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Abstract

These Application Notes describe the steps required to integrate AEi Communications SVX-
8208-SMBU IP SIP DECT Handset/Base Telephones with Avaya IP Office Server Edition.
SVX-8208-SMBU IP SIP DECT Handset/Base Telephones serve the hospitality industry and
provide the following features: speakerphone, hold and message waiting indicator (MWI). In
the compliance test, SVX-8208-SMBU IP SIP DECT Handset/Base Telephones successfully
registered with IP Office, established calls with the PSTN and other Avaya SIP and H.323
telephones, and executed telephony and hospitality features using Avaya IP Office Short
Codes.

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.

RS; Reviewed: Solution & Interoperability Test Lab Application Notes 1 of 26
SPOC 7/27/2017 ©2017 Avaya Inc. All Rights Reserved. SVX8208-1P0O10



1. Introduction

These Application Notes describe the steps required to integrate AEi Communications SV X-
8208-SMBU IP SIP DECT Handset/Base Telephones with Avaya IP Office Server Edition.

SV X-8208-SMBU IP SIP DECT Handset/Base Telephones serve the hospitality industry and
provide the following features: speakerphone, hold and message waiting indicator (MW1). In the
compliance test, SVX-8208-SMBU IP SIP DECT Handset/Base Telephones successfully
registered with Avaya IP Office, established calls with the PSTN and other Avaya SIP and H.323
telephones, and executed telephony and hospitality features using Avaya IP Office Short Codes.

2. General Test Approach and Test Results

The interoperability compliance test included feature and serviceability testing. The feature
testing focused on establishing calls between AEi Communications SVX-8208-SMBU IP SIP
DECT Handset/Base Telephones and Avaya SIP and H.323 telephones. Basic telephony features,
such as hold, speaker, and hospitality features like do not disturb were exercised. In addition,
other extended telephony features, such as call forwarding and call pickup were also exercised
using Short Codes.

The serviceability testing focused on verifying that the AEi Communications SV X-8208-SMBU
IP SIP DECT Handset/Base Telephone comes back into service after re-connecting the Ethernet
connection or rebooting the SIP phone.

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 this Application Note, the interface between Avaya systems and
AEi Communications did not include use of any specific encryption features as requested by AEi
Communications.
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Avaya’s formal testing and Declaration of Conformity is provided only on the headsets/handsets
that carry the Avaya brand or logo. Avaya may conduct testing of non-Avaya headset/handset to
determine interoperability with Avaya phones. However, Avaya does not conduct the testing of
non-Avaya headsets/handsets for: Acoustic Pressure, Safety, Hearing Aid Compliance, EMC
regulations, or any other tests to ensure conformity with safety, audio quality, long-term
reliability or any regulation requirements. As a result, Avaya makes no representations whether a
particular non-Avaya headset will work with Avaya’s telephones or with a different generation
of the same Avaya telephone.

Since there is no industry standard for handset interfaces, different manufacturers utilize
different handset/headset interfaces with their telephones. Therefore, any claim made by a
headset vendor that its product is compatible with Avaya telephones does not equate to a
guarantee that the headset will provide adequate safety protection or audio quality.

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

e SIP registration of SVX-8208-SMBU IP SIP DECT Handset/Base with IP Office.

e Calls between SVX-8208-SMBU IP SIP DECT Handset/Base and Avaya SIP and H.323

telephones with Direct IP-IP Media (Shuffling) enabled and disabled (see Section 5.2).

Support of multiple incoming and outgoing calls, using L1 and L2.

G.711 MU-Law codec support.

Proper recognition of DTMF tones.

Long call duration and long hold duration.

Extended telephony features using Short Codes, such as Call Forwarding and Call

Pickup.

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

e Proper system recovery after a restart of the SVX-8208-SMBU IP SIP DECT
Handset/Base and loss of IP connectivity.

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

e The SVX-8208-SMBU IP SIP DECT Handset/Base Telephone does not support
conference.

e The SVX-8208-SMBU IP SIP DECT Handset/Base Telephone does not support transfer
however a call can be transferred to it.

RS; Reviewed: Solution & Interoperability Test Lab Application Notes 30f26
SPOC 7/27/2017 ©2017 Avaya Inc. All Rights Reserved. SVX8208-1P0O10



2.3. Support

For technical support on the AEi Communications SVX-8208-SMBU IP SIP DECT
Handset/Base Telephone, contact AEi Communications Support via phone, email, or website.

e Phone: +1 (650) 552-9416
e Email: sales@aeicommunications.com
e Web: http://www.aeicommunications.com/contact.html
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3. Reference Configuration

Error! Reference source not found. illustrates a sample configuration with an Avaya IP Office
network that includes the following Avaya products:

= |P Office Server Edition with an IP Office IP500 V2 connected as an expansion box.

= Avaya H.323 and SIP telephones.

= SVX-8208-SMBU IP SIP DECT Handset/Base Telephone interfaced to IP Office as a
SIP Endpoint.

Avaya IP Office ServerEdition
10.10.97.41 (Primary)
SIP Trunk ;

Avaya 96x1 Series|P (H323)
Deskphone

Avaya 1100 Series P (SIP)
Deskphone

\Qﬂ_t-ed PSTN

PRI Trunk AEi Communications

SCN

SIP SVX-8208-SMBU
ﬁwﬂva1 I;Pofg%ﬁﬂﬂ V2 DECT HandsetBase

{Expansion}

LAN

—

Figure 1: Avaya IP Office Network with AEi Communications SV X-8208-SMBU IP SIP
DECT Handset/Base Telephones
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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 Linux (Primary) 10.0 SP3
Avaya IP Office IP500 V2 10.0 SP3
(Expansion)

Avaya Telephones:
e 9650 IP (H323) Deskphone 3.270B
e 1140 IP (SIP) Deskphone 04.04.23.00
e 9641 IP (H323) Deskphone 6.6401

AEi Communications SVX-8208-SMBU
IP SIP DECT Handset/Base Telephone

SVX8210_C13

Note: Compliance Testing is applicable when the tested solution is deployed with a standalone
IP Office IP500 V2 and also when deployed with IP Office Server Edition in all

configurations.
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5. Configure Avaya IP Office

Configuration and verification operations on the Avaya IP Office illustrated in this section were
all performed using Avaya IP Office Manager. The information provided in this section
describes the configuration done on the Primary (Linux server) system and the same
configuration applies to the Expansion (IP500 V2) system too. It is implied a working system is
already in place with the necessary licensing. For all other provisioning information such as
initial installation and configuration, please refer to the product documentation in Section 9.
The configuration operations described in this section can be summarized as follows:

e Configure System

e Administer SIP Extensions for SVX-8208-SMBU IP SIP DECT Handset/Base Telephone
e Administer SIP Users for SVX-8208-SMBU IP SIP DECT Handset/Base Telephone

e Save Configuration

From a PC running the IP Office Manager application, select Start > Programs - IP Office >
Manager to launch the Manager application. Select the proper IP Office system, and log in using
the appropriate credentials. The Avaya IP Office Manager for Server Edition screen is displayed

as shown below.

E Avaya IP Office Manager for Server Edition DevCon IPO Sev1 [10.0.0.3.0 build 5] — [m] x

File Edit View Tools Help

1 BEE & v

E Server Edition
& Boote (1) Summary

% Operator (3)
B Solution Server Edition Primary
£ Useris3)

% Group(7)
B Short Code(57)
{~am Directory(0)

Configuration

© Hardware Installed
Control Unit. IPO-Linux-PC

i Time Profile(0) Secondary Server: NONE

@m Account Code(1) Expansion Systems .97 44

§3 UserRights(13) System Identification: 858b6d69e18abfIf4755e57c276072a18ad0aad0
5 Location(2) Serial Number. ac162db2b108

=) DevCon IPO Sevl

H = System Settings
%= DevCon IPOS Exp

IP Address: 1
Sub-MNet Mask: 255

System Locale: United States (US English)

System Location: 2: Belleville Primary

Device ID: 1

Mumber of Extensions on System: 24 ©

Solution 45 62

® Primary Server DevCon IPO Sevl 7 L9741 26 24
© Expansion System DevCon IPOS Exp 1.97 44  Bothway 19 38
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5.1. Configure System

From the configuration tree in the left pane, select DevCon IPO Sevl - System - DevCon

IPO Sev1 to display the screen in the right pane, where DevCon IPO Sevl is the name of the IP
Office system.

Select the LANL1 tab, IP Office can support SIP on the LAN1 and/or LANZ interfaces, however
during compliance testing the LAN1 interface was used.

Select the Vol P sub-tab. Make certain that SIP Registrar Enable is checked, as shown below.
Enter a valid SIP Domain Name for SIP endpoints to use for registration with IP Office or this
field can be left blank. During compliance testing, the SIP Domain Name of bvwdev.com was
configured. Also, ensure that depending on the setup either UDP or TCP is enabled. During this

compliance testing UDP protocol was used to communicate with SVX-8208-SMBU IP SIP
DECT Handset/Base Telephone.

I Avaya IP Office Manager for Server Edition DevCon [PO Sevl [10.0.0.3.0 build 5] — O >
File Edit View Tecols Help

A [E]E A v

DevCon [PO Sevl - System ~ DevCon IPO Sevl <
Configuration T DevCon IPO Sev1® & | < |
+’§ BOOTP (7) "1 System LANT [AN2Z DNS  Voicemail Telephony Directory Services System Events SMTP SMDR Vi ¢ [»
+-¢# Operator (3)
;-"’-_“,- Solution LAN Settings VelP Metwerk Topology
o-@  User(45) -
-8 Group(7) H.323 Gatekeeper Enable
#1- 8% Short Code(57) [ Auto-create Extension Auto-create User [1 H.323 Remote Extension Enable
----- @= Directory(0)
""" €17 Time Profile(0) H.323 Signaling over TLS Disabled v 1720
+- Account Code(1)
+-§i3 User Rights(13)
788 Location(2) SIP Trunks Enable
T DEIVCDI"I IPO Sevt 5IP Registrar Enable
wefizd DevCon IPO Sevl |:| Auto-create Bitension/User |:| SIP Remote
+-T9 Line (3)
- Control Unit (8) SIP Domain Mame |b\rwdev.c0m
+-4 Extension (24)
+= User (27) SIP Registrar FQDN |b\rwdev.c0m
+ﬂ Group (4)
+-@% Short Code (19) UDP UDP Port |3060 =
Service (0)
Incoming Call Reoute ( Layer 4 Protocol TCP TCP Port 3060 =
IP Route (1} =
- License (68) L s TLS Port  [3061 - v
- { ARS (3] £ >
+ﬁ Location (2)
-8 Authorization Code (1w oK o Help
< >
Ready |_T
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Retain default values for all fields in the Vociemail tab as shown in the screen below.

E Avaya P Office Manager for Server Edition DevCon IPO Sevl [10.0.0.3.0 build 5]

- ] X
File Edit View Tools Help
25-HFEE A
DevCon IPO Sevl - System v DevCon IPO Sevl @
Configuration 7 DevCon IPO Sevi* £ v <>

-R BOOTP (7)

System LAMT  LAN2  DNS Voicemail Telephony Directory Services System Events SMTP

Operator (3)
(=55 Solution Voicemail Type Voicemail Lite/Pro
H-§  User(d5)
-4l Group(T) Voicemail Destination
1@ Short Code(57)
@5 Directory(0) Voicemail IP Address 0 10 a7 M
--£ 1% Time Profile(0)
-8 Account Code(1] Backup Voicemail IP Address 0 0 0 ]

iy User Rights(13)
H-i Location(2)

=) DevCon IPO Sevl Unreserved Channels

# Systern (1)

Voicemail Channel Reservation

SMDR  VolP VoIP Security  Contact Center

[] Messages Button Goes To Visual Voice
[] Outealling Centrol

% DevCon IPO Sevl Auto-Attendant 0 3| Voice Recording |0 3 Mandatory Voice Recording |0
-1 Line (3) 0 « . a .
- Control Unit (8] Announcements +| Mailbox Access -
-4 Extension (24) . . R
w5 User@n) DTMF Breakout Voicemnail Cede Complexty
(-3¢ Group (4) - "
#-8X Short Code (19] Reception/Breakout (DTMF 0 ‘ | Enforcement
B Service (0) Minimum length |4 :
= I ing Call Route (& .
om |:(|:D':L29m3 oute Breakout (DTMF 2) ‘ v| Complexity
B License (68)
G- ARS (3)
-8B Location (2 Breskout (DTMF 3) \ v
(-8 Authorization Code (1]
H-537 DevCon IPOS Exp
SIP Settings
SP DisplayName (i) [ ]
Anonymous
Call Recording
Litn Rectart Danced Recardinn feect 115 = v
>
0K Cancel Help
< >
Ready )
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5.2. Administer SIP Extensions for SVX-8208-SMBU IP SIP DECT
Handset/Base Telephone

From the configuration tree in the left pane, navigate to IP Office primary server DevCon IPO
Sevl - Extension and right-click on Extension. Select New - SIP Extension from the pop-up

list to add a new SIP extension as shown in the screen below.

i E Avaya P Office Manager for Server Edition DevCon PO Sevl [10.0.0.3.0 build 5]
File Edit View Tools Help
e -'-;. 3 ;j _IIL v
DevCon PO Sevl ~ Extension = 11211 26019 v
Configuration = SIP Extension: 11211 26019
@- & BOOTP (7) Extension  VolP
I -{# Operator (3)
=% Solution Extension 1D 11211
E-§  User(45)
-1 Group(7) Base Extension |EE-D'I§'
“ Short Code(57) )
@ Directory(0) Caller Display Type On
— .
| Time Profile(D) Reset Volume After Calls [l
t-Bl Account Code(1)
ie-f3 User Rights(13) _ ,
! ﬁ Location(?) Device Type Unknown 5IF device
EI---"-j:.J DevCon IPO Sevl
EIL” System (1) Location Automatic
i %) DevCon PO Sev
B Line (5) >
-2 Control Unit (g‘ ] Mew k | H.323 Extension
by oF 241 | .
f % cut X IP DECT Extension
; u Group (4) 53  Copy Ctrl+C SIP Extension
-8 Short Code (19 Paste Ctrl+V 5IP DECT Extension
: B Service (0) 7C  Delet Ctrl+Del
g @ Incoming Call SIEtE e
i n IP Route (1) " Validate
o "* License (68) Mew from Template
EH-" " ARS (3)
-8 Location (2) Export as Template
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In the following window, under the Extension tab, enter the desired digits for Base Extension as

shown below. Retain default values for all other remaining fields.

Repeat this section to add the desired number of SIP extensions. In the example below, a SIP
extension with base extension of 26021 was created.

File Edit View Tools Help
15-HIFEE A v

DevCon IPO Sevl - Extensicn

- 11214 26021

I Avaya [P Office Manager for Server Edition DeviCon IPO Sev1 [10.0.0.3.0 build 5]

-

1

Configuration ‘ = SIP Extension: 11214 26021 - X v <> §
=& BOOTP (7) A | Extension  vplp
-4 Operator (3) ~
=% Solution Extension ID 11214
E-f User(43)
[-if Group(7) Base Extensicn |25021
(-8 Short Code(3 ]
- Directory(0) Caller Display Type On
{11 Time Profile( Reset Volume After Calls O
[+ Account Cod
E-§i5 User Rights(1 ,
[-58 Location(2) Device Type Unknown SIP device
=457 DevCon IPO £
’ Location Automatic
i DevCe
T’f Line (5] Fallback As Remote Worker Auto
[#-=r Control U
-4 Extension Module El
""" ", 11200
----- 11219 Fort D
""" " 11215
----- , 11201
_____ : 11206 Disable Speakerphone O
""" e, 11217
----- ., 11202 Force Authorization o
""" "y, 11203 < >
""" g 11204
""" g 11205 v Help
< >
Ready §*]
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Default values were retained for all fields under the VVolP tab. During compliance testing only
G.711ULAW codec was tested. By default the Allow Direct Media Path box is selected. This
allows the SIP phone to establish direct media path (shuffling) with other SIP phones that also
support this feature. If required this feature can be disabled by unchecking the box.

H t Avaya P Office Manager for Server Edition DevCon IPO Sev [10.0.0.3.0 build 5]

H File Edit View Tools Help

J@EE A v

# Operator (3]
=7 Solution
E-§  User(45)
(-5 Group(T)
(-8 Short Code(57) Codec Selection System Default
----- @ Directory(0)
{1 Time Profile(0)

IP Address 0 0 0 0

DevCon IPO Sevl = Extension - 11214 26021 -
Configuration = SIP Extension: 11214 26021 - X[ v|<|>§
[ =K BOOTP (7) A | Extension VolP

W G-@m Account Code(1) G.722 64K s G.717 ALAW 64K
w-fig User Rights(13) (.729(a) 8K CS-ACELP G711 ULAW 64K
(-8 Location(2)

m

=437 DevCon IPO Sevl

“=F DevCon IPO <<
B Line (5)

(-2 Control Unit (8)
=48 Extension (24)
""" ", 11200 26002
""" e, 11219 26003 B

""" ", 11215 26004

", 11201 26006
..... ", 11206 26007 Reserve License MNone
""" W 11217 26008

_____ %, 11202 26000 Fax Transport Support | Mone

""" ", 11203 26010 DTMF Support RFC2833/RFCAT33

----- e, 11204 26011

""" 11205 26012 3rd Party Auto Answer | None b
", 11220 26014

""" " 11218 26015 Media Security Same as Systermn (Disabled) ~

""" " 11208 26016
""" "y 11209 26017

[ Local Hold Music

Re-invite Supported
[ Codec Lockdown
Allow Direct Media Path

----- ", 11210 26018 ¥ Help
€ >
i Ready i
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5.3. Administer SIP Users for SVX-8208-SMBU IP SIP DECT
Handset/Base Telephone

From the configuration tree in the left pane, navigate to IP Office primary server DevCon IPO
Sevl - User and right-click on User. Select New from the pop-up list to add a new user.

File  Edit

T =

View Tools

{ Avaya IP Office Manager for Server Edition DevCen PO Sevl [10.0.0.3.0 build 5]

Help

&= A v

(-8 Short Code(57)
----- @5 [irectory(0)
£ Time Profile(D)

-l Account Code(1)

-85 User Rights(13)
-B& Location(2)

5 DevCon IPO Sevl
EI---"":.J Systern (1]

DevCon IPO Sevl * User 26003 Pri_H323 26003 -
Configuration H= Pri_H;
R BOOTP (7) User  Voicemail DMD  Short Codes  Source
i Operator (3)
=55 Solution Name Pri_H323 26003
#-§  User (45)
ﬁ Group(7) Password T TYTTIIILLL

Confirm Password
Unigue Identity

Conference PIM

Confirm Audio Conference PIN

I

. %% DevCon PO Sev | Account Status Enabled
-4 Line (3)
-2 Control Unit {72 00
@' Extension (24 ) Mewt Ctrl+N -
ﬂ Mew User Rights from user a
u Group (4) A —
“ Short Code (1 i Cut Ctrl+X a
= @D Service (1) |23 Copy Ctrl+C I
- Incoming Ca .
: Past Ctrl+V
-l PRoute () | T ” :
M license (68) | /< Delete Ctrl+Del
- ARS (3) + Validate [
ﬁ Location (2] New f T o -
[+-49% Authorization swirem femplate |
%59 DevCon IPOS Exg Export as Template |
Apply User Rights to users I
Copy User Rights values to users
T
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In the following window, configure the values for the User tab as shown in the screen below.

o Name: A descriptive name

o Password and Confirm Password: A valid numeric password

o Full Name: A descriptive name

o Extension: The extension configured in Section 5.2

Retain default values for all other fields.

E Avaya IP Office Manager for Server Edition DevCon IPO Sev1 [10.0.0.3.0 build 5] — O E
File Edit View Tools Help
—fﬁ - J{a 3 a _& v aa
DevCon IPO Sevl - User + 26021 Partner SIP -
Configuration | = Partner SIP: 26021 & - K| v <>
s |(_:irlet(5:l| u - User Voicemnail DND Short Codes  Source Numbers  Telephony  Forwarding  Dial In - Vioice Record | * | ¥
H-<22 Contro
@ Extension Marme |F'artner SIP ~
= User (27)
MNolse Password |""
----- 26007
..... §~ 26008 Confirm Password |""
----- 26010
..... g 26011 Unigque Identity
----- & 26012
_____ & 26600 Conference PIN |
""" a 26601 Confirm Audio Conference PIN |
----- & 26602
""" ﬁ"’ 26603 Account Status Enabled
----- $w 26606
..... ﬁ.., 26607 Full Mame |Partr|er SIp
----- $w 26608
..... a 26600 Extension |25021
----- 26610
..... gﬂ 26016 Email Address |
""" ﬁ" 26017 Locale
----- $ 26018
""" & 26019 Priority 5
----- &~ 26002 v
----- Fad 26021 < >
----- & 26003
----- g~ 26004 v Help
s >
Ready )
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Under the VVoicemail tab, retain default values for all fields and ensure that the VVoicemail On
box is checked and a numeric value is configured in the Voicemail Code and Confirm
Voicemail Code as shown in the screen below. Retain default values for all other fields.

File  Edit View Tools

e

DevCon PO Sevl = User

t Avaya IP Office Manager for Server Edition DevCon IPO Sev1 [10.0.0.3.0 build 5]

Help

A alv B

= 26021 Partner SIP =

Configuration

i= Partner SIP: 26021

k-8 X vl<|> &

w9 Line (3 A

= Control Uni
(-4 Extension (2
=-§  User (27)

; Nolser

£ >

User Voicemail DND

Voicemail Code |0000000000 |

Cenfirm Voicemail Code |uuuuu |

Yoicemail Email | |

Off Copy Forward Alert

DTMF Breakout

Short Codes  Source Numbers Telephony Forwarding  Dial In

Voice Recording  But ¢ | *
Voicemail On »
[ Voicemail Help

[] Voicemail Ringback

Voicernail Email Reading
UMS Web Services
Enable GMAIL API

Reception/Breakout (DTMF 0) |System Default (

®

Breakout (OTMF 2) |S}r5tem Default ()

il

Ready
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Under the Telephony - Call Settings tab, retain all default values and ensure that the Call

Waiting On box is checked as shown below.

t Avaya IP Office Manager for Server Edition DevCon IPO Sev1 [10.0.0.3.0 build 5]

File Edit View Tools Help
25-dAEI A v

DevCon IPO Sevl v User v 26021 Partner SIP v

Configuration ‘ = Partner SIP: 26021

e -M X[ vl<|> &

17 Line (5) A
Control Unit (8

-4 Extension (24) Call Settings  Supervisor Settings Multi-line Options  Call Log  TUI
@ User (27)
""" fir NoUser Outside Call Sequence Default Ring

----- &~ 26007 2600
..... &~ 26008 2600! Inside Call Sequence Default Ring

User Voicemail DND Short Codes  Source Numbers  Telephony  Forwarding  Dial In

..... a,., 26011 26017 Ringback Sequence Default Ring

----- &~ 26012 2601
----- £~ 26500 ACC!
""" 4 26601 Ager Wrap-Up Time (sec) 2
----- - 26602 Ager e
""" g 26603 Ager Transfer Return Time (sec) Off
----- 26606 Ager

Mo Answer Time (sec) System Default (15)

Voice Recording  Button Program ¢ | *

w Call Waiting On
v Answer Call Waiting On Hold
w [] Busy On Held

= [] Off-hook Station

..... §~ 26607 Ager Call Cost Mark-Up 100

----- & 26608 Ager
..... § 26600 Ager Advertise Callee State To Internal Callers | Systern Default (Off)
----- 3 26610 Ager
----- & 26016 CXEI
----- &~ 26017 CXEI
----- &~ 26018 CXEI
----- &~ 26019 CXE
----- &+ 26002 Exinz
----- &~ 26021 Partr
----- &~ 26003 Pri_k
----- & 26004 Pri_k- v
£ >

Ready
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Under the Telephony = Supervisor Settings tab, retain all default values and ensure that the
Login Code and Confirm Login Code fields are configured as shown below. This login code
will be used while configuring SVX-8208-SMBU IP SIP DECT Handset/Base Telephone in
Section 6.2.

t PAvaya IP Office Manager for Server Edition DevCon (PO Sev1 [10.0.0.3.0 build 5] - O >

File Edit View Tools Help

25-H EEE A v

DevCon IPO Sevl v User - 26021 Partner 5IP -

o

Configuration ‘:: Partner SIP: 26021 gk -0 K| v <> A&

E-F Line () A
-2 Control Un

-4 Extension ( Call Settings  Supervisor Seftings  Multi-line Options  Call Leg  TUI
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5.4. Save Configuration

Once all the configurations are complete, the changes need to be saved on the IP Office System.
Click on the Save icon as shown in the screen below to save the changes. A subsequent window
will appear (not shown) asking the user to proceed with the changes made to the IP Office
system/s or not. Click on the OK button to confirm.
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6. Configure AEi Communications SVX-8208-SMBU IP SIP

DECT Handset/Base Telephone

Access the SV X-8208-SMBU IP SIP DECT Handset/Base web interface by using the URL
“https://ip-address:8000” in an Internet browser window, where “ip-address” is the IP address of
the SIP phone. Log in using the appropriate credentials and then click Login.

VOIP PHONE

Username: [
Password : [

6.1. Administer LAN Port Settings

Select Network - LAN Port Settings in the left pane and configure the SIP phone’s network
settings as shown below. During the compliance test, DHCP was utilized.

Web Configuration

LAN Port Settings

You could configure the Lan Port settings in this page.

Prone seings |

System Settings

LAN Port Setting

Global SIP Settings
PType: O staticiP (® DHCP Client

SIP Accounts
IP Address: 10.10.5.44

N 15 Netmask: 2552552550
Gateway: 10.10.5.1
Primary DNS: 10.10.92.60

Secondary DNS:
Mac Address: 00:0e:43:d1:ae:68
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6.2. Administer SIP Accounts
Navigate to SIP Accounts in the left pane and click Add to add a SIP account.

Network

Phone Settings
System Settings
Global SIP Settings

SIP Accounts

Web Configuration

SIP Accounts

You could set information of service domians in this page.

SIP Accounts
Display Name Registration Server Status Registration Select
0
O
0
Add Delete

Navigate to the SIP Proxy webpage as shown below. Under the Basic SIP Proxy Settings
section, configure the following parameters.

Registration ID: Specify the Registration ID (e.g., 26021, the SIP
extension).

Display Name: Specify the Display Name (e.g., 26021, the SIP
extension).

Authentication Name: Specify the SIP extension of the SV X-8208-SMBU IP SIP

Password:

DECT Handset/Base Telephone (e.g., 26021).
Specify the SIP password configured in Section 5.3.

Registration Server: Set to the Primary server IP Address and port (e.g.,

10.10.97.41:5060).

Proxy Server: Set to the Primary server IP address and port (e.g.,

Voice Mail:
MWI:

10.10.97.41:5060).
Specify the voicemail pilot number if required.
Set to Enable.

Retain the default values in the remaining fields.
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Notice at the bottom of the screen that the status is registered with IP Office Primary server.

Web Configuration

Phone Settings
System Settings
Global SIP Settings
SIP Accounts

Network

SIP Account Settings

You could set information of service domians in this

SIP Account 1

Active: (® Enable () Disable

Registration ID: |2euz1

Display Mame: |26t|21

Authentication Name: |26t|21

Pazsword: | ssss

Registration Server: | 10.10.97 415060

Proxy Server: | 10.10.97 41:5080

Proxy Address: |

Voice Mail: |

Expire Time:
DTMF Type:
Send KeepAlive:
Send KeepAlive Type:
Send Keepalive Interval
-
DNSSRV:

Status: registered

Submit Cancel
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6.3. Administer Global SIP Settings
Navigate to Global SIP Settings - Port Settings and verify the SIP Listen Port being used

(e.g., 5060).

Web Configuration

Phone Settings
System Settings
Global SIP Settings
SIP Accounts

Network

Port Settings

You could setthe port number in this page.

SIP Listen Port: (10~65533)

RTP Port Base: 10000 | (10-65533)
RTP Port Range: (12~1000)

| Submit | | Reset

Navigate to Global SIP Settings - Codec Settings to verify the codec priority. In this example,
the first priority is G.711u-law. AEi Communications SV X-8208-SMBU IP SIP DECT
Handset/Base Telephones supports G.711.

Web Configuration

Phone Settings
System Settings
Global SIP Settings
SIP Accounts

Network

Codec Settings

You could setthe codec settings in this page.

Codec Priority
First Priority:
Second Priority:
Third Priority:
Fourth Priority:

RTP Packet Length
G.711 Frame Size:
G.723 Frame Size:
G.729 Frame Size:

Submit
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Navigate to Global SIP Settings = Other Settings, and verify the Caller ID was set to Enable,
so that the calling party ID can be displayed during the conversation. Retain default value for all

other fields.

Web Configuration

Other Settings

""""""""""""""""""""""""""""" You could setthe other settings in this page.

Phone setngs e

System Settings

Signaling Precedence(ToS) | 0(Routing) e
Woice Precedence(ToS) | O(Routing) W
SIP Accounts
RFC2233 Payload Type: (96~127)
Hetwork

e
S

Global SIP Settings

Log Server |

Replace Sharp
Caler D

Session Timer IZI

Hot Line |

Submit Reset
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7. Verification Steps

This section provides the tests that can be performed to verify proper configuration of the AEi
Communications SVX-8208-SMBU IP SIP DECT Handset/Base Telephone with Avaya IP

Office.

1. From the Avaya IP Office System Status window for the Primary server, verify that the
SIP extension (endpoint) is Registrar to Primary.

+J. Avaya IP Office System Status - DevCon IPO Sevl (135.10.97.41) - IP Office Linux PC 10.0.0.3.0 build 5 - O X

AVAYA

Help Snapshot LogOff Exit About

IP Office System Status

Extension Status

Extension Mumber: 26021 A

IP address: 10,10.5.44

Standard Location: Belleville Primary

Registrar: Primary

Telephone Type: Unknown SIP Device

User Agent: Gtek GE20X sipagent-MAC-000e43d 1ae68 V-SYX8210_C13-5IP

Media Stream: RTP

Layer 4 Protocol: LDP

Current User Extension Number: 26021

Current User Name: Partner SIP

Forwarding: Off

Twinning: Off

Do Mot Disturb: Off

Message Waiting: Off

Mumber of Mew Messages: 0

Phone Manager Type: Mone

SIP Device Features: REFER.,UPDATE

License Reserved: Mo

Last Date and Time License Allocated: Ff18/2017 3:34:00 PM

Packet Loss Fraction: Connection Type:

Jitter: Codec:

Round Trip Delay: Remote Media Address:

ti t
Ide 17:56:32 v
L4 >
Trace Trace Al Pause Ping Call Details Print... Save As...
9 Online | }.
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2. Registration can also be verified from the IP Office System Monitor window as shown
below. The screen below shows the endpoint that was configured for SV X-8208-SMBU
IP SIP DECT Handset/Base Telephone as registered.

] SIPPhoneStatus - O
Total Configured: 17 “Waiting 1 secs for update

Total Registered: 4 Fegistered Statuz:  (ININAEEN

Extri Mum | Uzer Mum | Security | B..l IP Address | F'.| Transpart | User Agent | Licensed | SIP Options | SIP Events | SIP Subs... | Status

26021 26021 disable 10.10.5.44 UDP Ghek GE20X sipagent-MAC-000243d...  3rd Party [P RU message-.. 5P Registered

€

Dizplay Options

* Show Al " Registered ¢ UrRegistered | Page i‘ S ReER Rleegiies (Flies

Reset Phones

Cancel ‘

3. The SIP registration status can also be seen in the SIP Account page of the SV X-8208-
SMBU IP SIP DECT Handset/Base Telephone web interface seen in Section 6.2.

4. Verify basic telephony features by establishing calls between a SV X-8208-SMBU IP SIP
DECT Handset/Base Telephone with another SV X-8208-SMBU IP SIP DECT
Handset/Base phone and with Avaya SIP and H.323 endpoints.
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8. Conclusion

These Application Notes have described the administration steps required to integrate the AEi
Communications SVX-8208-SMBU IP SIP DECT Handset/Base Telephone with Avaya IP
Office Server Edition. The AEi Communications SVX-8208-SMBU IP SIP DECT Handset/Base
Telephone successfully registered with Avaya IP Office as a SIP endpoint and basic telephony
and hospitality features were verified. All test cases passed with any observations noted in
Section 2.2.

9. References

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

1. Deploying IP Office ™ Platform Server Edition Solution, Release 10.0.
2. Administering Avaya IP Office™ Platform with Manager, Release 10.0.
3. Deploying Avaya IP Office™ Platform IP500 V2, 15-601042 Issue 311.

The following document was provided by AEi Communications.
1. Configuring Hospitality SVM-8x08-SMKG IP SIP Phone, Version 1.1, Date: 28/07/16.
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Avaya and the Avaya Logo are trademarks of Avaya Inc. All trademarks identified by ® and ™
are registered trademarks or trademarks, respectively, of Avaya Inc. All other trademarks 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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