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Abstract

These Application Notes describe the steps required to integrate the Cetis 3300IP and 9600IP
Series SIP Telephones with Avaya IP Office. The Cetis 3300IP and 9600IP Series SIP
Telephones were designed for the hospitality industry and register with Avaya IP Office. The
Cetis 3302IP and 9602IP SIP Telephones, which use the same firmware, were used in this
compliance test.

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 and 9600IP
Series SIP Telephones with Avaya IP Office. The Cetis 33001P and 9600IP Series SIP
Telephones were designed for the hospitality industry. In the compliance test, Cetis SIP
telephones registered with Avaya IP Office, established calls with other Avaya SIP and H.323
telephones, and executed telephony and hospitality features using Avaya IP Office Shortcodes.
The Cetis 3302IP and 96021P SIP Telephones, which use the same firmware, were used in this
compliance test. The 3302IP is a corded SIP telephone with a display and the 9602IP is DECT
SIP telephone without a display.

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 should 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.

The interoperability compliance test included feature and serviceability testing. The feature
testing focused on establishing calls between Cetis 3300IP and 9600IP Series SIP Telephones
and Avaya SIP and H.323 telephone and exercising basic telephony features, such as hold, mute,
and conference. In addition, hospitality features, such as wake-up calls and Do Not Disturb were
covered. Additional telephony features, such as call forward, follow me, call park/unpark, and
call pickup were also verified using Avaya IP Office Shortcodes.

The serviceability testing focused on verifying that the Cetis 33001P and 9600IP Series SIP
Telephones come back into service after re-connecting the Ethernet connect or rebooting the
phone.

2.1. Interoperability Compliance Testing
Interoperability compliance testing covered the following features and functionality:

= SIP registration of Cetis 3300IP and 9600IP Series SIP Telephones with Avaya IP Office.

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

= Calls between the Cetis telephones and the PSTN.

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

= Proper recognition of DTMF tones.
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= Basic telephony features, including hold, mute, redial, multiple calls, and 3-way
conference.

= Extended telephony features using Avaya IP Office Shortcodes for wakeup calls, Do Not
Disturb, Call Forward, Follow Me, Call park/Unpark, and Call Pickup.

= Voicemail coverage, MWI support, and logging into voicemail system to retrieve
messages.

= Use of programmable buttons on the Cetis telephones.

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

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

= |f the Cetis phone dials an invalid number, an audible beep (chirp) is played to the user
and the call disconnects.

= The Cetis phones support 3-way, attended conferences only, if the Cetis phone drops
from a conference, the other parties in the conference also drop.

= |f the End with ‘#’ option is enabled in the Digital Map of the Cetis phone (see Section
6), Avaya IP Office shortcodes should not end with a # since the Cetis phone would not
send the #. The # should be substituted with another character, such as a *. However, if
the “End with ‘#’ option is disabled, the shortcodes may end with a #.

2.3. Support

For technical support on the 3300IP and 96001P SIP telephones, contact Cetis support via phone,
email, or website.

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

Figure 1 illustrates a sample configuration consisting of Cetis 3300IP and 9600IP Series IP
Telephones with Avaya IP Office. The Cetis telephones registered with Avaya IP Office via
SIP. Avaya Voicemail Pro was used to support hospitality wakeup calls.

Avaya Voicemail Pro
used for Wakeup Call Script

ISDN-PRI

Avaya IP Office 500 V2

Cetis 3300IP and 9600IP
Series IP Telephones

Avaya 9600 H.323 Avaya 1120E SIP
Deskphone Deskphone

Figure 1: Cetis 33001P and 9600IP Series IP Telephones with Avaya IP Office
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4. Equipment and Software Validated

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

Equipment/Software

Release/Version

Avaya IP Office 500 V2

9.0.2.0 (Build 860)

Avaya Voicemail Pro

9.0 (Build 311)

Avaya 9600 Series IP Deskphone

6.3116 (H.323)

Avaya 1120E IP Deskphone

04.03.18 (SIP)

Cetis 3300IP and 9600IP Series SIP

1.8.6-1249

Telephones

Notes:

Testing was performed with IP Office 500 v2 R9.0, but it also applies to IP Office Server Edition
R9.0. Note that IP Office Server Edition requires an Expansion IP Office 500 v2 R9.0 to support
analog or digital endpoints or trunks. IP Office Server Edition does not support TAPI Wave or

Group Voicemail.

Common Firmware on Cetis Group IP Phones
Cetis SIP firmware follows a naming convention based on model. All Cetis IP phones share the
same base firmware. Server registrations, SIP messaging, and call control are all the same. The
different versions are only to accommodate variances in the number of speed dial keys and the

different LCD screen sizes.
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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:

= (Obtain LAN IP address

= Administer SIP registrar

= Administer SIP extension for e-IVR
= Administer SIP user for e-IVR

Note: The configuration of the Cetis 3300IP and 9600IP Series SIP Telephones are identical on
Avaya IP Office. Call routing to the PSTN is outside the scope of these Application Notes.

5.1. Obtain LAN IP Address

From the configuration tree in the left pane, select System to display the System screen for the
IP Office 500 V2 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 telephones.

" Avaya IP Office Manager devcon-ipo [9.0.200.860] [Administrator(Administratar]

File Edit View Tools Help

R E-HE B A v 2 [ deveon-ipo > System = devcon-ipe S
IP Offices | = devcon-ipo £ v <>
E R BOOTP (1) System| LANL |LAN2 | DNS |Voicemai| |Te\ephony| Directory Sarwcesl System Evantsl SMTP | SMDR |Twinning |VCM | CCR | Codecs|
Operator (3)

devcon-ipo LAN Settings |\c"oIP | Metwork Topology|
System (1)

g devcon-ipo 1P Address 192 168 100 30
BT Line (3)
‘- Control Unit (4) 1P Mask 255 . 255 . 255 . 0
G4 Extension (42)

2 192 168 100 1

& n User (38) Primary Trans. IP Address
-3¢ Group (4) RIP Made [None -
-8 Short Code (64)
@ Service () [] Enable NAT
B-all; RAS (1)

- Incoming Call Route (5) Mumber Of DHCP [P Addresses 200 =
& wanPort (1 DHCP Mode

- Directory (0)

{17 Time Profile (0) ) Server () Client () Dialin @ Disabled
@ Firewall Profile (1)

-[ll 1P Route (2)

-~ Account Code (0)

B License (77)

i Tunnel (0}

-4 User Rights (8)

¢ ARS (1)

~-a#” RAS Location Request (0)
@ Location (0)

&

e

e

Ready
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5.2. Administer SIP Registrar

Select the VolP sub-tab. Ensure that SIP Registrar Enable is checked and enter a valid
Domain Name. In the compliance testing, the Domain Name field was left blank so the LAN
IP address was used.

File Edit View Tools

Help

25-dBAEE LD v o2 devconipo

* System

- devcon-ipo

IP Offices

—

devcon-ipo

oM X | vl<]|>

- R BOOTP (1)
-- i~ Operator (3]
E--*'jd devcon-ipo
EI---*'_—J System (1)

-55) deveon-ipo
-t7 Line (3)
-2 Control Unit (4)
-4 Extension (42)
@ User 38)
ﬂ Group (4)
-@% Short Code (64)
s Service (0]
1oy RAS (1)
@ Incoming Call Route (5)
~f) WanPort (0)
- Directory (0]
-1 Time Profile (0)
@ Firewall Profile (1)
-ill IP Route (2)
-l Account Code (0)
B License (77)
-4 Tunnel (0]
;‘. User Rights (&)
- ARS (1)
- RAS Location Request (0)
i@ Location (0)

e
e
e
e
e
e

e

-

-

| System| LANL |LAN2 | DNS |Voicemai| |Te\ephony Directory Services | System Eventsl SMTP | SMDR |Twinning |\|’CM | CCR | Codecs|

[ LaN settings [ VelP || Network Tepology|

H323 Gatekeeper Enable
Auto-create Extn

SIP Trunks Enable

SIP Registrar Enable
Auto-create Extn/User

Domain Name

Layer 4 Protecol

Challenge Expiry Time (secs)

[] Auto-create User

uDP
TCP
[ TLs

10

UDP Port 5060
TCP Port 5060

TLSPort 5061

[ H223 Remote Extn Enable

m

[ SIP Remote Extn Enable

Remote UDP Port 5060
Remote TCP Port 5060

Remote TLS Port 5061

Ready
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5.3. Administer SIP Extension for Cetis 3302IP and 9602IP SIP
Telephones

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. Enter the desired extension for the Base

Extension field as shown below. In this example, the Cetis 33021P was assigned extension

62100. This is the extension that the Cetis SIP telephone will use to register with IP Office.

Eile Edit View Tools Help
A=A EL:E N 0 2B devcon-ipo ~ Extension ~ 800162100 -
IPOffices  |[= SIP Extension: 8001 62100 eI X vl< >

""" & 10860009  ~ || Edn | volP | T38Fax
""" A& 109 60010
""" < 110 60011 Extension Id 8001 B
""" A 111 60012
----- A 112 60013 Base Extension 62100
""" A8 113 60014 .
..... & 114 60015 Caller Display Type On

""" «& 11560016 Reset Volume After Calls 0
""" A 116 60017

""" e, 8006 60020 -
..... e, 8010 60021 — Device Type Unknown SIP device
""" e, 8011 60022

""" ", 8012 60023

»

m

Location ’Automatic -

""" < 260202 Module 0

m

----- % 8008 60300 Port 0
_____ : : gggg gg;gi Force Authorization
----- . 8014 61004
-, 8003 62000
----- e 800062001 8
----- ] £001 62100]
----- ™. 8002 62101
----- ™. 8017 77302
----- . 8015 77304

E-§  User (38) 8

-5 Group (4)

:

0B Shart Code (AT T Of Cance
1 T | 3 = = =
Ready .
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Select the Vol P tab and retain the default values in the all fields. During the compliance test,
Cetis SIP telephones were tested using G.711 and 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.

File Edit View Tools Help
2E-H E@ N 0 2| deveon-ipo - Extension = 001 62100 -
IP Offices | = SIP Extension: 8001 62100 e - X v <>

-4 108 60009 -

-4 109 60010

oy 110 60011 [T VelP Silence Suppression
IP Address o . 0 . 0 .0

- 111 60012

-y 112 60013

) :: ﬂi ggﬂ Codec Selection Systern Default 1) Allow Direct Media Path

- 115 60016 Unused Selected
& 11660017 FEe G.729(a) 8K C5-ACELP

-y, 8006 60020 G.711 ALAW B4K [ Codec Lockdown
-y, 8010 60021 G.711 ULAW 64K
-y, 8011 60022 i 6.723.1 6K3 MP-MLQ
-y, 8012 60023
-y 160201 €L
-l 260202
-y 360203
.y, 8008 60300
., 8009 60301
-y, 8016 61001
-y, 8014 61004
., 8003 62000
-y, 8000 62001 Reserve License [None v]
%, 8001 62100
-, 800262101
ey 8017 77302 || TDM->IP Gain [pefautt -
.y, 8015 77304
g User (38) IP->TDM Gain [Defautt -
[#-ia§ Group (4)
-8X Short Code (64) DTMF Support [Rrc2833 -
@ Service (0)
ol RAS (1)

) l_r1 ﬂanr"nmmn ra|||nm.:p ol T
Ready [

[ Lecal Hold Music

Re-invite Supported

m
W
W
W

Fax Transport Support [None v]

Repeat these steps for each extension required. During the compliance test, extensions 62100
and 62101 were used for the 3302IP and 9600IP, respectively.
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5.4. Administer SIP User for Cetis 3300IP and 9600IP Series SIP
Telephones

From the configuration tree in the left pane, right-click on User and select New from the pop-up
list. Enter desired values for the Name and Full Name fields. For the Extension field, enter the
SIP extension created above.

IR e —, .

File Edit View Tools

2E-H EE A v o 2| devcon-ipo

Help

+ User + 62100 sip62100

IP Offices

—

sip62100: 62100

ef-EAIxXlvl<]>

207 Extn207
208 Extn208
60000 Extn50000
60001 Extnb0001
60002 Extnb0002
60003 Extnb0003
60004 Extnb0004
60005 Extnb0005
60006 Extnb0006
60007 Extnb0007
60008 Extnb0008
60009 Extnb0009
60010 Extn50010
60011 Extnb0011
60012 Extnb0012
60013 Extn50013
60014 Extnb0014
60015 Extnb0015
60016 Extnb0016
60017 Extnb0017
60020 Extn50020
60021 Extnb0021
60022 Extnb0022
60023 Extnb0023
60300 Fax50300
60301 Faxb0301
60201 FaxPortl
60202 FaxPort?
- 60203 FaxPort3
e 52000 sip62000
- 62001 sip62001
- BT
e 62101 sip62101
[#-i3§ Group (4)
[+-@% Short Code (64)
@ Service (0)
H-offy RAS (1)
E]---@ Incoming Call Route
¥ WanPort (0)
-4 Directory (0]
{1 Time Profile (0)
(-8 Firewall Profile (1)
(- Jilll P Route (2)
Account Code (0)
W License (77)
i Tunnel (0)
#-f3 UserRights (8)
- ARS (1)
- RAS Location Requet

m

206 Extn206 -

User |Voicamai| | DD | Short Codes | Source Numbers | Telephony | Forwarding | Dial In |‘u"oice Recording | Butten Programming | * | *

MName

Password

Confirm Password
Account Status

Full Mame

Extension

Email Address
Locale

Priority

Systemn Phone Rights

Profile

Device Type

User Rights

User Rights view
Working hours time profile
Working hours User Rights

Out of hours User Rights

5ip62100

Enabled

Cetis 33021P

62100

[

5

[None

[Basic User

= Receptionist
Enable Softphone

[] Enable one-X Portal Services
Enable one-X TeleCommuter

[] Enable Remote Worker
Enable Flare
Enable Mobile VoIP Client
Send Mobility Email

= Ex Directory

j |Unkn0wn SIP device

[U;er data

<MNone>

B8 Location (0) I

| E——
Ready rfr
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Select the Voicemail tab and select VVoicemail On to enable voicemail for the Cetis phone.

Eile Edit View Tools Help

2E-HE E A v 52 deveon-ipo + User + 62100 sip62100 -

T L R =R I AR

User Voicemail | DMD | Short Codes | Source Mumbers | Telephony | Forwarding | Dial In | Voice Recording | Butml:I:‘

60006 ExtnB0i =
60007 ExtnB0i
gggg gng: Voicemail Code Voicemail On
n

60010 ExtnB0l Confirm Voicemail Code Voicemail Help
60011 Extni0i
60012 ExtnG0( Voicemail Email Voicemail Ringback
ggii ;:g: ["] Voicernail Email Reading
60015 Extrb0! UMS Web Services
60016 Extndli
60017 Bxtn60( Veicemail Email
60020 Ext60!
60021 Extni0( @ Off Copy Forward
60022 Extna0i
60023 Extnb0i
60300 Faxb03
60301 FaxG03
60201 FaxPor (i)
60202 FaxP

I 60203 F:ipz: Breakout (DTMF 2) System Default ()

i~ 62000 sip620( D

§ 62001 sip620(

§- 62100 sips21(_| Breakout (DTMF 3) Systemn Default ()

§+ 62101 sip621( ®

-8 Group (4)

H-@% Short Code (54)

DTMF Breakout

Reception / Breakout (DTMF 0) Systermn Default ()

<

J@ Incoming Call Re -
«Lom 3

Ready
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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 the Cetis phone; otherwise,
the call second incoming call will be denied.

,a.vaya[porﬁ.;e rremE  [9.0,200.860 =g X |

Eile Edit View Tools Help

200-d AEE A v o 28 devcon-ipo * User ~ 62100 sip62100 v

IP Offices = sip62100: 62100 e - X v«

----- § 60006 Extn6Ol ~
..... n 60007 ExtnBol
""" § 60008 Extn60l Call Settings | Supervisor Settings | Multi-line Options | Call Leg | TUI |
----- § 50009 ExtnBOl
""" § 60010 Extngor Outside Call Sequence [Default Ring v] Call Waiting On
----- § 60011 ExtnBO
----- § 60012 Extngol Inside Call Sequence [Default Ring '] Answer Call Waiting On Hold
----- § 60013 Bxtn60( . .
..... a 50014 Extna0l Ringback Sequence [Default Ring v] [T] Busy On Held
----- § 60015 ExtnbOr
----- £ 60016 Extn60(__
----- § 60017 BxtnbOl
----- § 60020 ExtnbOl
""" i 60021 Extnb0¢ Transfer Return Time (secs) |Off =
----- § 60022 Extn6Ol
----- § 60023 ExtnéOl Call Cost Mark-Up 100
----- § 60300 FaxG03
----- § 60301 Faxs03
----- § 60201 FaxPor
----- § 60202 FaxPor
----- § 60203 FaxPor
----- £ 62000 sips20(
----- § 62001 sips20C
----- § 62100 sipe210_|
----- £ 62101 sip621(
G- Group (4)

(8% Short Code (64)
9 Service (0]

oy RAS (1)

EJ---@ Incoming Call Re ~ —
1 = 3 o =

Ready Mg .

Mo Answer Time (secs) Systern Default (15) = [ Offhook Station

Wrap-up Time (secs) 2 =

m

(=]
I
T
I
i
o
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Select the Supervisor Settings tab and enter a desired Login Code. The Login Code is the
password that will be used by the Cetis SIP phone to register with IP Office.

H.'i ) [9.0.200.860] [
File Edit View Tools Help
2050 @@&E A v o2 devconipo -~ User - 62100 5ip62100 -
IPOfiices  ||= sip62100: 62100 o2 X v <>

----- § 60006 Extn60! «
----- § 60007 ExtnOl
----- § 50008 Extns0l Call Settings || Supervisor Settings || Multi-line Options | Call Log | TUI |
_____ 4 60009 Extrg0l

----- g 60010 ExtnB0( Legin Code o [C] Ferce Login
----- 60011 Extn60(
..... § 60012 Extng0l Login Idle Period (secs) [ Force Account Code
----- § 60013 Extn6O0 ]
_____ 3 60014 ExtnG0l Monitor Group ’<None> ']
----- § 60015 ExtngOl
----- § 50016 ExtnB0l__
----- § 60017 Extn6O( Status on No-Answer [Logged On (No change) v] [] Outgeing Call Bar
----- § 60020 ExtngOl
..... g ggi ;ngi Reset Longest dle Time [T] Inhibit Off-Switch Forward/Transfer
..... N

_____ a 60023 ExtrG0l © Al Calls [[] Canintrude

..... § 60300 Fax603) ) Cannot be Intruded
..... a 60301 Fax@03i () External Incoming

_____ § 60201 FaxPor [] Can Trace Calls

----- § 60202 FaxPor [7] CCR Agent
----- § 60203 FaxPor
..... a,., 62000 sip620¢ After Call Work Time (secs) |System Default (10) = Automatic After Call Work
----- § 52001 sips200
----- &+ 62100 sip621(|__
----- §+ 62101 sips21(
-5 Group (4)

G-@% Short Code (64)

----- @ Service (0) <l i b
ol RAS (1)

EJ---@ Incoming Call Re -

Ready I .:

—

| User |‘u’oicemai| | DMD | Short Codes | Source Numbers| Telephony |Forwarding | Dial In |‘u’oice Recording | Butto| ¢ | *

Coverage Group ’<I\Ione> v] [T Incoming Call Bar

m

[] Deny Auto Intercom Calls

.}

[s

Repeat these steps for each user required. During the compliance test, users 62100 and 62101
were used for the 33021P and 9602IP, respectively.
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6. Configure Cetis 3302IP and 9602IP SIP Telephones

Access the Cetis 3302IP and 9602IP 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, an IP address was
assigned to the Cetis telephones using a DHCP server. To determine the IP address assigned to
the Cetis telephone, enter **47# on the telephone to hear the IP address. Log in using the
appropriate credentials. To view the network configuration, navigate to Network > WAN
Config on the 3302IP and Network = LAN Config on the 9602IP. Alternatively, selecting
Current Status in the left pane will also display the network configuration.

ﬂ it _ew iy oo Tow= e [N

VoI \+
& 192168100176 | |B- Google 2B & A =
m\[ .
e . .
WAN Configuration
Current Status Wan Status
Hebwork Active IP 192.168.100.176
VoI Current Netmask 255 255 255.0
Advanced Current Gateway 192.168.100.1
Dial-peer MAC Address 00:19:f3:06:68e:48
Config Manage Get MAC Time 20140612
Update Firmware WAN Setting
System Manage Static © DHCP @ PPPCE ©
Met Traffic Timeout |2 (minutes)
802 1X Setting
Username |testuser
Password |nn
Enable 802.1x =)
< m »
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http://ip-address/

Select VolP in the left pane to display the SIP Configuration screen as shown below. Set the
Server Address to the Avaya IP Office LAN1 IP address noted in Section 5.1 and specify 5060
as the Server Port. For the Account Name and Phone Number fields, specify the SIP
extension (e.g., 62100) assigned to the Cetis phone, and set the Password field to the password
configured in Section 5.4. Select the Enable Register checkbox and enable the Message
Waiting Indication option for voicemail notification. Click Apply button.

File Edit Wiew History Bookmarks Tools Help
VOIP

& 192168100176 v & || B Googte
SIP Configuration
Current Status SIP Line Select
voip E
Advanced Basic Setting
Dial-peer Register Status Unapplied Display Name
Config Manage Server Address |192153 100.30 Proxy Server Address
Update Firmware Server Port ISUEU Proxy Server Port
System Manage Account Name IEZ‘IUU Proxy Username
Password |uuu Proxy Password
Phone Number |62100 Domain Realm L4
Enable Register Message Waiting Indication | Enable(Subscribe) :
APPLY
Advanced Set
‘ LI [
— - — —

Navigate to Advanced = DSP to view the codec set configured on the Cetis telephone. This is
displayed for informational purposes only and no change is required.

File Edit View History Bookmarks Tools Help
VOIP +

& P @192168100176 v c - Google P B & /& =
m X.
DSP Configuration
Current Status DSP Set
Metwork First Codec [g7t1UIawsak [= Second Codec [o723 =
voip Third Codec | 0729 : Fourth Codec | o7 11Alawhdk :
Advanced Default Ring Type IType 1 : Handdown Time 200 ms
Dial-peer Input Volume |3 (1-9) Qutput Volume I? (1-9)
Config Manage Handfree Volume |9 (1-9) Ring Volume |5 (1-9)
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Navigate to Advanced - Digital Map to configure the dial plan supported by Avaya IP Office.
In this configuration, local extensions were 5-digits in length beginning with ‘6’. Therefore, an
entry for 6xxxx was added to the Digital Map. By doing so, the Cetis telephone would dial as
soon as the dial pattern is recognized instead of waiting for the inter-digit timeout interval to
expire or dialing a ‘#’ at the end of the digits to indicate end of dialing. The timer is configured
on this page in the Time Out field and it is configured at 5 secs. The End With ‘#’ field
checkbox is selected to allow the ‘#’ to signal end of digits. In addition, some shortcodes were
entered in the Digit Map so that they would be recognized as soon as a user dialed them. Click

Apply.

Note: If the End With ‘#° checkbox is selected, Avaya IP Office shortcodes cannot end with a
‘# otherwise the Cetis telephone will never send the ‘#’ and the feature will not be activated or
deactivated. If this option is enabled, substitute the ‘#’ at the end of a short code with another
symbol, such as ‘*’. Alternatively, if a shortcode ends with a ‘#’, disable this option. Note that
if this option is disabled, the inter-digit timer will have to expire if a user dials a number that is
not recognized in the Digit Map.
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To program the voicemail button and other buttons on the Cetis telephone, navigate to
Advanced - Phone. Inthe MWI Number field, configure the shortcode associated with the
Voicemail Collect feature. Under the Memory Key Setting section, configure the other buttons
as desired. The first three buttons were also configured with other shortcodes as shown below.

Click Apply.
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To enable the Hot Line feature, navigate to Advanced = Call Service and enter an extension in
the Hot Line field. When Hot Line is configured, Cetis will dial this number as soon as a user
goes off hook. The Warm Line Time field may be configured to allow Cetis to wait a pre-

determined amount of time (e.g., 3 secs) before dialing the Hot Line number. This would give
the user time to dial a number. Click Apply.
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7. Verification Steps

This section provides the tests that can be performed to verify proper configuration of Avaya IP
Office and the Cetis 3300IP and 96001P SIP Telephones.

1. Select VOIP in the left pane to display the SIP Configuration. Verify that the Register
Status is set to Registered.
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2. Verify basic telephony features by establishing calls between a Cetis telephone and another
phone.
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8. Conclusion

These Application Notes have described the administration steps required to integrate the Cetis
3300IP and 96001P SIP Telephones with Avaya IP Office. The Cetis 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.

9. References

This section references the Avaya documentation relevant to these Application Notes. The
Avaya product documentation is available at http://support.avaya.com.

[1] Avaya IP Office Manager, Release 9.0, Issue 9.01, September 2013, Document Number 15-
601011.

[2] Cetis 3302IP VoIP Phone User’s Manual.

[3] Cetis 9602IP VoIP Phone User’s Manual.
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are the property of their respective owners. The information provided in these Application
Notes is subject to change without notice. The configurations, technical data, and
recommendations provided in these Application Notes are believed to be accurate and
dependable, but are presented without express or implied warranty. Users are responsible for
their application of any products specified in these Application Notes.

Please e-mail any questions or comments pertaining to these Application Notes along with the
full title name and filename, located in the lower right corner, directly to the Avaya
DevConnect Program at devconnect@avaya.com.
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