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1 Introduction

These Application Notes describe the steps necessary for configuring Session Initiation Protocol (SIP) Trunking service between the legacy
Charter Communications Platform and an Avaya SIP-enabled enterprise solution. It does not provide any information how to provision, configure
or use the features of the switch. Please refer to the documentation provided with the IP PBX or contact the vendor.

1.1 Service Limitation

Charter Business has conducted thorough testing of the Avaya IP PBX and has determined that the combination of Charter Business SIP Trunks
and the Avaya IP-PBX DOES NOT support consistent fax receipt or transmission. The customer should make alternative service arrangements in
order to support their faxing needs.

2 Configure IP Office

This section describes the IP Office configuration required to interwork with Charter SIP Trunking service. IP Office is configured through Avaya IP
Office Manager (IP Office Manager) which is a PC application.

Step  Action Result
1 Navigate to Start > Programs > IP Office > Manager Launch IP Office Manager
2 Navigate to File > Open Configuration Pop-up Window Appears
3 Select The Proper IP Office
4 Log In With The Appropriate Credentials Management Window Appears

5 Go To Next Table

2.1 Licensing

The configuration and features described in these Application Notes require the IP Office system to be licensed appropriately. If a desired feature
is not enabled or there is insufficient capacity, contact an authorized Avaya sales representative

Step Action Result
6 Click: License in the Navigation Pane and SIP Trunk Channels in the Group Pane
7 Confirm There Is A Valid License With Sufficient Instances (Trunk Channels) in the Details Pane

8 Procedure Complete

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written 1
permission from Charter Communications™.
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2.2 System

Configure the necessary system settings. In an Avaya IP Office, the LAN2 tab settings correspond to the Avaya IP Office WAN port (public
network side) and the LAN1 tab settings correspond to the LAN port (private network side). For the compliance test, the LAN1 interface was used
to connect Avaya IP Office to the enterprise private network (LAN), LAN2 was not used.

2.2.1 System - LAN1 Tab

In the sample configuration, IP500V2 Main was used as the system name. The LAN port connects to Charter's Modular Access Router, across
the enterprise LAN (private) network. The LAN1 settings correspond to the LAN port in IP Office.

Step  Action Result
1 To Access LAN1 Settings, Navigate to System(1) > IP5000V2 Main in the Navigation Pane
2 In the Details Pane Navigate to the LAN1 > LAN Settings Tab
3 Set IP Address: LAN IP address, e.g. 10.64.70.60.
4 Set IP Mask: LAN subnet mask, e.g. 255.255.255.0.
5 All other parameeters should be set according to customer requirements
6 Click: OK to commit

7 Go to Next Table

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written
permission from Charter Communications™.
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Action

Click On: VolP Tab

Result

Check: H323 Gatekeeper Enable to allow Avaya IP
Telephones/Softphone using the H.323 protocol to

register.

Check: SIP Trunks Enable to enable the configuration

of SIP Trunk connecting to Charter.

Check: SIP Registrar Enable to allow Avaya IP
Telephones/Softphone to register using the SIP

protocol.

Enter: the Domain Name of the enterprise under Doma

in Name.

Verify: the UDP Port and TCP Port numbers under La

yer 4 Protocol are set to 5060.

Verify: the RTP Port Number Range settings for a

specific range for the RTP traffic.

The Port Range (Minimum) and Port Range

(Maximum) values were kept as default.

In the Keepalives Section, Set Scope: RTP-RTCP This will cause the IP Office to send RTP keepalive packets at the beginning

Set Periodic Timeout: 30

Set Initial Keepalives: Enabled

of the calls and every 30 seconds thereafter if no other RTP traffic is present.



18  All other parameters should be set according to
customer requirements.

19 Click: OK to commit

20 Go to Next Table
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Step  Action Result

21  Click On: Network Topology Tab

22  Select: Firewall/NAT Type from the pull-down menu to the option that With this configuration, even though the default STUN
matches the network configuration. In the compliance testing, it was setto Op = settings are populated, they will not be used.
en Internet.

23  Set Binding Refresh Time (seconds): Desired Value, the value of 300 (or
every 5 minutes) was used during the compliance testing.

This value is used to determine the frequency that IP
Office will send OPTIONS heartbeat to the service
provider.

23  Set Public IP address: The IP Address assigned under the LAN Settings
tab, e.g., 10.64.70.60.

24 Set Public Port: 5060 for UDP

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written
permission from Charter Communications™.



25  All other parameters should be set according to customer requirements.

26 Click: OK to commit

27 Go to Next Table
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2.2.2 - Telephony Tab

Step  Action Result
28  Navigate to: Telephony > Telephony Tab in the Details Pane
29  Choose: the Companding Law typical for the enterprise
location, U-Law was used.
30  Uncheck: Inhibit Off-Switch Forward/Transfer box Allow call forwarding and call transfers to the PSTN via the SIP trunk

to the service provider.

31  All other parameters should be set according to customer

requirements.

32 Click: OK to commit

33 Go to Next Table

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written 5

permission from Charter Communications™.
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2.2.3 System - VolP TAB

Step
34
35

36

37

38

39

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written
permission from Charter Communications™.

Action

Navigate To: System (1) > IP500V2 Main in the Navigation Pane

Select: VoIP tab

The RFC2833 Default Payload field is new in IP Office release 10. The default value 101 was used.

Result

It allows the manual
configuration of the payload
type used on SIP calls that are
initiated by the IP Office.

For Codec Selection: select the codecs and codec order of preference on the right, under the Select By default, all IP lines and

ed column. The Default Codec Selection area enables the codec preference order to be configured

phones (SIP and H.323) will

on a system-wide basis. The buttons between the two lists can be used to move codecs between the  use the system default codec

Unused and Selected lists, and to change the order of the codecs in the Selected codecs list. The
example below shows the codecs used for IP phones (SIP and H.323), the system’s default codecs

and order was used.

Click: OK to commit

Procedure Completed

selection shown here, unless
configured otherwise for a
specific line or extension.
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<note>

Note: The codec selections defined under this section (System — VolP Tab) are the codecs selected for the IP
phones/extensions. The codec selections defined under Section 2.4.6 (SIP Line — VolIP tab) are the codecs selected for the

SIP Line (Trunk).

2.3 IP Route

In the reference configuration, the IP Office LAN1 interface and the private interface of the Charter's Modular Access Router resided on the same
IP subnet, so an IP route was not necessary. In an actual customer configuration, these two interfaces may be in different IP subnets, and in that
case an IP route would have to be created to specify the IP address of the gateway or router where the IP Office needs to send the packets, in
order to reach the IP subnet where the Charter Modular Access Router resides.

To create an IP route to specify the IP address of the gateway or router where the IP Office needs to send the packets in order to reach the IP
subnet where the Charter's Modular Access Router resides (if located in different subnets).

Step Action Result
1 In The Left Navigation Pane, Right click on IP Route > Select New
2 Set the IP Address and IP Mask to 0.0.0.0 to make this the default route.
3 Set Gateway IP Address to the IP Address of the gateway/route used to route calls to the public network (to the network
where Charter's Modular Access Router resides, if located in different subnet), e.g., 10.64.70.1.
4 Set Destination to LAN1 from the pull-down menu
5 Click: OK to commit
6 Procedure Completed
The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written 7

permission from Charter Communications™.
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2.4 SIP Line

A SIP Line is needed to establish the SIP connection between IP Office and the Charter SIP Trunking Service. The recommended method for
configuring a SIP Line is to use the template associated with these Application Notes. The template is an .xml file that can be used by Avaya IP
Office Manager to create a SIP Line. Follow the steps in Sections 2.4.1 and 2.4.2 to create the SIP Line from the template.

Some items relevant to a specific customer environment are not included in the template or may need to be updated after the SIP Line is created.
Examples include the following:

IP addresses.

SIP trunk Registration Credentials.

SIP URI entries.

Setting of the Use Network Topology Info field on the Transport tab.

Therefore, it is important that the SIP Line configuration be reviewed and updated if necessary after the SIP Line is created via the template. The
resulting SIP Line data can be verified against the manual configuration shown in Section 2.4.3 to 2.4.7.

Alternatively, a SIP Line can be created manually. To do so, right-click on Line in the Navigation pane and select New a SIP Line. Then, follow
the steps outlined in Sections 2.4.3t0 2.4.7

2.4.1 Importing a SIP Line Template

<note>

Note: DevConnect generated SIP Line templates are always exported in an XML format. These XML templates do not

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written
permission from Charter Communications™.



include sensitive customer specific information and are therefore suitable for distribution. The XML format templates can be
used to create SIP trunks on both IP Office Standard Edition (500v2) and IP Office Server Edition systems. Alternatively,
binary templates may be generated. However, binary templates include all the configuration parameters of the Trunk,
including sensitive customer specific information. Therefore, binary templates should only be used for cloning trunks within a

specific customer’s environment.

Step  Action

1 Copy a previously created template file to a location (e.g., C:\Temp) on the

same computer where |IP Office Manager is installed.

By default, the template file name will have the format <user supplied
text>.xml, where the <user supplied text> portion is entered during
template file creation.

<note>

Note: If necessary, the <user supplied text> portion
of the template file name may be modified, however
the <user supplied text>.xml format of the file
name must be maintained.

For example, an original template file Test.xml could
be changed to Testl.xml. The template file name is
selected in Section 5.4.2, step 1, to create a new
SIP Line.

3 Import the template into IP Office Manager. From IP Office Manager,
select Tools > Import Templates in Manager.

File Edit View | Tools | Help
2054 3 F Extension Renumber...
IPS00V2 Main Line Renumber...
Connect To...
IP Offic
Export 3
& x BOOTP (3) SCN Service User Management
#-4# Operator (3)
=-%=7 1P500V2 Main Busy on Held Validation
=)0 System (1)
L Ly IP500V2 MSN Configuration
©-f% Line (25) Print Button Labels
: # ;::;Lg?: Import Templates in Manager I
+ § User(50) License Migration
[ @ Group (1) T[T TVTEte

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written

Results

A folder browser will open. Select the directory used to stor
C:\Temp).

Browse For Folder

Select a folder to import templates from -

ProgramData
SUPPORT
swtools

swiwork

Temp

tmp
Trilegy

Users

permission from Charter Communications™.



4 In the reference configuration, template files CharterlPO10.xml was
imported. The template files are automatically copied into the IP Office
default template location, C:\Program Files\Avaya\lP
Office\Manager\Templates.

5 After the import is complete, a final import status pop-up window will open
stating success or failure. Click OK.

Template Provisioning ‘ [t ]

I CB Successfully imported templates to IP Office Manager from
W C\Temp

6 Go To Next Table

2.4.2 Creating a SIP Trunk From An XML Template

Step Action

7 To create the SIP Trunk from a template, right-click on Line in the Navigation pane, and select New from Template > Open from file.

IP Offices =
@R BOOTP (5) » || sIP Line [Transport| SIP URI|VoIP |T38 Fax|SIP Credentials
[#-¢w+ Operator (3) l
S C; lpsosovz Mali[;) Line Number 17 2
=J-%2p System
%3 [PS00V2 Main ITSP Domain Name
=-F4| Line (25
{5 B
Lo 2| ) New 4
»y, E ’SIP
g B Ctrl+X
. . | Cloud
e 13y Copy Ctrl+C
: i . Paste Ctrl+V
Loy, 2 7<  Delete Ctrl+Del
‘;;  Validate
e Connect To... Ctrl+T 0
12
2 ‘[‘_ﬁ 2 New from Template » Open from file I
T_" ; Export as Template
A g

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written
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8 Navigate to C:\Program Files\Avaya\lP Office\Manager\Templates (or C:\Program Files (x86)\Avaya\lP Office\Manager\Templates), or
bottom right hand side chose Template Files (*.xml) format

and select the template, in this case CharterlPO10.xml was selected.

' open

@ﬁ__’:'l ilccmpultf 3 Aua;,q eSOEC) » Frogum Files (28] » .ﬁ.ua:,-a ® P Office » Hani?z—r r Templates

Organize = New folder

 Favontes

B Desktep

= ChartedPO10.5ml

& Downloads
. Recent Places
M Computer
L Avaya eSI0E ()
- TOSHIBA (E)

File narme - |Tamp|;t.t Files {* arnd)
9 After the import is complete, a final import status pop-up window will open stating success or failure. Click OK
L '\
Template Provisioning @
[o- MNew 5IP Trunk created successfully using selected template.
| OK
10  Go To Next Table
<note>
Note: It is important that the SIP Line configuration be reviewed and updated if necessary after the SIP Line is created via
the template. The resulting SIP Line data can be verified against the manual configuration shown in Sections 2.4.3t0 2.4.7.
2.4.3 SIP Line - SIP Line Tab
The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written 1
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Step

Action

Results

11  Click on the SIP Line tab in the Details pane
12 Leave the ITSP Domain Name blank If this field is left blank, then IP Office inserts the ITSP Proxy Address from the
Transport tab as the ITSP Domain in the SIP messaging.
13 Verify that URI Type is set to SIP
14  Verify that In Service box is checked, which is the This makes the trunk available to incoming and outgoing calls.
default value
15  Verify that Check OOS box is checked, the default IP Office will use the SIP OPTIONS method to periodically check the SIP Line.
value. The time between SIP OPTIONS sent by IP Office will use the Binding Refresh
Time for LAN1, as shown in Section 2.2.1.
16  Verify that Refresh Method is set to Auto.
17  Verify that Timer (seconds) is set to On Demand
18  Under Redirect and Transfer, set Incoming
Supervised REFER and Outgoing Supervised
REFER to Never (see Sections 2.1).
19  All other parameters should be set to default or
according to customer requirements.
20  Click OK to commit
21  Goto Next Table
IP Offices |E SIP Line - Line 17
o R E'C‘GTF‘ i5]3 » | [ ] transport|sip uRi|VolP [ T38 Fa|StP Credentiats|siP Advanced | Engineering
g Operstor (3) : B :
=S IPS00VI Main Limie Murmber 17 = In Service o
=% System (1)
w5 [PS00VZ Main | ITSP Domain Name | Check 005 d
T{Line 251]
1 Local Domain Marme
-2 - .
_m] |L.|F‘J Type <P [ = Session Timers
18 ; T 2] | Refresh Method [Auto
-~ 19 Location Finud | |
v 20 Tirmer (sec) On Demand
. 2
y 22
-, 23 Prefi
T1 1
1 202 MNational Prefi Q
;:: IEE: - International Prefi 00
T4 05 Country Code Redwect and Transfer
T 206 . . I
19 207 Marme Priarity fﬁyslun Default - Incoming Supervised REFER wau
T 28 : . f
1 79 Deseription Servio Provider QOutgeing Supervised REFER _Nl!w!r
1 10 Send 302 Meved Temporarily
4 11 Qutgoing Blind REFER
112
2.4.4 SIP Line - Transport Tab
Step Action Results
22  Click on the Transport tab in the Details pane

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written

permission from Charter Communications™.
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23  Setthe ITSP Proxy Address to the IP address of the inside interface (or private side) assigned to Charter's Modular

Access Router.

24 Setthe Layer 4 Protocol to UDP.

25  Set Use Network Topology Info to LAN1 as configured in Section 2.2.

26 Set the Send Port to 5060.

27  All other parameters should be set to default or according to customer requirements.

28 Click OK to commit

29 Go to Next Table

IP Offices = SIP Line - Line 17
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-1 Layer 4 Protocel [I.IEIF" V] Send Port | 5060 =
a2
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" 18

e 19 Explicit DNS Server(s) 0
™ 20

", 21 Calls Route via Registrar  [f]
., 22

™ 23

4 201 )

1 202 Separate Registrar

0 0 0 0 0 0 0

2.4.5 SIP Line - SIP URI Tab

A SIP URI entry needs to be created to match each incoming number that IP Office will accept on this line.

Step  Action
30 Inthe SIP URI Tab click Add

31  To edit an existing entry, click an entry in the list at the top, and
click the Edit button.

32  SetLocal URI, Contact, Display Name to Use Internal Data.
33  Set ldentity under Identity to Auto.
34  SetHeader under Identity to P Asserted ID

35  Set Send Caller ID under Forwarding and Twinning to Diversi
on Header.

36 Set Diversion Header to Auto.

37  Associate this line with an incoming line group by entering a line
group number in the Incoming Group field.

Results

The New Channel area will appear at the bottom of the pane.

This line group number will be used in defining incoming call routes
for this line.

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written 13
permission from Charter Communications™.



38  Associate the line to an outgoing line group using the Outgoing  The outgoing line group number is used in defining short codes for
Group field. routing outbound traffic to this line.

For the compliance test, a new incoming and outgoing group 17 wa
s defined that only contains this line (line 17).

39 Set Max Sessions to the number of simultaneous SIP calls that
are allowed using this SIP URI pattern.

40  Click OK to commit
41  Click OK to commit again

42 Go to Next Table

2.4.6 SIP Line -VoIP Tab

Step  Action Results

43  Select the VolIP tab to set the Voice over Internet Protocol Parameters of the SIP Line The New Channel area will appear at
the bottom of the pane.

44 In the sample configuration, the Codec Selection was configured using the Custom option
, allowing an explicit order of codecs to be specified for the SIP Line. The buttons allow
setting the specific order of preference for the codecs to be used on the SIP Line, as
shown. Charter only supports codec G.711ULAW for audio.

45  Select G.711 for Fax Transport Support (Refer to Section 2.1).
46 Set the DTMF Support field to RFC2833. This directs Avaya IP Office to send

DTMF tones using RTP events
messages as defined in RFC2833.

47  Check the Re-invite Supported box Allow for codec re-negotiation in cases
where the target of an incoming call or
transfer does not support the codec
originally negotiated on the trunk.

48  Check the PRACK/100rel Supported box Advertise the support for reliable
provisional responses and Early Media
to Charter.

49  Set Diversion Header to Auto.

50  Default values may be used for all other parameters.

51 Click OK to commit

52 Go to Next Table

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written 14
permission from Charter Communications™.



IP Offices |E SIP Line - Line 17
oK BOOTP (3) 5P Line| Transport | SIP URI T38 Fax| SIP Credentials| SIP Advanced | Enginessing
5 ¢ Operator (3) .
= IPS00VE Main ValP Silence Suppression
= System (L)
w3 IS0V Maan - Local Hold Mussc
£ m [ Codec Selection Custorn I bl #| Re-invite Supparted
-1
Unused Selected

- - o Cadec Lockdawn

G711 ALAW 64K 5 G.711 ULAW 64K
e, 18 G.722 64K Allow Darect Media Path
™ 19 G.720{n) BK C5-ACELP Force direct media with phones
-~ 20 6.723.1 643 MP-MLT
. 7 I o FR.-'«CK.-'ID:IrtISungrtedl
™ 12 - ~
w, 71 G.711 Fax ECAMN
4 2
1 W2
103
e g
]
1 206
1 207 Fax Transport Suppert | G711 x
Fe e Y
:,; s DTMF Support |RFC2E33 =
1 1o [ |

i) Madia Secunty Disabled -
1 A -

<note>

Note: The codec selections defined under this section (SIP Line — VolP tab) are the codecs selected for the SIP Line
(Trunk). The codec selections defined under Section 2.2.3 (System — VolIP tab) are the codecs selected for the IP
phones/extension (H.323 and SIP).

2.4.7 SIP Line - SIP Advanced Tab

Step Action Results
53  Select the SIP For outbound calls with privacy enabled, Avaya IP Office will replace the calling party number in the From and
Advanced tab to Contact headers of the SIP INVITE message with “anonymous”. IP Office can be configured to use the

configure IP Office to  P-Preferred-ldentity (PPI) or P-Asserted-ldentity (PAl) header to pass the actual calling party information for
use the PAI header for authentication and billing purposes. By default, IP Office will use the PPI header for privacy.
privacy calls

54  Verify the Call
Routing Method is
set to Request URI.

55 Check the box for Use
PAI for Privacy.

56  Default values may be
used for all other
parameters.

57 Click OK to commit

58  Procedure Completed

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written

permission from Charter Communications™. 15



IP Offices |E SIP Line - Line 17
#- & BOOTP (5) SIP Line | Transpart | SIP URI|VolP | T35 Fax | SIP Credentials ngineesing
E- Oparator (3)
= IP300YI Maan Addreszang Media
-5 System (1) I
L ‘s‘r IPSO0VE Main Associstion Method _H:.r Scaurce P address =) 1”::mm N;T:TE
= | | mpty re-IHY
IR -
— Call Routing Method  Request UR] ] Allew Te Tag Change
-~
Suppress DS SRV Lookups P-Early-Media Support | Hane
™ 18 Send SlenceSupp=0ff
. 15 Identity
e 2 . »
-~ 2 Use “phone-context Media Connectsan Disabled
w5 22 Add users phone Preservation
™ 13 Use = for Internaticnal Indicate HOLD
T4 Ml
i Use PA] for Privec o
11 2 | —
123 Use Domain fior PA] Call Contral
- .
; 1 x Sweap From and PALDeoersicn Call Intiation Timeout is) n .
B, Caller ID froen Froem header
I 1 ﬁ Send From In Cless Call Qm.ﬁg Tarregud (mind) 5 C
1':1 X8 Cache futh Credentusls o Servioe Busy Besponse 486 - BW‘." Here
11 ;9 r
110 User-Agent and Server Headers en Mo User Besponding Send | 808-Regquest Timeout
9211 [ ] i
9 H2 Send Location Info Hever =) Action on CAC Location Limét | Allow Voicemail
T 1 3 Suppress (850 Ressen
Tia4 Header
11 45
1 116 Emulate MOTIFY for REFER
#-= Contrel Unit () Mo REFER if utang Diversson
s Extension [48)

2.5 Extension

In this section, an example of an Avaya IP Office Extension will be illustrated. In the interest of brevity, not all users and extensions will be
presented, since the configuration can be easily extrapolated to other users and extensions.

Step  Action Results
1 Right click on Extension
2 Select New > Select H323 or SIP
3 Select the Extension Tab

4 Go to Next Table

Following is an example of extension 1502; this extension corresponds to an H.323 extension:

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written 16
permission from Charter Communications™.



IP Offices =] H.323 Extension: 8012 1502

= IP300V2 Main - Extension |ValP
#-19 Line (25) I—I

== Contral Unit (4) Extension ID 8012
- [Exension 3]
A 101 1101 Base Extension 1502
A 1021102
4 1031103 Phone Passward
: }g; }:g; Confirm Phone Password
4 106 1106 Calles Disclay T =
& 1071107 aller Display Type
4 108 1104 Reset Volume After Calls ]
A 109 1109
A& 1101110 . Norays 061
D T Bvaya 2641
& 1111111 Evice lype ! A
A 1121112
A 1131113 Location Automatic -
4 1141114 ; -
4 1151115 Fallback As Remote Worker Auto =
: ;‘::381:;31 A Maodule 0
Y 80121502 J 0 -
& 251503 ot
A 261504
& 271505 Disable Speakerphone
A 28 1506
Step  Action Results

5 Select the V
OIP tab

6 Use default By default, all IP phones (SIP and H.323) will use the system default codec selection configured under the System VolP
valuesonV  tab (Section 2.2.3), unless configured otherwise for a specific extension by selecting Custom under Codec Selection o
olP tab n the screenshot shown below.

7 Procedure
Completed

The example below shows the codecs used for IP phones (SIP and H.323).

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written
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= IP500V2 Main -
39 Line (25)
#-== Contro

] VaolP Sdence Suppression

- 1P Address ] 0 a ]
P 101 1101 Fl Enable Faststart for
A 102 1102 MAC Address i i] ] 00 o ] i 1] " nan-docaya IP phones

& 1031103 ;

4 104 1104 Codee Selection [ Systeem Defauit -] [#] Qut Of Band DTMF
4 s m—

A 107 1207 GTZ2 4K . G711 ULAW 64K ] Allow Direct Medka Path
A 1081108 G711 ALAW 64K edis

A 1091109 L |G729() 8K CS-ACELP
A 1101110 67231 6K3 MP-MLG)

Jp 111 1111
4 1121112 e
A& 1131113
A 1141114
A 1151115
A 1161116
. 5008 1501 E | o
[z 502

: iiﬁ Reserve License |Hm-l ']

A 271508 e =
pb4 TOM->IP Gain [ Default ]
4 21507 1P->TOM Gain [Default -
4 30158
& 311509 Supplementary Senvices | None -
& 321510 .
. 3009 1540 Media Seeurity | Sarme as Systemn (Disabled) -
. 80111541

2.6 Users

Configure the SIP parameters for each user that will be placing and receiving calls via the SIP line defined in Section 2.4.

Step Action Results
1 Navigate to User in the left Navigation pane
2 Select the name of the user to be modified in the center Group pane

3 Go to Next Table

In the example below, the name of the user is “H323 Ext 1502

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written
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1115 Banl 115
1116 Banl 116
1503 Extnl 503analog
1504 Bl 504
1505 Bnl 505
1506 Extnl 506
1507 Banl 507

1508 Extnl 508
1509 Banl 509
1510 Bxtnl 510
1596 Extnl 596
1597 Banl 537
1598 Banl 598
1599 Banl 599
1600 Extnl 500

i 1552 Rem_W 5IP 1552
§ 1570 sip1570
2: 1571 sipl571
1572 5ipl 572
’: 1575 sipl575
1576 5ipl 576
L 1580 sipl580
1595 Seft H323 1505
t 1550 Soft SIP 1550
1557 WebRTC1557
i~ 1558 WebRTC1558
-8 Group (1)
(-9 Short Code (55)
@ Service i)
-y RAS (1)
£} Incarming Call Route (3)
WAM Port (0)
@ Directory 0]
€27 Time Profile (0)
- Firewall Profile (1)
-l 1P Route (5)
am Account Code (0]
W License (90)
W Tuwnnel )
&-fl5 User Rights (8)
B ARS (2)
% Location (0)
20 sutharization Cade [0)

[User  |voicemail | OMD | Shart Codes | Source Numbers | Telephany | Forwarding | Dialin | Veice Recording | Button Programming

Hame

Password
Confiern Password
Unique Identity
Conference PIN

Confm Audio Conf

e PIN

Account Status

Full Harne

Extension

Ernail Address
Locale

Pronty

Systern Phone Rights

Profile

Device Type

HE23 ext 1502
aan

LA Ll

1502

I

B

[None ’]

| Basic User -
] Receptionist
Enable Softphane

Enable one-X Partal Services
Enable ane-X TeleCommuter
] Enable Remate Worker
] Enable Communicatar
Enable Mobile VolP Client
Send Mobality Email
Web Collaboration

] Exclude From Directory

Avaya 9641

In the example below, the name of the user is “Soft SIP 1550".

Step  Action

Results

4 This is an Avaya IP Office Softphone user, set the Profile to Power User

5 Ceck Enable Softphone

6 Go to Next Table

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written

permission from Charter Communications™.
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1115 Bxinl 115
1116 Extnl116
1503 Bxtnl 503 analog
1504 Extnl 504
1505 Extnl 505
1506 Extnl 506
1507 Extnl 507
1508 Extnl 508
1509 Extnl 509
1510 Extnl 510
1536 Extnl 596
1597 Extnl 587
1538 Extnl 598
1599 Bxtnl 599
1600 Extnl 500
1601 Extnl 601
1602 Extnl 502
1603 Extnl 603
1502 H3Z3 ext 1502
1542 H3Z3 eet 1542

Y
BEE
S5 I
éé’g’
2w

t 1552 Rern_W SIP 1552
1570 5ipl 570
i: 1571 sipl571

1572 5ipl 572
’: 1575 sipl 575

1576 4ipl 576
B 1590 sip1580
i.,... 5

95 Ser 7
1550 Soft SIP 1550
§= 1557 WebRTC1557
i~ 1558 WebRTC1558
-8 Group (1)
#-8% Short Code (59)
@ Service )
B RAS (1)
® Incarming Call Route (3)
WAMN Port (0)
@ Diwectory [0
£ Time Profile [0)
- Firewall Profile (1)
-l IP Route (5)
a Account Code ()
W License (20)
W Tunnel {0)
-85 User Rights (8)
B¢ ARS (2)
i Location (1)
g Authorization Code ()

Hame

Password
Confiern Password
Unique Identity
Conference PIN
Confirm Audio Conference PIN
Account Status
Full Harne
Extension

Ernail Address
Locale

Pricrity

Systern Phone Rights

Soft SIP 1550
aan

ELT T

1550

s

| Mone

Profile

| Power User

Device Type j

] Receptionist

] Enable Softphone

7] Enable one-X Portal Senaces
7] Enable one-X TeleCommuter
] Emable Remate Werker

7] Enable Communicator

¥ Enable Mobile VelP Client
7] Send Mobality Email

7] Web Collsboration

] Exclude From Directory

Unknown SIP device

* | [user | voscemait | oMD | short Codes | Source Numbers | Teleghony | Forwarding | Dialin | Veice Recording | Button Programming

9

Step  Action Results

7 Select the Voic  The screen shows the Voicemail tab for the user with extension 1502. Voicemail password can be configured using

email Tab the Voicemail Code and Confirm Voicemail Code parameters.

In the verification of these Application Notes, incoming calls from Charter to this user were redirected to Voicemail

Pro after no answer. Voicemail messages were recorded and retrieved

successfully. Voice mail navigation and retrieval were performed locally and from PSTN telephones to test DTMF
using RFC 2833.

8 Go to Next
Table

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written 20
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1115 Banlils
1116 Bxtnl116
1503 BanlS03analeg
1504 Bxtn] 504

1505 Exnl 505

1506 Extn] 506

1507 Bnd 507

1508 Extnl 508

1509 Enl 509

1510 Bnl 510

1586 Extn] 596

1547 Extnl 597

1588 Extnl 538

1599 Banl 599

1600 Extn1 500

1601 ExtnlB01

1602 BnlE02

1603 Extnl603

1542 H323 ext 1542
I 1541 H3Z3 w1541
§r 1540 1P H323 1540
f 1301 1P H323 9640
§~ 1552 Rern W SIP 1552
§ 1570 sipl570

§- 15711 sipisn1

1572 5ipl572
1575 sipl 575

[Uses | Voicernail | OND | Short Codes | Source Mumbers | Telephony | Fonwarding | Dislin | Voice Recording | Button Prog

Vaoicemnail Code LLLLLL]

Confirm Voicernail Code  ssssse

Voicemail Email

@ O Copy Farward

DTMF Breakout

Reception/Breakout (DTMF 0)
0y

Breakewt (DTMF 2)

o

Ereakeut (DTMF 3)

D

Alert

Systemn Default

Systern Default )

Systern Default

[ Vaicernail Help
|71 Voicernail Ringback
Vaicernail Ernail Reading

] UMS Web Senaces

Step Action

10

11

12

13

14

Select the Mobility tab

Check Mobility Features box

Check Mobile Twinning box

Configure Twinned Mobile Number field with the number to dial to reach the twinned telephone,

including the dial access code “9”, in this case 917864571234.

Other options can be set according to customer requirements

Go to next Table

Results

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written
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1115 Extnl115
1116 Extnl116
1503 Extnl503analog
1504 Extnl S04
1505 Extnl 505
1506 Extril 506
1507 Extrl507
1508 Extrl508
1500 Extr1509
1510 Extn1510
1596 Extnl596
1597 Extn1597
1598 Extn1598
1559 Extnl599
1600 Extnl600
1601 Extnl&0l
1602 Extnl&02
1603 Extnl603
1502 H323 ext 1502
1542 H323 et 1542
I 1541 H323 et1541
&= 1540 1P H323 1540
I 1501 1P H323 9640
&= 1552 Rem_W SIP 1552
&= 1570 sip1570

&= 1571 sip1571

§~ 1572 sip1572

= 1575 sip1575

' DialIn | Veice Recerding | Butten Pregramming | Menu Pregramming | Mobility | Group Membership | Anncuncements | sip

[T Internal Twinning
T <MNone» o
1 -
Twin Bridge Appearances
Twin Coverage Appearances

Twin Line Appearances

[¥] Mobility Features
[¥] Mabile Twinning

Twinned Mobile Number
' S1TEG45TII34
(including dial access code)

Twinning Time Profile | <Mones> -

Mabile Dial Delay (sec) 2

Maobile Answer Guard (se) _ﬁ o

[7] Hunt group calls efigible for mokile twinning
[7] Forwarded calls eligible for mobile twinning
[ Twin When Logged Out

[7] one-X Mobile Client

r :g :ﬁ;g [¥] Mobile Call Contrel
1585 Soft H323 1595 [¥] Mobile Callback
1550 Soft SIP 1550
Step Action Results
15  Select the Button Programming tab on the user
16  select the button to program to turn Mobil Twinning
on and off
17  Click on Edit > Emulation > Twinning In the sample below, button 4 was programmed to turn Mobil Twinning on and
off on user 1502.
18  Go to next Table
The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written 2
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IP Offices = H323 ext 1502: 1502*
i ii:: x:} i:g , Dial In ] Voice F.ecnrding[ Butten Programming ]M:nu Programming | Mobility | Group Membership |
E 1503 Extn1303analog Button ... Label Action Action Data
1504 Extnl 504
§ 1505 Bxn1505 1 Appearance a=
§ 1506 Extnl506 2 Appearance b=
§ 1507 Bxtnl507 3 Appearance c=
§ iscause
1509 Extnl509
5
§ 1510 Extnl510 6
§ 1596 Bxtnl506
§ 1507 Bxtn1597 7
§ 1503 Bxtnl598 8
§ 1599 Bxtnl1599 g
§ 1500 Extnl600 10
§ 1601 Banl0l 1
§ 1602 Bxtnl1602
§ 1603 Bxtn1603 12
§ [1502 H323 et 1502 | 13
§ 1542H323 e 1542 14
§ 1541 H323 ext1541 15

Step

19

20

21

22

23

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written

Action

Select SIP tab

Results

the values entered for the SIP Name and Contact fields are used as
the user part of the SIP URI in the “From” and “Contact” headers for
outgoing SIP trunk calls.

In addition, these settings are used to match against the SIP URI of
incoming calls without having to enter this number as an explicit SIP
URI for the SIP line (Section 2.4)

The SIP Name and Contact are set to one of the DID numbers  In the example, DID number 3031231273 was used.
assigned to the enterprise by Charter.

The SIP Display Name (Alias) parameter can optionally be
configured with a descriptive name.

If all calls involving this user should be considered private, then
the Anonymous box may be checked to withhold the Caller ID

information from the network.

Procedure Completed

permission from Charter Communications™. 23



IP Offices |Ei H323 ext 1502: 1502°

iﬂ; E:iii; o Dhal I |'||I'vu|ct Hecn-r\dlng_ Button Programming | Menu Programming Mn-lnlr'.‘!,rl Group Membership | Announcements Personal Directory

1503 BEanl503analeg SIP Mame WH I ITE
1504 Extnl 504
1505 Exinl 505 SIF D:i,pl.a;,- Marme (Alias) HIZ3 ext 1502
1506 Extril 506
1507 Extn1507 Contact WA B31TI
1508 Extnl 508
1509 Extril 509
1510 Extn1 510 Ananymous
1596 Extn1 536

1597 Btnil 597

1588 Exril 528

1599 Exin1 599

1600 Extn1600

1601 Extril&01

1602 Exril602

1603 Extn1603

1542 H323 et 1542

e s e S e e

2.7 Incoming Call Route

An incoming call route maps inbound DID numbers on a specific line to internal extensions, hunt groups, short codes, etc., within the IP Office
system.

In a scenario like the one used for the compliance test, only one incoming route is needed, which allows any incoming number arriving on the SIP
trunk to reach any predefined extension in IP Office. The routing decision for the call is based on the parameters previously configured for Call
Routing Method and SIP URI (Section 2.4.5) and the users SIP Name and Contact, already populated with the assigned Charter DID numbers
(Section 2.6).

Step  Action Results
1 From the left Navigation pane, right-click on Incoming Call Route and select New.
2 On the Details pane (not shown), Select the Standard tab
3 Set Bearer Capacity to Any Voice.
4 Set the Line Group ID to the incoming line group of the SIP line defined in Section 5.4.
5 Default values may be used for all other parameters.

6 Go to Next Table

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written
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@& BOOTP (5) Standard | Voice Recording | Destinations |

#-i# Operator (3
=<2 {IP500V2 Main

59 System (1) Bearer Capabili Voice -
%77 Line (25) earer Capability [Ang.r ]
F-= Control Unit (4) Line Group ID 17 -
&4 Extension (48)
- 4 User (50) Incoming Mumber
B Group (1)
) g ShmPCnde (69) Incoming Sub Address
Service (0) ,
@ : RAS (1) Incoming CLI
= e Incoming Call Route (3)| Locale [ v]
: @ g Priority [1 - Low ']
6 WAN Port (0) Tag

—am Directory (0)

—£77 Time Profile (0) Hold Music Source [System Source v]
® Fi Il Profil
[:3 = ll’l'r;::te g; e Ring Tone Override Mone -

Bm Account Code (0)

— % License (20)

— @4 Tunnel (0)
#-§3 User Rights (8)
#-¢ ARS(2)

i Location (0)

%% Authorization Code (0)

Step Action Results

7 Under the Destinations tab, enter “.” for ~ This setting will allow the call to be routed to any destination with a value on its SIP Name f
the Default Value. ield, entered on the SIP tab of that User,

which matches the number present on the user part of the incoming Request URI.
8 Click OK to commit

9 Procedure Completed

B lt BOOTP (5) 'w]mmheﬁmim |
B :, TimeProfile Destinaticn Fallback Extension
- Sy » | Detaut value . | [~]

-7 Line (25)
-2 Contrel Unit {4)
[3-f Extension (48)
E-§ Wser (50)
-1l Group (1)
(-9 Short Code (63)
@ Service )
o
B Incoming Call Route (3)
e

20
B waM Pon i)

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written
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2.8 Outbound Call Routing

For outbound call routing, a combination of system short codes and Automatic Route Selection (ARS) entries are used. With ARS, features like
time-based routing criteria and alternate routing can be specified so that a call can re-route automatically if the primary route or outgoing line
group is not available. While detailed coverage of ARS is beyond the scope of these Application Notes, and alternate routing was not used in the
reference configuration, this section includes some basic screen illustrations of the ARS settings used during the compliance testing.

2.8.1 Short Codes and Automatic Route Selection

Step  Action

1 To create the short code used for ARS right-click on Short Code in
the Navigation pane

2 Select New

3 In the Code field, enter the dial string which will trigger this short
code. In this case, 9N was used (note that the semi-colon is not used
here).

4 Set Feature to Dial.

5 Set Telephone Number to N.

6 Set the Line Group ID to 50: Main to be directed to Line Group 17,
which is configurable via ARS.

7 Set the Locale to United States (US English).

8 Click the OK to commit.

9 Go to Next Table

’l IP Offices =

Results

The screen below shows the creation of the short code 9N use
d in the reference configuration.

When the Avaya IP Office users dialed 9 plus any number N,
calls were directed to Line Group 17 which configurable via
ARS.

This is the action that the short code will perform.

The value N represents the number dialed by the user after
removing the 9 prefix. This value is passed to ARS.

9N: Dial

fDial

9N

N

50: Main

United States (US English)

o 41 » || Short Code
" 42
" 43 Code
/X 44
X 45" N2 Feature
% 45
o *47 Telephone Mumber
X =48 .
o *49 Line Group ID
9 =50 Locale
x =51
" *52 Force Account Code
§ 537N Force Authorization Code
I 55
9% SN
|9 EN]|
8% FMEQD

@ Service (0)

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written
permission from Charter Communications™.
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The following screen shows a sample ARS configuration for the route 50: Main. Note the sequence of X's used in the Code field of the entries to
specify the exact number of digits to be expected, following the access code and the first set of digits on the string. This type of setting results in a
much quicker response in the delivery of the call by IP Office.

Step  Action Results

10  To create a short code to be used for ARS, select ARS > 50: Main on the
Navigation pane

11 Select New

12 In the Code field, enter the dial string which will trigger this short code. In
this case, 1 followed by 10 X’s to represent the exact number of digits.

13 Set Feature to Dial. This is the action that the short code will perform.

14  Set Telephone Number to 1N. The value N represents the additional number of digits
dialed by the user after dialing 1 (The 9 will be stripped
off).

15  Setthe Line Group ID to the Line Group number being used for the SIP
Line, in this case Line Group ID 17 was used.

16  Setthe Locale to United States (US English).
17  Click the OK to commit.

18 Procedure Completed

"Edit Short Code
Code 00000000
Feature IDI'B‘ 5
Telephone Number 1N
Line Group 1D 17 v
Locale |Unted States (US English) |
Force Account Code
Force Authorization Code

The following screenshot shows the ARS dial pattern entry after it was added.

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written
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IP Offices = Main g

oK BOOTR (5) ARS
£ Operator (3)
= P500VZ Maan AR Boute 1D %0 | Secondary Disl tene
5y System (1)
-T9 Line (25) vy [Syste =]
o Correl Unit (4] Route Mame W L Tone ]
u -y Extersion [EB)
o User (5 Dial Deley Time Systern Default (4] s o Check User Call Basring
-5l Group (1)
-9 Sheet Code 159)
a Senace 0]
£, RAS (1)
- Inceming Call Rowte (3) .
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2.9 Save Configuration

When desired, send the configuration changes made in Avaya IP Office Manager to the Avaya IP Office server in order for the changes to take
effect.

Step  Action Result

1 Navigate to File > Save Save the configuration performed in the preceding sections.
Configuration in the menu
bar at the top left of the
screen

Once the configuration is validated, a screen similar to the following will appear, with either the Merge or
the Immediate radio button chosen based on the nature of the configuration changes made since the
last save. Note that clicking OK may cause a service disruption due to system reboot.

2 Click OK if desired

3 Procedure Completed

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written o8
permission from Charter Communications™.



Save Configuration o B w3
IP Office Settings
IP500V2 Main

Configuration Reboot Mode
@ Merge

Immediate

When Free

Timed
Reboot Time

09:56

Call Barring

OK | | Cancel | | Help

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written
permission from Charter Communications™.

The information contained herein is confidential and should not be disclosed, copied, or duplicated in any manner without written
permission from Charter Communications™.
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