Expansion 10.10.97.230

H.323 Endpoints 10.33.5.10-11

SIP Endpoints 10.33.5.12-14

Cetis 3™-PartySIP Telephones 10.33.5.42-43
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4. Equipment and Software Validated

The following equipment and software/firmware were used for the sample configuration
provided:

Equipment / Software Release/Version
Avaya IP Office Server Edition Primary 10.0.1
Linux running on Virtualized Environment
Avaya IP Office 500V2 Expansion 10.0.1
Avaya IP Office Manager 10.0.1
Avaya 1140E SIP Deskphones 4.04.23
Avaya 96x1 IP Deskphones 6.6229
Cetis 3300IP Series and 9600IP Series SIP 3.0.0.40
Telephones

Note: Testing was performed with Avaya IP Office Server Edition Solution that requires an
Expansion IP Office 500 V2 to support analog used by fax endpoint. Compliance Testing is
applicable when the tested solution is deployed with a standalone IP Office 500 V2.

Note: Cetis SIP firmware follows a naming convention based on model.

All Cetis IP phones share the same base chipset and firmware, meaning that models using the
same number firmware version share the same traits and compatibility. Server registrations, SIP
messaging, and call control are all the same. The different model prefixed versions are to
accommodate variances in single vs. 2-line capability, corded vs. cordless radio handsets and
LCD display screen sizes. Example: C32-3.0.0-040.bin is the firmware for Cetis Corded 2-line
models including 33001P and 96001P
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5. Configure Avaya IP Office

This section provides the procedures for configuring Avaya IP Office. The procedures include
the following areas:

e Verify Avaya IP Office License

e Obtain LAN IP Address

e Enable SIP Trunks

e Administer SIP Line

e Administer Incoming Call Route

e Administer Short Code
e Administer IP Office Line

5.1. Verify Avaya IP Office License

From a PC running the Avaya IP Office Manager application, select Start = Programs -2 IP
Office = Manager to launch the Manager application. Select the correct IP Office system and
log in with the appropriate credentials.

The Avaya IP Office for Server Edition Manager screen is displayed. From the configuration
tree in the left pane, select License. Verify that the 3rd Party IP Endpoints license is “Valid”,
and that the Instances value is sufficient for the desired maximum number of simultaneous

registrations.
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5.2. Obtain LAN IP Address

From the configuration tree in the left pane, select System to display the System screen for the
IPOSE110 in the right pane. Select the LANL1 tab, followed by the LAN Settings sub-tab in the
right pane. Make a note of the IP Address, which will be used later to configure the Cetis SIP

telephone.

Configuration
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{7 Operator (3)
=-*37 Solution
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5.3. Enable SIP Registrar

Select the VoI P sub-tab. Ensure that SIP Registrar Enable is checked as shown below. Define
the port to be used for the signaling transport, in the test environment TCP, UDP and TLS were
used and the port number was left at the default value. Note that Cetis SIP telephone only uses

UDP.

i3
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Systern LAMT - LANZ  DNS
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3
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v
< >
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Scroll down for further configuration. The RTP Port Number Range can be customized to a
specific range of receive ports for the RTP media. Based on this setting, Avaya IP Office
requests RTP media to be sent to a UDP port in the configurable range for calls using LAN1.

The range used for testing was the Linux default setting of 40750 to 50750.

= IPOSE110 [ v | <
Systern LBMT - LAaM2  DNS Woicemail Telephony Directory Services  System Events  SMTP SMDR VolP WolP Security  Contact Center
LAM Settings Metwork Topology
~
H.323 Gatekeeper Enable
[] &uto-create Extension Auto-create User [] H.323 Rermote Extension Enable
H.323 Signaling aver TLS |Preferred vl 1720 =
SIP Trunks Enable
SIP Registrar Enahle
[ futn-create Extension/ser [ SIP Rernote Extension Enable
SIP Damain Mame |ipocc.c0m |
SIP Registrar FQDM | |
LIDP JDP Port |S060 = 5060 2
Layer 4 Protocol TCP TCP Port (5060 z 5060 =
TLS TLSPort 5061 2 5061 2
A
Challenge Expiration Time (sec) 10 =
RTP
Part Murmber Range
finirmurm 40730 = faxirnum 30750 >
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Minimurm 40730 = Maximurm alTsn =
Enable RTCP Monitoring on Port 5005
RTCP collector IP address for phones Q 0 0 0
Keepalives
Scape Disabled ~ 0
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B8 13 DSCP(Hex) B8 (3| Wideo DSCP (Hed FC (3] DSCPMask (Hed) 88 |2 SIG DSCP (Hexd)
46 [T DsCP 46 13| Video DSCP 63 |3 DSCPMask 3 12| siGDscR
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5.4. System Telephony Settings

Navigate to the Telephony - Telephony tab on the Details Pane. Choose the Companding
Law typical for the enterprise location. For Europe, U-Law is used. Uncheck the Inhibit Off-
Switch Forward/Transfer box to allow call forwarding and call transfer to the PSTN. On
completion, click the OK button (not shown).

o

= IPOSE110 v |«
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. »
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5.5. Administer Codec Settings

Navigate to the VolIP tab on the Details Pane. Check the Available Codecs boxes as required for
the IP endpoints. Note that G.711 ULAW 64K and G.711 ALAW 64K are greyed out and
always available. Once available codecs are selected, they can be used or unused by using the
horizontal arrows as required. Note that in test G.711 ULAW 64K and G.729(a) 8K CS-

ACELP were used as the default codecs. The order of priority can be changed using the vertical
arrows. On completion, click the OK button (not shown).

IPOSE110 [ | v | <
Systern LANT  LANZ  DNS Woicernail Telephory  Directory Services
Ignore DTMF Mistmatch For Phones
Allow Direct Media Within MAT Lacation [
RFC2833 Default Payload 10 S
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£
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5.6. Administer Extension for Cetis SIP Telephone

From the configuration tree in the left pane, right-click on Extension and select New SIP from
the pop-up list to add a new SIP extension (not shown). Enter the desired extension for the Base
Extension field as shown below. In this example, Cetis SIP telephone was assigned extension
4309. This is the extension that Cetis SIP telephone will use to register with IP Office Server

Edition.

‘ Configuration

SIP Extension: 11213 4309
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-8 Short Code(18)
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Select the Vol P tab and retain the default values in the all fields. During the compliance test,
Cetis SIP telephone was tested with G.711and G.729 codecs. Enable Allow Direct Media Path
so that audio/RTP flows directly between two SIP endpoints without using media resources in
Avaya IP Office Server Edition. Note that Media Security should be set to “Disabled” for Cetis
SIP telephone that does not support the media security.

SIP Extension: 11213 4309 ef - X v <> a
Extersion | VolP
IP Address ] i i [] Requires DTMF
[ Local Hold Music
Codec Selection ’System Default '] Re-invite Supported
[7] Codec Lockdown
G711 ALAWY 64K S G711 LILANY 64K
5.729(a) 8K CS-ACELP Allow Direct Media Path
G.722 64K
<4<
EE
Reserve License ’None v]
Fax Transport Support [None v]
DTMF Support |RFC2633/RFC4733 -|
3rd Party Auto Answer ’None vl
Media Security | Disabled ~|
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5.7. Administer SIP User for Cetis SIP Telephone

From the configuration tree in the left pane, right-click on User and select New from the pop-up
list (not shown). Enter desired values for the Name and Full Name fields. For the Extension
field, enter the SIP extension created above.

E
£
B

4309: 4309"

g -# X vi<|> @

User |‘u‘0icemai| | DMD | Short Codes | Source Murmbers |Te|eph0ny| Forwarding | Dial In |‘u"0ice Recording | Button Programrming | ¢ | *
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Passwward ITTTIYTTY
Confirm Password LTI LT
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Enable Softphone
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s

m

m

1

ok ] [ Cancel ] ’ Help ]
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Select the Voicemail tab and select VVoicemail On to enable voicemail for Cetis SIP telephone.

= 4309: 4309" ef - X v <> &
User Woicernail |DND | Short Codes | Source Murnbers |Te|ephony| Forwarding | Dial I |Voice Recarding | Button Programming| * | *
‘Woicernail Code sssess Yaoicermail On
Confirm Voicemail Code eessss [T Woicemail Help
“Waicernail Email [ woicemail Ringback

Woicernail Ermail Reading
U5 Wieh Services
Erable GhALIL &PT

@ Off Copy Forward Alert
DTMF Breakout

Reception/Breakout (DTRF I Systern Default § -
®
Breakout {DTMF 23 Systern Default § -
D
Breakout {DThF 3} Systern Default § -
(@

L UL 3

| ok || cancel || Help |

Select the Telephony tab followed by the Call Settings sub-tab. Note the settings below for the
user. Note: Call Waiting is required to allow a secondary incoming call to Cetis SIP telephone;
otherwise, a second incoming call would be denied.

i 4309: 4309* g - X v <] &

Uszer Yaicemail | DMD Short Codes | Source Murnbers | Telephony | Forwardin DialIn | Yoice Recordin Button Programming| 4 | *
9 9 9 9

Call Settings | Supervisor Settings | kulti-line Options | Call Log | TLUI |

Outside Call Sequence [Default Ring "l Call Waiting On
Inside Call Sequence [Default Ring vl Answer Call Waiting On Hold
Ringback Sequence [Default Ring v] [ Busy On Held
Ma Answer Time (secl Systern Default (15) = [T] Off-hook Station
Wrap-Up Time {sec) z =
Transfer Return Tirme {sec) Off =
Call Cost Mark-Up 100
Advertise Callee State To Internal Callers | Systern Default (Off) -
QK l [ Cancel l ’ Help
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Select the Supervisor Settings sub-tab and enter a desired Login Code. The Login Code is the
password that will be used by Cetis SIP telephone to register with IP Office Server Edition.

T 4309: 4309* gk-¥ X v|< > &

| User |V0icemail | DD | Short Codes | Source Numbers| Telephary |F0rwarding | DialIn |\-"Dice Recording | Button Programming | * | *

Call Settings | Supervisor Settings | Multi-line Options | Call Log | TUL |

Login Code sesnse [C] Farce Lagin

Confirm Login Code LLIL L]

Login Idle Period (sec) [ Force Account Cade

Maonitor Group [<None> v] [C] Force Autharization Codse

Cowverage Group [<None> v] [T] Incarning Call Bar

Status on No-&nswer [Logged On (Mo change) v] [T] Qutgoing Call Bar
IPOCC Agent Type [<None> v] [C] Inhibit Off-Switch Forward/Transfer

Privacy Owerride Group [<None> v] [ CanIntrude

Reset Longest Idle Time Cannot Be Intruded

@ Al Calls [] Can Trace Calls

() External Incoming [T] Deny &uto Intercarmn Calls

ok || Cancel || Help
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6. Configure Cetis SIP Telephones

Access the Cetis SIP Telephones web interface using the URL “http://ip-address” in an Internet
browser window, where “ip-address” is the IP address of the Cetis telephone. By default, DHCP
is enabled on the Cetis telephones. For this compliance test, a static IP address was assigned to
the Cetis telephone. To determine the IP address assigned to the Cetis telephone, enter **47# on
the telephone to hear the IP address. Default Username/Password are admin/admin.

USER LOGIN
Usemname |
Password |
Login | Cancel |
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6.1. Network Settings

To view the network configuration, select the WAN Settings under the Network Settings
section.

Model: C32

Y WAN IP: 10.33.5.42
Phone Number: 4309
\ ‘ Firmware Version; C32-3.0.0-040
"

Home

Summary of Network Parameters
WAN : Connected

©) Home

©) Network Settings

; Network Mode: DHCP Current IP Address: 10.33.5.42
i VAN Setfings Current Gateway: 10.33.5.1 Current Netmask: 255.255.255.0
= LAN Settings MAC Address: 00:19:F3:0F:54:B9
Summary of VolP Settings
.. Primary Register Primary Register: Registered : :
Audio Settings User Name: 4309 Domain Realm:ipocc.com

- g Register Server: 10.10.97.110 Outbound Proxy:
» Call Features Register Server Port: 5060
. Dialing Rules SIP Backup Register Status: Not configured

- : SIP Backup Server:
p Multicast F'aglr!g SIP BackuE Type: None
. Advanced Settings Other

5 QoS Settings NAT Traversal(STUN): Disabled Qo5: Disabled

© Provisioning

©) System Settings

B
bl
bl
bl

Logging Server
Time Settings
User Management
System Actions

Note: Cetis SIP firmware follows a naming convention based on model.

All Cetis IP phones share the same base chipset and firmware, meaning that models using the
same number firmware version share the same traits and compatibility. Server registrations, SIP
messaging, and call control are all the same. The different model prefixed versions are to
accommodate variances in single vs. 2-line capability, corded vs. cordless radio handsets and
LCD display screen sizes. Example: C32-3.0.0-040.bin is the firmware for Cetis Corded 2-line
models including 33001P and 9600IP.
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Common Firmware on Cetis, Inc. SIP Phones

Cetis’ current SIP firmware follows a naming convention based on and mated to the phone model name. The newest
Cetis SIP phones all share the same base chipset and firmware, meaning that models using the same number
firmware version share the same traits and compatibility. Server registration, SIP messaging, and call control are all
the same. The different prefixes are to accommeodate variances in single vs. 2-line capability, corded vs. cordless
radio handsets and LCD display screen sizes.

Example: CC1-3.0.0-040.bin Is a firmware file for the models associated with that CC1 prefix. Firmware
number 3.0.0-040 could have any of the below prefixes tying it to the assoclated models

Prefix Model Features

CC1 M100IP, ND2100IP, E100IP : 1-line, corded

ccz2 M200IP, ND2200IP, E200IP : 2-line, corded

CD1 96001P, M103IP, NDC2100IP, E103IP : No LCD display, 1-line, cordless
cD2 86021P, M203IP, NDC2200IP, E203IP : No LCD display, 2-line, cordless
Cca 3300IP : 2-Line LCD display, 1-line, corded

caz 3302IP : 2-Line LCD display, 2-line, corded

CT1 3300IP-TRM, M100IP-TRM : 1-line, corded, Trimline form

cT2 3302IP-TRM, M100IP-TRM : 2-line, corded, Trimline form

CM1 E100IP-TRM : 1-line, corded, Trimline form

CM2 E200IP-TRM : 2-line, corded, Trimline form

CC = Cetis Corded | CD = Cetis DECT/Cordless | CT/CM = Cetis Trimline | C3 = Cetis 3300 series

The current SIP phone firmware (3.x) is NOT compatible with the SIP phones using (1.x) firmware or (2.x) firnware. Each of these

SIP endpaints are distinct and separate hardware technologies, although they will have the same physical form factor and physical
aesthetic characteristics in many cases.

Motsble edditional festures in the newest phones ara:

Support of LLDP-MED protocols in network deployment | Support of macaddress named configuration files in network deployment. Mare sophisticated
provisioning methods end ra-direction server for cloud-based deployment is also supported.
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In the WAN Settings page, provide the following information:

e Basic Settings
Static IP Settings
PPPOE Settings
802.1X Settings
LLDP Settings

During the compliance test, DHCP was used. The following screen show what was configured
and used.

©) Network Settings

5 WAN Settings
5 LAN Settings

©) VolP Settings

Primary Register
Audio Settings
Call Features
Dialing Rules
Multicast Paging
Advanced Settings

-
-
-
-
-
-

Model: C32
- WAN IP: 10.33.5.42

Phone Number: 4308

\ ‘ Firmware Version: C32-3.0.0-043
Home = Network Settings = WAN Settings
WAN Settings
WAN Interface: Connected
Basic Settings

Network Mode ® DHCP ) Fixed ) PPPoE

Link Mode AUTO M

Primary DNS 10.10.98.60

Secondary DNS
Static IP Settings (Required if Network Mode is set to Static IP)

Static IP Address 10.33.5.200
Subnet Mask 255 255 2550
Default Gateway 10.33.51

PPPoE Settings (Required if Network Mode is set to PPPoE)

0) QoS Settings User Account
5) Provisioning Passuword
. . 802.1X Settings
0) System Settings 802.1X% Disable v
= Logging Server User Name
» Time Settings Password
= User Management Type multicast v
» System Actions LLDP Settings

LLDP Enable

Packet Interval 120

Apply || Cancel
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6.2. VoIP Settings

Select Primary Register under the VolP Settings section. In the Register Server section,
provide the following information:

e Use Service — Select Enable.

e Display Name — Enter a descriptive name.

e Register Server Address — Enter the LAN1 IP address of IP Office.
Register Server Port — Enter 5060 for UDP.

User Name - Enter the user name created in Section 5.2.
Authorization User Name - Enter the user name as configured in Section 5.2.
Password - Enter the password created in Section 5.2.
Domain Realm — Used ipocc.com during the test.
Leave other fields at default value.

Cet] S \-‘,

© Home

(© Network Settings

5 WAN Settings
5 LAN Settings

(©) VolP Settings

= Primary Register
» Audio Settings

» Call Features

= Dialing Rules

% Multicast Paging
» Advanced Settings

(©) QoS Settings

@ Provisioning

(@) System Settings

Home * VolP Settings = Primary Register
Primary Register

Main Server: Registered
Register Server

Use Service Enable
Display Name

User Name 4309
Authorization User Name 4309
Password

Register Server Port 5060
Register Server Address 10.10.97.110
Domain Realm ipocc.com

Outbound proxy

Register Expire 300

SIP Backup Type Mone r
SIP Backup Server

Backup Server: Not configured

[SYSTEMSUMMARY |

Model: C32

WAN IP: 10.33.5.42

Phone Number: 4309

Firmware Version: C32-3.0.0-043
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In the Protocol Control section, provide the folllowing values.

e MWI Subscribe — Select Enable from the dropdown menu.

e DTMF - Select the RFC2833 option.
e SIP Tranport — Select UDP from the dropdown menu.
e Leave other fields at default value.

Click Apply button to save the changes.

Cetis &

(©) Home

(©) Network Settings

« WAN Settings
» LAN Settings

(@ VolP Settings

Primary Register
Audio Settings
Call Features
Dialing Rules
Multicast Paging
Advanced Settings

-
-
-
-
-
-

©) QoS Settings

© Provisioning

©) System Settings

-
-
-
-

Logging Server
Time Settings
User Management
System Actions

DI LELRUE Y e

SIP Backup Server

Protocol Control

MWI Subscribe
Subscribe Expire

Local SIP Port

Local RTP Port

Keep Alive Packat

Keep Alives Period
DTMF

DTMF SIP INFO Mode
DNS Type

Jitter Buffer Max
Anonymous Call Rejection
Session Switch

Session Time (Min=90s)
PRACK

Support Update Method
Rport

SIP Transport

SIP URI

SRTP

Norne

Enable
300
5060
20000

Off ' On
60
® RFC2833
Send*# v
NAPTR/SRV ¥
150
& Off On
Disable ¥
1800
Disable ¥
Enable ¥
Enable ¥
UDP v
sip ¥
Disable v

Apply || Cancel

Inband

SYSTEM SUMMARY

Model: C32

WAN IP: 10.33.5.42

Phone Number: 4309

Firmware Version: C32-3.0.0-043

SIP Info
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Select Audio Settings under the VoIP Settings section. In this page, a customer can prioritize
codec settings. The picture below shows the list of codecs supported by the Cetis SIP telephone.

©) Home

©) Network Settings

s WAN Settings
= LAN Settings

o) VolP Settings

= Primary Register
= Audio Settings

= Call Features

= Dialing Rules

= Multicast Paging
= Advanced Settings

©) QoS Settings

©) Provisioning

©) System Settings

= Logging Server

= Time Settings

= User Management
= System Actions

Cetis &

Home = VolP Settings

Audio Settings
Sound and Violume Control
Handset
Speakar
Rimger Tone
Signal Standard
Rimger
Rimger Type
Codecs Settings
Codec Priority 1
Codec Priority 2
Codec Priority 3
Codec Priority 4
Codec Priority 5
Codec Priority 6
Packet Data Size
iLBC 15.2K
G.723153K
Voice VADICNG
Voice VAD
CNG
Codec ID Settings
DTMF Payload(RFC2833)

= Audio Settings

7 {1~7)
5 {1~7)
5 (1~7)
United States v
Off ® On
ringer 1 v
GT71lu -~
G7231 ~
G729 v
GT71la v
iLBC v
G722 v
20ms ¥
& 0ff On
& Off On
& 0ff On
= 0ff On

101 (95~127)

Apply || Cancel

SYSTEM SUMMARY

Model; G32

WAN IP: 10.33.5.42

Phone Mumber: 4309

Firmware Version: C32-3.0.0-043
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Select Call Features under the VolP Settings section. In this page, a customer can program the
memory buttons. For Cetis SIP telephone comes with 10 memory buttons. Enter the voicemail
short code of IP Office messaging in the MWI Number box this setting allows user to access to
the voicemail system by press Message button the phone.

Model: C32
Y WAN IP: 10.33.5.42
Phone Number: 4309
e ] S \ ‘ Firmware Version: C32-3.0.0-043
@ Home Home * VolP Settings « Call Features
: Call Features
(@) Network Settings
. Programmable Keys & MWI Numbear
» WAN Settings Memory 1: Memary v
» LAN Settings Memory 2: Memory v
(© VolP Settings Memory 3: Memary v
» Primary Register Memory 4: Memory hd
» Audio Settings Memory 5: Memaory b
» Call Features Memory 6: Memory d
» Dialing Rules Memory 7: Memory v
» Multicast F’aglrfg Memory &: Memory v
» Advanced Settings Memory 9: Wemory -
0) QoS Settings Memaory 10: Memory hd
o Provisioning MWI Number. [17
5 System Setings Park Mods Default *
Hold Key Active:
» Logging Server
Time Setti Hold Key ldle:
# ime Seflings Call Features
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Under the Call Features section in the right pane, three features (Auto Answer, Do Not Disturb
and Call Forward) were tested. The configuration below shows these features at their default
values.

After the configuration is completed, click Apply.

SYSTEM SUMMARY

Model: C32

- WAN IP: 10.33.5.42
Phone Number: 4309
\ ‘ Firmware Version: C32-3.0.0-043
-

Call Features

©) Home

- Hotline

D Network Warm Line Time 4 (0~30 sec)
= WAN Settings Auto Answer ®0f O on

» LAN Settings Auto Answer Time Qut 5 (0~30 sec)
: Primary Register Forward Number

= Audio Settings Enable Call Time Out Enable

= Call Features No Answer Time Out 20

= Dialing Rules Call Waiting Off ® On

= Multicast Paging Do Not Disturb ®0Of On

% Advanced Settings Ban Outgoing ®0Of ) 0On

©) QoS Settings Accept Any Call af ® on

- S Display Settings

B PV LCD Display ® Enable  Disable
©) System Settings Greeting Message

= Logging Server
ly || Cancel
. Time Setings  Apply || Cancel |
% User Management
s System Actions Blocked List Sat
Paosition Number Select
1
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7. Verification Steps

This section provides the tests that can be performed to verify proper configuration of IP Office
and the Cetis SIP Telephones.

7.1. Verify Cetis SIP Telephones

Select VOIP Settings in the left pane to display the VolP Summary page. Verify that the
Primary Register is set to Registered.

©) Home

©) Network Settings

. WAN Settings
= LAN Settings

©) VolP Settings

. Primary Register
. Audio Settings

» Call Features

n Dialing Rules

. Multicast Paging

= Advanced Settings

©) QoS Settings

© Provisioning

©) System Settings

= Logging Server

= Time Settings

= User Management
. System Actions

etis &

Home
Summary of Network Parameters
WAN : Connected
Network Mode: DHCP
Current Gateway: 10.33.5.1
MAC Address: 00:19:F3:0F:54:B9

Summary of VolP Settings
Primary Register: Registered
User Name: 4309
Register Server: 10.10.97.110
Register Server Port: 5060
SIP Backup Register Status: Not configured
SIP Backup Server:
SIP Backup Type: None
Other
NAT Traversal(STUN): Disabled

Model: C32
WAN IP: 10.33.5.42

Phone Number: 4309

Firmware Version; C32-3.0.0-040

Current IP Address: 10.33.5.42
Current Netmask: 255.255.255.0

Domain Realm:ipocc.com
Outbound Proxy:

QoS: Disabled

7.2. Verify Avaya IP Office

From a PC running the Avaya IP Office Monitor application, select Start = Programs=> IP
Office = System Monitor to launch the application. The Avaya IP Office SysMonitor screen
is displayed, as shown below. Select Status = SIP Phone Status from the top menu.
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&b Baya IP Office SysMonitor - Monitoring 10,107,110 {POSEL10 {Server Edition{P)); Log Settings - Clsersh. Asys... | = || = |[s253]

File Edit ‘iew Filters Help
=8| ~8|T| >

TCP Streams Data ..

SIP Tep UserData .. 0.0.2.0 build 23

[SIRTP Sessions 0>; tag=97fdfabes3f0£2d9
Woicernail Sessions vtion/ sdp
SCH Licence
Outdialer Status
IPY6 Config
Srnall Carmmmunity Networking 97EZE2859 IN IP4 135.10.97.110
Partrer Sessians
Alarms o
hap Status a0 1e
Conference Status
Metwrork Wiew:
H323 Phone Status I
SIP Pha tus
45151100%m3 Sip Quarantined Phone Status lgtate SIPDialog: :INITIAL(O) -»> SIPDial

453151200%m3 Sip Equinox Sessions "imeout, dialog iz in SIFDialog::FIMNAL
45151200%m8 Sip Blacklisted Extensions wwactionCondition to UnInt Hone
45151200%m3 Sip . shed, dialogs 0 txn keys O

451512009ms sip| CackistedIp Addresses log open (Close)

451512836ma PR DECTLines Status 'ng current value 7070

451514271m3 PRN: IPCKeepaliwveTask::Main sending keepalives at 5000 ms |

1| 1l 2

The SIPPhoneStatus screen is displayed and select the Registered radio button in the Display
Options area it displays all SIP users currently register to IP Office. Verify that there is an entry
for the Cetis C32.3.0.0.40 in the list.

[ SIPPhoneStatus EI@
Total Configured: 14 “whaiting 3 secs for update
Total Registered: 5 Fegistered Statu:  |[HHBEEERER
Extrr Murm | Lzer Mumn | Phone Type | Security | Behind NAT | IP Address | Private ... | Trangpart | Lzer Agent | Licenzed | SIP Dptiokis
4303 4303 J1295IP bt effart 1921621936 TCP AwapaJ1201P Phone 30, AvapalP RU
4304 4304 T140E_SIF  best effor 10.33551 TLS Ayapa |P Phone 1740E [ AvapalP RU
4306 4306 TT40E_SIF best effart 19216219314 TLS Awapa |P Phone 1740E [ AvapalP RU
SIP best effaort UDF Cetiz C 0.0-043 Srd Party IP R
disable | [UuDP | Ceti I 3rd Party [P

1 | 1 +

Dizplay Options . .
© Show Al # Regstered ' UnRegistered Page 1 z‘ Save Page Feset Phones Rereqister Phones Cancel ‘
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8. Conclusion

These Application Notes have described the administration steps required to integrate the Cetis
3300IP Series and 9600IP Series SIP Telephones with Avaya IP Office Server Edition. The Cetis
3300IP Series and 9600IP Series SIP Telephones registered successfully with Avaya IP Office
via SIP. Incoming and outgoing calls were placed to/from the Cetis SIP telephones and basic

telephony and hospitality features were exercised. All test cases passed with observations noted
in Section 2.2.
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