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1. Introduction

This application note provides configuration steps for Service Providers to deliver SIP Trunking Services to enterprise
customers deploying BCM50 SIP PBXs using InnoMedia's Enterprise SIP Gateway (ESG) ESBC9x80-4B. The ESBC is
owned and managed by the service provider, and performs necessary SIP normalization, NAT and firewall traversal,
security operations, performance reporting, and remote diagnosis.

Delivering Business Voice Services to Enterprises

Figure 1 illustrates how business voice services can be delivered to enterprise customers having legacy TDM PBXs, IP
PBXs, or through hosted voice services.
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Figure 1 Reference Network Architecture
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Getting Started

The following preliminary pieces of information are required:
e  SIP Proxy Server IP address or FQDN and SIP Domain.

e  SIP Trunk user accounts, direct inward dialing (DID) numbers, and/or a main pilot number.

e S|P authentication credential with the service provider network.

2. Interoperability Compliance Testing

The SIP Trunking ESG - PBX interoperability lab setup is shown in Figure 2 where a BCM50 PBX is connected to an ESBC
which in turn is registered to a softswitch/SIP Server. To verify ESBC - PBX interoperability, the following features and
functionality are executed during the interoperability compliance tests.

PBX Features Verified

® Inbound calls to Nortel phones and FAX machines connected to BCM50 FXS ports.

e Qutbound calls from Nortel Phones and FAX machines connected to BCM50 FXS ports.

e  Various Call features:

Call hunting

Blind and Consulted Call Transfer

Call Forwarding

Caller ID/Caller name presentation and caller ID restriction
Three way conference call

User features such as hold, resume

e  DTMF transmission using in-band and RFC2833
e Codec: G.711 mu-law, G.729
e  FAX: G.711 pass-through, and T.38 relay

Features Not Supported on BCM50

®  GIN registration

Equipment and Software Validated of this Application Note

The lab network for the SIP Trunk reference configuration is illustrated below and is represented of a BCM50 PBX
configuration.

The LAB network consists of the following components:

Model | InnoMedia ESBC 9380-4B

Firmware Version | 2.0.12.36

Model | Avaya BCM50

System Software version | 10.0.1.52.176

Business Element | V62.0.3
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Manager | BCM 50R6 Element Manager Cartridge 6.0.0 (BCM50R6.ab18-0)

Model | Nortel Digital Phone 77316

Model

InnoMedia 6308-SL2

Firmware version

10.3.3

Model

InnoMedia 7308-MLY65P

Firmware

65.0.98.202

Broadsoft Broadworks

Version

R18

LAB Configuration Example

Table 1- IP Address

Components ‘ 10T LAB Customer
InnoMedia ESBC
LAN IP Address 172.16.251.1
LAN Subnet Mask 255.255.0.0
WAN IP Address 108.92.17.139
BCM50
WAN IP Address 172.16.251.250
Voice VLAN LAN IP 10.10.11.1

Table 2—ESBC and BCM50 Account Information
DID Account Number Account Attribute Extensions
2418884820 Pilot Number / Default Route 4820
2418884826 Nortel Digital Phone T76316 4826
2418884827 Nortel Voice/FAX/Modem DID 4827
2418884828 Nortel Voice/FAX/Modem DID 4828
2418884829 ESBC FXS port DID N/A
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ESBC—PBXBCMS50I10T LAB Setup

Customer Premise Service Provider

Service Provider
SIP Server

Analog FAX
FXS port
DID: 2418884829

BCM50
WAN IP:
172.16.251.250
Voice VLAN LAN IP:
10.10.11.1
Pilot Number:
2418884820

2418884822

2404983513
Extension: 4826

DID: 2418884826 ESBC

IP: 172.16.X.%/16

2404583511

o7

Analog FAX

Extension: 4827
DID: 2418884827

2404883512

Maintenance PC

Corporate Network Analog Line

I

Analog FAX

Service Provider Network Digit phone Line

Figure 2 SIP Trunk LAB Reference Network
The lab network consists of the following components:

e  Device Under IOT Test:
- PBX: BCM50 PBX
— Enterprise SIP Gateway: InnoMedia ESBC9380-4B

e  Two Nortel phones on the local LAN registered to BCM50, and one fax machine connected to an FXS port of
BCM50

e Broadsoft Broadworks R18 as Service Provider Core Network SIP Softswitch

e Three IP Phones and an ATA registered to Broadworks R18. A fax machine is connected to the ATA for fax
testing.

e DHCP server and SIP trunk termination.

3. BCM50 Configurations

The instructions provided in this section are intended to help Field Install Technicians configure the Avaya BCM50
to connect to the InnoMedia ESBC9x80-4B. They are not intended for advanced functionality setups. It is further
assumed that Field Install Technicians already have knowledge of the BCM50 operations.

Once logged into the BCM50 GUI as an Administrator, follow these steps to configure SIP Trunk Service.
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BCMS50 Version

Check version and patches — the following version and patches are using during I0T

Task Navigation Panel

. Logs

| Auto-Administration Manager
. Software Management

@ Software Updates

|- ¥Software Update History
i @ Software Inventory

001.201106-1 Update to SU.Desktop

Software Update Histol
Administration pda Ly,
E-i General Current system software version: | 10.0.1.52.176 I
J System Metrics software Update History
t-- | Telephony Metrics A
Uﬁ"hl_j; Y Category MName Version Description Removeable
1 Backup and Restore -03 10:17 Patch Applied BCMOS50.R600.5U.System  007.201108-1 BCM50 R6 August 2011 System Smart Update

Figure 3 Avaya BCM50 Version Information

BCM50 System Settings

Click “General Settings” tab under Configuration > System - IP Subsystem

Task Navigation Panel

Configuration | Administration

1P Subsystem

@ Welcome

(=B System
Identification
Date and Time
Keycoodes

Telephony Regions

- |, Administrator Access
[+ |, Resources

- |, Telephaony

[#- |, Data Services

- . Applications

General Settings | LAN Interfaces | VLAN Interfaces | Static Routes | Dial-Out Static Routes

System Information
System name: | el

IP Settings

Default gateway: |172.16.251.1
Published IP Interface: | Customer LAN

Published IP Address: |172.16.251.254

Public Metwork
Discovered Public Address: |0.0.0.0
Address Discovery Flag:

Provisioned Public Address:
Modify...

DNS Settings

DNS domain name: | InnoMedia. com
Primary DNS address: (4.2.2.1

Secondary DNS address: 8.8.8.8

Figure 4 BCM50 IP System Settings-1

Click “LAN Interfaces” tab under Configuration = System = IP Subsystem, and edit IP address.

& If you change the default gateway you may lose your connection to the Network Element
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Task Navigation Panel

IP Subsystem
Configuration

Welcome General Settings | LAN Interfaces | YLAN Lnberfaoesl Static Routes | Dial-Out Static R.oubesl
J System LAN Interfaces Summary

Identification =
Date and Time MName IP Address Subnet Mask MAC Address MTU Size Allow Metwork Access

Keycodes Customer LAN [172, 16,251,254 |255.255.0.0
(OAM LAN 10.10.11.1 255.255.255.252
Telephony Regions
. Administrator Access
. Resources

; Telephony Details for Interface: Customer LAN ' Modify IP Settings ﬂ"
. Data Services

. Applications 1P Configuration & If you change this you may lose your connection to the Network Element
Obtain IP address dynamically:

Obtain IP address dynamically: ]

1P Address: |172.16.251.254
IP address: | 172.16.251.254

Subnet Mask: | 255.255.0.0
: IP subnet mask: | 255.255.0.0

| Moty | Default gateway: | 172.16.251.1
Current subnet mask

Figure 5 BCM50 IP System Settings-2
BCMS50 SIP Trunk License

Check license

Task Navigation Panel
- Application Resources
- @) Welcome Total Resources Reserved Resources
[#- [ System Signalling channels: | 107 Signalling channels: 3
- |, Administrator Access r o
-l Resources VDI channels: 26 VDI channels: 0
L] Media channels: 224 | Media channels: 5|
@ Media Gateways DSP resources: 60 DSP resources: 5|
@ PortRanges
@ Telephony Resources Application Resource Reservations
) IP Trunks s e B ’ 5 :

Dial Up Interfaces Application Minimum ~ Maxim... |Licence | SystemMax. Change Pending Sig. Ch.  VDICh.  Media Ch, DsP
| Telephony Avaya SIP Sets 0 MAX 0 32 0 NfA
| Data Services (CTE Terminals 0 MAX /A 24 0 NjA
. Applications Conf, Mixers 0 MAX MA 9 /A 0

Conf. Parties 1] MAX MNfA 18 MfA 0
Digital Trunks 0 MAX NfA 2 N/fA NfA
Fax 0 MAX a 2 NfA NfA
IP Sets 0 MAX a 32 V] A NfA
IP Trunks 0 MAX i) 12 N/fA V] NfA
Media Gateways & MAX NfA 80 N/fA NfA 2
Other SIP Sets 0 MAY 0 32 0 IN/A I A
ISIP Trunks 0 MAX 2 12 A 0 A
| |".-'0ice Mail +CC 3 10 NfA 15 3 NfA 3

Figure 6 BCM50 SIP License Information

Provision SIP Trunk

A SIP Trunk is created on BCM50 to use pilot number registering to ESBC. In our LAB example, the trunk description
is “ESBC” and the Proxy IP address is 172.16.251.1.

e  (Click “Global Settings” tab under Configuration - Resources = IP Trunks = SIP Trunking
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Task Navigation Panel

Configuration | Administration

SIP Trunking

----- @ Welcome Publicl Private | Global Settings | Media Parametersl

el SIP Setti RTP Keepali

[ Administrator Access AL epalives :
= || Resources Local Domain: | [ 511 Scope: |RTP -

- @ Application Resources Keepalive parameters
- @ Media Gateways

- @ Port Ranges

Service Impacting SIP Settings

Call signaling port: | 5060 Initial keepalives: :Disabled v:

- @ Telephony Resources Modify... Periodic Timeout: i}
 IP Trunks
G |
o Telephony Settings RFC2833

o T
@ H323 Trunking
- @ Dial Up Interfaces

- |, Telephony

Fallback to drcuit-switched: jDisabIed - Dynamic Payload: | 101

Status: |Gateway is running

Figure 7 SIP Trunking Configuration-1
e  (Click “Global Settings” tab under Configuration - Resources = IP Trunks = SIP Trunking

Task Navigation Panel

2 SIP Trunking
Configuration | Administration

- @ Telephony Resources
TP Trunks
@ General

MCDN Protocol: |None

Qutbound Proxy Table

- @ Welcome Public | Private | Global Settings I Media Parameters|
- o System
[ |, Administrator Access | Routing Table I 5ettings| Proxy | URI Map I Authentimtion|
Bl Resources SIP Proxy Optional IP Address for legacy routing
Application Resources
Media Gateways Domain: |172,16.251.1 IP Address:
- @ PortRanges Route all calls using proxy: [7] Port: [1}

o
@ H323 Trunking
Dial Up Interfaces
[#- |, Telephony

[#- |, Data Services

[#- |, Applications

IP Address Port Load-balancing Weight Keep alive

172,16.251.1 5060

=
Domain

172,16.251.1 0 Mone

Delete
Figure 8 SIP Trunking Configuration-1

Configure SIP Trunk Accounts and Authentication Credential

For challenges received on SIP trunks (from ESBC), i.e., when BCM50 acts as user agent, you configure a SIP realm,
which includes the realm (SIP Domain), username (device or application user), and digest credentials. To add or
update a SIP Realm, perform the following procedure:
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r Modify account - u1

Description:

Domain: |172,16.251.1

Account identity
Parent account:

CLID: | 2418884820

User Credentials
SIP username: | 2413884520
Auth name: | 2418834820

Auth pa: rd:

Realm: |172.16.251.1

Message Handling
CLID Override:
Display name Override:
PAI CLID Override:
PAI Display name Override:
Contact Override:
Maddr in Contact: [

Local Domain Override:

SIP Registration

Registration Details
Registrar: 1?2.].6.2_51‘1
Registrar Port: 5060
Transport: |UDP
Expiry: 3600

(o )[oe

Figure 9 Configuration SIP Accounts and Credentials-1

Task Navigation Panel
. SIP Trunking
Configuration
@ Welcome Public | Private | Global Settingsl Media Paramebers|
[ |, System
[#- |, Administrator Access | Routing Table I Setﬁngsl Proxy | URT Map| Authentication |
B4 Resources User Accounts
@ Application Resources

Media Gateways Descripﬁon‘ Domain Parent CLID | SIP Username | Register  Status

@ Port Ranges Ext4320 172.16.251.1 2418854820 2413854520 Registered with 172, 16,251, 1:5060
- @ Telephony Resources Ext4826 .16.251.1 24188584526 2413854826 Registered wil . 16,251, 1: 5060
1P Trunks Ext4327 .16.251.1 2418384827 2418854327 Registered . 16,251, 1: 5060
@ General Ext4825 .16.251.1 2418554528 2413554525 Registered w .16.251. 1: 5060

°
H323 Trunking
@ Dial Up Interfaces
[~ | Telephony

[#- | Data Services

- | Applications

Local SIP Authentication

Local Authentication: [

Quality of Protection: | Authentication only =
401 Reason: |Unauthorized

Local Accounts Remote Accounts

- -
User ID Description Realm User ID Description

Delete Modify. .. Delete Modify. ..
Figure 10 SIP Trunking Configuration-2

10
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Setup Routes

Selected “BlocA” under Configuration > Telephony - Dialing Plan = “Line Pools” - “DNs” tab. Add DNs to

BlocA

Task Navigation Panel

Configuration | Administration

Dialing Plan - Line Pools

@ Welcome

. System
Administrator Access
Resources

. Telephony

B | Global Settings
[k [ Sets

B Jy Lines

- @ Loops

- i@ Scheduled Services
= Dialing Flan

General

DiNs

Public Network
Private Network
Routing

- @ Ring Groups

B Call Security

- i@ Hospitality

- @ Hunt Groups

- @ Call Detail Recording
@ Call Recording

[#- |, Data Services

[#- | Applications

Line Pools
Poal Access Code
A
E
C
o
E
F
G
H
i
il
i
L
M
M
o]
|Blaca WIES
Bloch HIA
BlocC MNfA
BlocD MNfA
BlocE MNfA
BlocFk MfA

Details for Line Pool: BlocA

DNs | call by Call Limits

DNs with Access to Line Pool

&

2222
2233
2234

Figure 11 Setup Routes

Define the DN length to 4 digits under Configuration>Telephony-> Dialing Plan - General.

11
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Task Navigation Panel
- Dialing Plan - General
Configuration | Administration
----- @ Welcome Global Settings Change DN
- [y System I DM length {intercom): | 4 = I [W]
- | Administrator Access e - .
G-l Resources Dialing imeout: | 4 -
By Telephony i Access Codes
[+ |, Global Settings . .
| Sets Park prefix: |1 -
(- Lines External code: [None « |
@ Loops : :
i@ Scheduled Services Direct Dial
&-idf Dialing Plan DirectDial digit: [0+
== D|recE Dial Sets
Public Netwark Set Type Internal DM External MNo.
Private Network 1 None NfA NJA
Line Pools 2 MNone MfA
Routing 3 Mone M
- i@ Ring Groups 4 MNone MfA
- | Call Security 5 Mone M
- @ Hospitality
@ Hunt Groups
- i@ Call Detai Recording
@ Call Recording
[*- |, Data Services
(- |, Applications

Figure 12 Setup Dial Plan-1

e Define the Public Received number length to “4” digits and Public network dialing plan to “National” under
Configuration - Telephony - Dialing Plan - Public Network

Task Mavigation Panel

- Dialing Plan - Public Network
Configuration | Administration

----- @ Welcome Public Network Settings
- sthem IPuinc Received number length: :4 - I I Public network dialing plan: :Naﬁonal -
(- |, Administrator Access
Public Auto DN: Public network code:
[#-- | Resources
) | Telephony Public DISA DN:
[+ | Global Settings
- Sets Public Network DM Lengths Carrier Codes
B g Lines = ,
@ Loops DN Prefix DN Length Code Prefix ID Length
- @ Scheduled Services 'J i1 10 3
= |, Dialing Plan o 12 101 4
@ General 01 17
i 11
011 158
411 3
911 3
Default 7

- @ Ring Groups
B 1 Call Security

. @ Hospitality Delete Delete

- @ Hunt Groups

Figure 13 Dial Plan-2

e Define the Private Received number length to “4” digits Under Configuration > Telephony >
Dialing Plan > Private Network

12
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Task Navigation Panel

- Dialing Plan - Private Network
Configuration | Administration

@ Welcome Private Network Settings

| System |Private Received number length: | 4 = I IPrivate network type: :CDP - I
| Administrator Access 3 - T '
| Resources Private Auto DM: Private network ID: |1 -
| Telephany Private DISA DN: Location code:
i Qg okl Private access code: I Private DN length: |4 - l
[ [ Sets I
[ 1 Lines MCDN ol
- @ Loops
g Scheduled Services Local access code: Virtual Private Network ID: | 0O
(=} | Dialing Plan Mational access code: ZoneID:| ©
; General

Specdial access code:
DNs ETsI

Public Network Metwaork ICCL:
e
Line Pools

@ Routing TAT:
- i@ Ring Groups
[ |y Call Security
@ Hospitality
- @ Hunt Groups
- i@ Call Detail Recording
- @ Call Recording

Network Diversion: [
MCID: [

O&EO

Figure 14 Dial Plan-3

Media Parameters

e Select module type “IP Trunks”, click on the “SIP Media Parameters” tab under Configuration >
Resources 2> Telephony Resources, select CODECs for provided voice service as well as packet time.

Task Navigation Panel

2 SIP Trunking
Configuration | Administration

""" @ Welcome | Publicl Private I Global Setﬁngs| Media Parameters |
[~ |, System
[ | Administrator Access

Preferred Codecs Settings
Enable Voice Activity Detection:

[}~ | Resources
@ Application Resources Available list I Selected list Jitter buffer: |Auto |

Media Gateways i r -
. ¥ G G.711-ulaw - G.729 payload size (ms): 20 =
Port Ranges G.711-alaw G.729 r T
@ Telephony Resources > G.723 payload size (ms): |30
IP Trunks ; :

G.711 payload size (ms): 20 -
General ‘ = 1

Fax transport: :T.38 -

SIP Trunking
H323 Trunking 4 Force G.711 for 3.1k audio: []
@ Dial Up Interfaces e = -
- Telenhony I Provide in-band ringback: |:||
Figure 15 Configuring Media Parameters
SIP URI Map

e Select module type “URI Map” tab, clear “e.164/National” field under Configuration - Resources >
Telephony - Resources - SIP Trunking and “Private” tab, select CODECs for provided voice service
as well as packet time.

13
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Task Navigation Panel

Configuration | Administration

SIP Trunking

@ Welcome

. System

, Administrator Access

. Resources

- (@ Application Resources
- @ Media Gateways

- @ Port Ranges

- @ Telephony Resources
=+ L) IP Trunks

@ General

°

@ H323 Trunking

- @ Dial Up Interfaces

; Telephony

, Data Services

, Applications

| Publiclépfi\fat@ | Global Settings I Media Parameters|

| Routing Table I Settings | Proxy | URI Map | .nuihentimtinnl

SIP Domain Mames

I e.164 / Mational:

e.164 / Subscriber:
e.164 / Unknown:
e.164 [ Spedal:
Private [ UDP:
Private f COP;
Private [ Spedial:
Private / Unknown:
Private / Subscriber:
Unknown f Unknown:

|subscriber.e 164

unknown.e 164
spedal.e 164
udp

cdp
spedial.private
unknown.private

subscriber. private

Figure 16 Configuring SIP URI Map-1

e Select Configuration 2 Telephony - Dialing Plan = Routing = “Routes” tab, add route “001”.
Edit route “001” column “Use Pool” entry to “BlocA.” and the “DN type” column to “National”.

Task Navigation Panel

Configuration | Administration

Dialing Plan - Routing

. System
| Administrator Access
. Resources
| Telephony
[#- |, Global Settings
- Sets
- Ju Lines
- @ Loops
- @ Scheduled Services
(= Dialing Plan

-

[

@ Public Network
@ Frivate Network
@ Line Pools

°

- @@ Ring Groups

outside (IP off-net) calls.

Routes | Destination Codes | Second Dial Tone
Routes
Rouhe} External Mumber Use Pool DM Type Service Type Service ID
000 / A A /A
001 BlocA National NJA N/A |

Figure 17 Dial Plan-Routes-1
e Select the “Destination Codes” tab to assign a destination code for the IP trunks Under
Configuration - Telephony - Dialing Plan = Routing. Configure a destination code “9” to access
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Task Navigation Panel

Dialing Plan - Routing
Configuration | Administration

@ Welcome Routes | Destination Codes | Second Dial Tone
"l System Destination Codes
- |, Administrator Access ,
= || Resources Destination Code Mormal Route Absorbed Le...  Wild Card: O 14 2 5 4 5 6 7 8 9
-- i@ Application Resources 9 001 All I

- @ Media Gateways
--@ Port Ranges
- @ Telephony Resources
IP Trunks
-- @ Dial Up Interfaces
=~ || Telephony
Global Settings
Sets
Lines
- @ Loops
- @ Scheduled Services
Dialing Plan
@ General
@ DNs
@ Public Network
@ Private Network
@ Line Pools
°

@ Ring Groups

Figure 18 Dial Plan-Routes-2

Configure Outgoing Calls from BCM50

e  Associate a private DN number with a DID number under Configuration > Telephony > Sets - All DNs.
Enter in the “Private OLI” field with a DN and in the “Public OLI” field with a DID. This enables “calling
number translation” (outgoing) for this particular DN number as illustrated in the figure below.

Task Navigation Panel
3 All DNs
Configuration | Administration
- @ Welcome Line Access | Capabilities and Preferences | Restrictions

[~ | System =
[ . Administrator Access DN Model Mame Port Pub. OLI Priv, OLI Fwd No Answer FwdDelay  Fwd Busy  Fwd Al
[~ |, Resources 1 T7. 0 2221 0401 2413884820 2221 /A I
=} Telephony 2222 T7 2222 0402 2413884825 2222 M/A

- |, Global Settings 2223 T7208/M7208 2223 0403 MfA

. Sets 2224 T7208/M7208 2224

Templates 2225 T7208/M7208 2225 MfA

Active Sets 2226 T7208/M7208 2225 MfA

Active Application DNs 2227 T7208/M7208 2227 MfA

Inactive DNs 2228 T7208/M7208 2278 NfA

2229 T7208/M7208 2229 MfA

[ . Lines 2230 T7208/M7208 2230 NfA

- @ Loops 2231 T7208/M7208 2231 NfA

- @ Scheduled Services 2232 T7208/M7208 2732 MNfA

[#- |, Dialing Plan 2233 Analog 2233 2413884827 2233 M/A

- @ Ring Groups 2234 Analog 2234 2413884328 2234 M/A

[ |, Call Security 2235 Analog 2235 M/A

- @ Hospitality 2235 Analog 2235 A

- @ Hunt Groups 2237 T7208/M7208 2237 0501 NfA

- @ Call Detail Recording 2238 T7208/M7208 2238 0502 NfA

- @ Call Recording 2239 T7208/M7208 2239 NfA

[+~ |, Data Services 2240 T7208/M7208 2240 NfA
[#- |, Applications 2241 T7208/M7208 2241 0505 NfA

Figure 19 Configuring Outgoing Calls: calling number translation

BCM Monitor

Use Line Monitor from the provided BCM Monitor Utility monitor incoming or outgoing calls.
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BCM Monitor - Bem50

File Statistics Help
BCM Info | Media Card | Voioe Ports | IP Devices | RTP Sessions | UIP

i Usage Indicators I

Statistics —————————————————— - Line Monitor

‘ Active Lines: ] | Line ! Direction |7Q§rtT\me | User ! State

| Show all lines including inactive) [~ |

| Duration ! MNumber and Mame
T ; 1 - Line007 Incaming Mondul 279, 2234 - 2234 Idle 2418854829 - 2418884929 2418 DMIS:...
[ Wisible line: 2 - Line002 Outgaing MonJul 221:...  2221.22A1 Idle 2418884829

] m

[

Figure 20 Monitoring inbound and outbound calls on BCM50 admin GUI

Configure Incoming Calls from ESBC

Line Assignment and Access

e  (Click “Line Assignment” tab under Configuration - Telephony - Sets -> All DNs to configure the “called
number translation” (incoming) for a DN number Add line of a DN in “Line Assignment”. Enter the DN
selected in “Line Access” in the “Priv. Received #” field, and the last four digits of the DID (Public number) in
the “Pub. Received #”. Incoming DID calls will be routed to telephones, based on the trailing portion of the
digits received by the network. The BCM50 will route the call using the last four digits, e.g. 3478.

Task Navigation Panel

- All Dls
Configuration

Figure 21 Line Assignment and Access-1
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@ Welcome Line Access | Capabiities and Preferencesl R.estri(_ﬁonsl
[ | System 7
& | Administrator Access DN Model Name Port Pub. OLT Priv. OLI Fwd No Answer Fwd Delay FwdBusy  Fwd All
G Resources T N P T - N S B
- | Telephony 2222 T7316M7310 2222 0402 2418884826 2222 A
| Global Settings 2223 T7208M7208 2223 0403 NfA
B Sets 2224 T7208/M7208 2224 0404 MA
@ Templates T7208/M7208 2225 0405 A
@ Active Sets 0405 [4/A
@ Active Application DNs [ Copy | [ Paste.. | [ Renumber... |
@ Inactive DNs e
o I
| Lines Details for DN: 2221
@ Loops
@ Scheduled Services Line Assignment | Line Pool Access | Answer DNs | MeetMe Conferencingl
. Dialing Plan Assigned Lines
@ Ring Groups . 8 e
| Cal Searity Line Appearance Type Appearances  Caller ID Set  Wmsg Set Priv. Received # Pub. Received #
@ Hospitality 221 ApprE&Ring £ 2221 4320
@ Hunt Groups
@ Cal Detail Recording
@ Cal Recording
(- |, Data Services
[ | Applications
Delete



InnoMedia ESBC Application Notes—Avaya BCM 50 SIP PBX

Target Lines

e  Click “Assigned DNs” tab and assign a DN to the selected “Line” number of the DN desired to program under
Configuration-> Telephony —Lines - Target Lines. To display the DID number on the IP phone LCD screen,
enter DID number in the “Name” field “Target Lines”.

Task Navigation Panel
et
- @ Welcome Line‘ Trunk Type Name Contral Set Line Type Prime Set Pub. Received # Priv. Received Distinct Ring
d.- SYSET [Target line JLine221
i Admne b ator fecess 2 Target line Line222 2221 Public 2221 4826 2222 Mone
-\ Resources 223 Target line Line223 2231 Public 22 None
-l Teiephony 24 Targetline Line224 2221 Public 2221 Mone
Sobel Sctengs 225 Targetline Line225 2221 Public 2221 Mone
s 226 Target line Line226 2221 Public 2221 MNone
Lo o 227 Targetline Line227 2221 Public 2221 Mone
fene Phys@l e 228 Target line Line225 2221 Public 2221 Mone
AUWEIP Lines 2 Teretl Lina27 EEE Db EEE "
Eng ines
Inactive Lines [ Sop ] [ Posie.: ] [ Rember
@ AllLines
- @ Loops Details for Line: 221
- @ Scheduled Services
- | Dialing Plan Assigned DNs
- @ Ring Groups =
Call Security DN Appearance Type Appearances Caller ID Set Vmsg Set
Hospitality 2221 AppréRing i
Hunt Groups - .
Call Detail Recording Add Line Appearance ﬂ
- @ Call Recording .
- | Data Services DH: ||
=
Delete
Figure 22 Line Assignment and Access-2
Line Pool

e Click “Line Pool Access” tab under Configuration - Telephony - Active Sets and “Line Access” tab on the
top and. Then add “BlocA” as configured in route previously. All telephone sets need to be configured with
the designated “Line Pool” code in order to access the VolP.

Task Navigation Panel

Active Sets
Configuration
- @ Welcome Line Access | Capabilties and Preferences | Restrictions|
- |, System o
- Administrator Access DN Model Name Port. Pub. OLI Priv. OLL Fwd No Answer  Fwd Delay  Fwd Busy Fwd All
- | Resources 6/M73 |2418884820
= | Telephony 2222 T73 7310 2227 0402 2418384326 2222 NfA
[ | Global Settings 12233 Analog 2233 0413 2413384827 2233 MN/A
=g Sets 12234 Analog 2234 0414 2418384328 2234 NfA
@ Templates 12235 Analog 2235 0415 MN/A
° 2236 Analog 2236 0416 NJA

@ Active Application DNs

[ copy [ Paste. ][ Rerumber...

Details for DN: 2221
Scheduled Services

J Dialing Plan Line hssignmentl Line Pool Access | Answer DNs | MeetMe Conferencing
R Groos Line Pools
; Call Security

% Line Pool

@ Hunt Groups A

- @ Call Detail Recording Bloca

- @ Call Recording
- 1, Data Services

- | Applications

Delete

Figure 23 Line Assignment and Access-3
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4. ESBC Configurations

Please refer to ESBC Administrative Guide for detailed information.
(http://www.innomedia.com/support_manuals.shtml)

Configuring SIP Trunk Information

1. Navigate to Telephony - SIP TRUNKS - Trunk Settings

2. Enter the SIP Service information provided by your service provider.

«. 5 - < : (710 - i
dl i A L ESBC OOO©O

Home Hetwork Telephony System \Wiizard Theme Help Model:ESBC-9330

{; Trunks Setting

[+ Configurs parameters of Trunk profils.
broadworks

Default Profile

Profile ID | [Broadworks

] SIP Server

SIP Domain | [Broadworks SIP domain

Host |Brcad'.‘.'crk3 SIP proxy IP or FQDN
SIP Proxy
Port |S060  (Default: S060(UDPTCP), S061(TLS))

@ Same as SIP Proxy
O [
B

O Learn from DHCP Option 15
{ Only valid when ESBC Internet Connection Type iz configured as DHCP Client. }

SIP Qutbound Proxy

Host Hame Prefix |
Min Retry Interval |30 secs (Default:30)
Max Retry Interval [1800  =ecs (Default:12800)

Transport | | Aute | W

Bonse |

Figure 24 ESBC SIP Trunk — Trunk Settings

Adding and Configuring SIP Trunk and Account(s) on ESBC

ESBC supports two operational modes to access SIP Trunk telephony service provided by service provider:
e  Registration mode

e  Static mode

Configuring SIP Account(s) to ESBC with Registration Mode to Service Provider Network
1. Navigate to Telephony - SIP ACCOUNTS -> SIP UA Setting.
2. Click Batch Config button to add/modify/delete accounts in bulk mode
3. Click Add tag to add SIP account(s) to ESBC.

It is possible to provision ESBC with only one pilot number (i.e., main public identity). In such case, implicit registration
is configured with registration agent. In addition, default route should be configured to this account as well.

18
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Marks of different SIP UA types
= Main Public Identity
* Default Route

Only one pilot number is provisioned on the ESBC with implicit registration operation in the IOT example. This pilot
number is also configured as the default route on the ESBC.

& SIPUA Setting

© Configure parameters of SIP UAS interconnecting with external TSP

SIP User Accounts Registration Agent
Search: Al %
No. UserID Auth ID Registration Agent  Trunk Proxy Profile  Trunk SIP Profile  Type PBX SIP Profile Register to ESBC Status  Enabled Action
* O 1 | 2418884820 | 2418384820 Mone Broadsoft SIP-Trunking General | SIP Generic Registered [v] @b lif Register | De-Register |
O 2 | 2418884826 | 2413884826 Mone Broadsoft SIP-Trunking General | SIP Generic Registered 0 j@b L Register | De-Register i
O 3 |2418884827 | 2418884827 Mone Broadsoft SIP-Trunking General | SIP Generic Registered [v] j@b L] Register | De-Register |
O 4 |2418884828 | 2418884828 Mone Broadsoft SIP-Trunking General | SIP Generic Registered [v] @ Register | De-Register |
@ 5 |2418884829 Mone Broadsoft SIP-Trunking General | FXS 1 None Registered [v] @ T Register | De-Register !
Page 1 of 1, Total Records 5 First | Previous | Next | Last| Goto 1 ™

Figure 25 ESBC SIP Account Settings

Configuring Registration Agent
1. Click Registration Agent tab, as shown in Figure 25 ESBC SIP Account Settings
2. Add a Registration Agent (RA) by giving its name and associate a trunk line to this RA.

{_ Registration Agent

© Setting Registration Agent for SIP Trunks

SIP User Accounts | Registration Agent

search: [All ~
O No. Agent Name Main Public Indentity Action
O 1 ESBC 2404983506@as iop1 net 10T b i

Page 1of 1. Total Records 1

Add M
Figure 26 Configuring Registration Agent

Configuring Default Route

Enable Default Route can be configured by either selecting default route when creating new UA accounts as in Figure
27, or by editing an existing UA account as in Figure 28.

User ID Display Name Auth 1D Auth Password Default Route Action

2418884820 Enterprise password ¥ i

Figure 27 Configuring Default Route
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¥ SIP UA Setting ( 2404983506 )

(s} Configure SIP UA parameters.

T

Type  SIP
Enabled
Default Route

User D [2418884820

Display Name | [2418884820

auth D [2418884820

Auth Password |0“uuuuo

Trunk Proxy Profile I Broadsoft v
Trunk SIP Profile I SIP-Trunking | %
Registration Agent I ESBC v

PEX Authentication Mode

ocal

PBX Auth Passwerd © l2345
O Same as Auth Password

© Enabied

PBX Static Registration
SP Contact [ 2418884820 17216 251 2505060 (yser@phbx-ip:port)

Apply e Cancel

Figure 28 Configuring Default Route-2

Configuring SIP Account(s) to ESBC using Static Mode

By default, the ESBC Trunk SIP Profile is configured with registration mode. If static mode is required, follow these steps
to change it.

1. Navigate to Telephony > SIP TRUNKS > Trunk SIP Profile
2. Check Static Registration option.
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»

‘i Profile Configuration e

© Configure SIP parameters for SIP server.

SIP-Trunking General SIPconnect 1.1 Broadsoft

[7] Default Profile

Profile ID  |Broadsoft

SIP Parameters

| [ static Registration |

GIN Registration
Enable Session Timer (remember fo enable global session timer)
Timer Invite Expires  [180  secs (Default:180)
Timer 1:x¢ Retransmission | [60  secs (Default:60)
Timer Register Expires W SECS
Min Registration-Retry Time = [30  secs
Max Registration-Retry Time W SECS
Keep-alive Inferval  [30  secs (Default:30, 0=Disabled )

m

Figure 29 Configuring static operation mode

Configuring ESBC using Static Operational Mode with SIP-PBX

If you need to configure the SIP-PBX connected to the ESBC in Static operational mode, you need to do the following
settings. Avaya BCM50 only supports static operational mode of SIP Trunk and connects to ESBC.

1. Navigate to Telephony > SIP PBX and FXS > PBX SIP Profile

2. Check if the target PBX is in the ESBC profile list. If it is not, then select Generic profile. In most cases, Generic
profile should work fine. A custom profile can be created for a specific brand PBX not listed. Check it as Default
Profile, and click Apply button as shown in Figure 30. If your PBX is not in the list, click Add button, please refer to
Figure 31 and configure your PBX settings accordingly.

3. Refer to Figure 28Error! Reference source not found., to enter authentication password if you requires ESBC to
authenticate your SIP-PBX.
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& Telephon k_ PBX Profile Setting
B f22 - SIP TRUNKS © Manage Profile list and Set default profile.
\, Trunks Setfing
e No. Profile ID Default Profile Action
B & SIP ACCOUNTS 1 BCM30 {I | Import| Export I
% SIP LA Setting 7 Generic ] i W
§G Bulk Assigning 3 InnoMedia iPBX400 ] O @ 1import| Export|
= 2 SIP-PBX and FX5 - i (i a Y M M
% FXS Port Setfing 2 SR O O g i 1mport|_Export|
€ Authentication 6 Cisco UC500 B L i M M
€ SIP Parameters 7 Allworx B L i M M
= 2 AE!V.ANCEEI _ 8 R B O @ M M
t [E)::;:n:?:: 9 Fonality Trixbox E .a. Y M M
Cooa 10 Pingtel SIPxchange B L i M M
& SHMR 1 IPTel SER & L i tmport| Export|
Bl & SIP ALG 12 AastraLink Pro 160 | L i M M
§G SIP ALG Setting 13 Linksys SPA 9000 ] O @ 1import| Export|
s !Eanﬁ:ir 14 Avaya IP Office 500 B L i M M
% call History L ot O gl 1mport|Export|
Voice Guali
:: Test Agentrly Add| @ apply

Figure 30 PBX Profile List

»

k_ Profile Configuration {(BCM50} o

© Configure SIP parameters for SIP terminal.

Profile ID  [BCMS0

SIP Parameters

| 1 Enable Static Registration |
D Use TCP Transport for SIP Messages
Timer Invite Expires W secs (Default: 130)
Timer 1:x Retransmission Iﬁ.u— secs (Default:60)

Figure 31 Adding a New PBX Profile and Enabling Static Registration to ESBC

Configuring Call Transfer/Forward Methods on ESBC Interfacing with Service
Provider’s Core Network

Call Transfer

Different service providers may expect different Call Transfer methods when interfacing with their core networks. The
ESBC supports two methods to interface with core network. (1) SIP REFER & (2) re-INVITE, the default configuration.

1. Navigate to Telephony > SIP TRUNKS > Trunk SIP Profile.

2. Choose the Target Profile ID (or create a new Profile), and configure this profile by clicking the <Action> icon.
Scroll down and configure this Feature item: Process Call Transfer and Call Forward Locally, as shown in Figure 32.

e  REFER method: Uncheck
e  Re-INVITE method: Check
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Call Forward

Configuration for Call Forward is coupled with Call Transfer on ESBC. The configuration is the same as Call Transfer, as

shown in Figure 32.

e When REFER is selected for Call Transfer, then the “302 moved temporarily” SIP method is used for Call

Forwarding.

®  When re-INVITE is selected for Call Transfer, then re-INVITE is used for Call Forwarding.

Order of zending Re-INVITE=
Method of processing INVITE without SOP
Method of processing re-INVITE without SOP

SOP with Secure Descriptions

D Trunk Group ldentifier

P-Access-Network-Info Header

Security

Features

[ Reject all received REFER

Force 2end REFER even if the peer not add REFER in the Allow header

|:| Remove other media types when =ending T.38 offer

| Send re-INVITE= all the way directhy b

|Een:l INVITE= without SDP b

|Eend re-INVITEs without SDP bt

DAccspt RTP/AVP with =descriptions offer

]_ranam'rt sdezcription tranzparent | ¥

|:| Use Main Public ldentity in Contact Header

tarp |
trunk-context |

|:| Check the domain/host part of the To header in incoming requests

|:| Check the zource P address of incoming SIP messages

|:| Reguire Register event(3GPP}

|:| Not Retry Registrationz on 403 Responzes

|:| Send SUBSCRIBE for Mezzags Waiting
Interval [3600 =ecs

|:| Process Call Tranzfer and Call Forwarding Locally
|:| Support 100rel for Quigeing callz
Play Ringback Tone until receive 18X rezpenze from SIP Server

711 ann Ratartinn

Figure 32 Configuring Call Transfer Methods

Configuring Caller ID Display for Outbound Calls

ESBC provides the flexibility of configuring Caller ID display for outbound calls, by defining the “From” header of SIP

messages. The steps and options are as follows.

1. Navigate to Telephony>SIP TRUNKS>Trunk SIP Profile

2. Choose the target Profile ID, and click the <Action> icon to configure this setting, as displayed in Error! Reference

source not found. 20Error! Reference source not found..

e Display “Main Public Identity”: pilot number (and/or default route)

e Display “Alternate Identity”: individual DID numbers configured on ESBC

e Display “the Original Caller”: the caller IDs of PBX users. ESBC would take the “FROM” header as it is sent from

the PBX.
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Interoperability

"From’ |nut E.164, without uger=phone w
To" |notE.16-‘-. without user=phone i
Set URI format of Header | "REGISTER' | not E. 164, without user=phone b
‘Refer-To" |n0t E. 184 without uger=phone W
forward |nut E. 164, without uger=phone w302 contact

|5&tFromheaderto: Anenymous” <gip:anonymous@anonymous.invalid= | %
Anonymoug call
Seiprivacyheadertuthevslue"id"

Set From header for Qutgoing calls Uze Main Public identity i

Set Identity header for Outgoing calls |NUNE W

Figure 33 Configuring Caller IDs for outbound cal
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5. Appendix

Trouble Shooting with Call Transfer/Call Forward Failure from SIP-PBX—SIP PBX
Adding Invalid Domain in REFER-To Header

Some SIP-PBX may adopt non-standard methods of handling call transfer/call forward requests which cause transfer (or
forward) failure when the transferee UA is external to ESBC.

When performing Call Transfer using SIP REFER method, the REFER method indicates that the recipient (identified by
the Request-URI) should contact a third party using the contact information provided in the request. However, some
SIP-PBX while handling calls originating from other networks has an invalid domain name in REFER-To header and
hence making the call routed to unexpected destination.

A-SIP Trunk User ESBC PBX B-PBX User

External IP 192.168.11.1 5506
192.168.1.5 192 168.11.6

=

Acalls B TINVITE _ 2 INVITE INVITE
[ ] . [ ] i
A and B talk RTP (Audio)

L
B puts Aon hold 3 INVITE _ 4 INVITE

B puts C on hold

11 REFER | 10REFER

B refersAto C

. C 1. INVITE 5506@domain.com
A 5507 10. Refer-to 5507@192.168.11.7
11 INVITE 19|2.168.11-? 11. Refer-to 5507@External IP

reachable via the call routing and

Acalls C | ‘ Call connects. Aand C are
control functionality of ESBC.

Figure 34. SIP-PBX sends local IP in contact information in REFER messages

ESBC Resolving the Network Contact Information of REFER-To Header

ESBC ensures the original caller receives a REFER request containing a Refer-To URI that is reachable. ESBC has PBX
profile settings for SIP-PBX as shown in Figure 35.

1. Navigate to Telephony > SIP-PBX and FXS > PBX SIP Profile
2. Choose the target SIP-PBX profile (or create a new profile),
3. Check the item “Ignore Domain in Refer-To” header.
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SetCaller D if tdose notesist | |
P-Preferred-ldentity

Get Caller ID from SIP Header if exists P-Aszserted-ldentity
Remote-Party-I0
AlertInfo

Forward SIP Header to SIP terminal History-info
Diversion
Forward DTMF in SIP INFO to SIP Server

Strip ICE Attributss

D Remove Contact and Record-Route Headers in 180 Rezponses
D Add expires header in the 200 responae of registration

[ use the SIP terminal's P address as the domain

D Use "Ir=true” for loose routing

[ use entire S address as the authentication name

[Juse rFC 2543 Holo
Prefer Route by identities

D Remove other media types when sending T.38 offer

| Ignore domain in Refer-To header |

Order of =ending Re-INVITE: I Send re-INVITE: all the way directhy v

Figure 35 Ignore domain in Refer-To header to solve the unexpected network contact information

Trouble Shooting with Call Transfer/Call Forward Failure from SIP-PBX—SIP PBX
Sending Local Call-ID in SIP REFER Messages

Some SIP-PBX’s may handle Call Transfer in an unexpected way: The REFER message sent from the SIP-PBX carries
a locally generated Call-ID, i.e., Call-ID: Y instead of conforming to Call-ID: X1 as in the first call, as illustrated in
Figure 36. Hence, it causes a failure to associate this Call-ID:Y to any of previously established call. In this case,
ESBC handles this local “REFER” (transfer) with a new INVITE message to caller, and setup a new media stream
between the caller with ESBC. Please refer to Figure 32, this feature “Process Call Transfer and Forwarding
Locally” should be checked.

Provider

ESBC PSTN CallerA
May | speak to C?
INVITE
INVITE Call-ID: X
Call-ID: X1
Transferor B REQER Pracesskferand
Sure, l will transferto C. fwd Ipcally
Re-INVITE
Call-ID: ¥ Call-Ib: X
ReferCto A
Transferee C

Service Provider sees a
relNVITE with the same
Call-ID: X

SIP PBX creating Call-1D:
Y for “REFER Cto A” .
However Call-IDY failed
to associatethe
previously established
Call-IDX1.

Figure 36 The SIP-PBX Transfer Problem with the REFER Message
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