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1. Introduction

This application note provides configuration steps for Service Providers to deliver SIP Trunking Services to enterprise
customers deploying Microsoft 0CS2007 R2 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 an OCS R2 Server 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 OCS2007 R2 PBX extension phones.
e  Qutbound calls from OCS R2 extension phones.
®  Various Call features:
— 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

Codec G711 mu-law and A-law

Features Not Supported on 0CS2007

e  Registration operation mode, including GIN Registration

e (Calling Name display
Limitations at IOT LAB

Equipment and Software Validated of this Application Note

The lab network for the SIP Trunk reference configuration is illustrated below.

The LAB network consists of the following components:

ESBC
Model : InnoMedia ESBC 9380-4B
Firmware Version : esbc-9x-2-0-12-36
PBX
Model : Microsoft Office Communication Server
Firmware version :2007 R2
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PBX LAN Phone
Model
WAN Phone
Model
Firmware version
Model
Firmware version
SIP Server

Broadsoft Broadworks

: Microsoft Office Communicator 2007

: InnoMedia 7308-MLY65P
:65.0.98.2
: CounterPath eyebeam

:1.5.19.2 build 49847

Version :R18
LAB Configuration Example
Table 1 - IP Address
Component 10T LAB Value Your Value
InnoMedia ESBC
LAN IP Address 172.16.1.20
LAN Subnet Mask 255.255.0.0
WAN [P Address DHCP client
0CS2007 R2
IP Address 172.16.1.59
Table 2—Account Information
DID Account Number Account Attribute Extension
2404983506 Pilot Number / Default Route 3506
2404983507 DID 3507
2404983508 DID 3508




InnoMedia ESBC Application Notes—SIP PBX-Microsoft 0CS2007

ESBC - Microsoft 0CS2007 IOT LAB Setup

Customer Premise Service Provider

Service Provider
SIP Server

Ol s
IP:172.16.1.59 csm?nqu'tﬁ
Pilot number: Server 2007 ESBC 2418854822

2404983506 LANIP:172.16.1.20

' ’)- 14:34983513

OCS communicator
Extension: 3507
DID: 2404983507

2404983511

I 2404983512

Analog FAX

OCS communicator
Extension: 3508
DID: 2404983508

Manage ment Console PC
IP:

Corporate Network PEX Voice VLAN

= Service Provider Network Analog Line

Figure 2 SIP Trunk LAB Reference Network
The lab network consists of the following components:
e  Device Under IOT Test:
—  PBX: Microsoft OCS 2007 R2
—  Enterprise SIP Gateway: InnoMedia ESBC9380-4B
e  PBX Client: Microsoft Office Communicator 2007
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. 0CS2007 R2 Configurations

The instructions provided in this section are intended to help Field Install Technicians configure the OCS R2 to connect
to InnoMedia ESBC9x80-4B. They are not intended for advanced functionality setups. It is further assumed that the
Field Install Technicians already have knowledge of OCS R2 operations.

1. Logontoa Communications Server 2007 Mediation Server.
2. Click Start, point to Administrative Tools, and then click Office Communications Server 2007.
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Create Location Profiles

1.
2.

3.

Right-click the Forest node, point to Properties, and then click Voice Properties.

On the Location Profiles tab.
Location Frofiles |Ph0ne Usagesl Policvl Routesl

Location proJ@s define how numbers are ko be translated when dialed
from a defined location, Each profile has a set of normalization rules,

Location Profiles:

Marne | Description
ocs-iphex-digitmap ocs digitmap - 3 digit extension

add... Edit...

Figure 3 Location Profiles
Click Add to create a new location profile.
Add Location Profile : x|

L

Marne: Incs-ipbx-digitmap

Display kewxt:

IaII digit

[~ optimize device dialing

External access prefix: I

~Mormalization Rules

Mormalization rules are processed in the order lisked, Use the up and down
buttans to adjust the order.

Crgm

Up |
[

Edliti. Eemoyve |

Figure 4 Add Location Profiles dialog box
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® Name: type a useful descriptive name.

® Description: type the common, recognizable name of the geographic location to which the location
profile applies.

4. Click Add to open the Add Phone Number Normalization Rule dialog box.

Add Phone Number Hormalization Eule il
L%ne: Jal digit

Copy rule. .. |

Description:

— Translakion

LL

Phi ular expression:
AL
Translation paktern reqular expression:

[+l

Yalid translation characters are +, numbers, and $. Example: +142541.

[ Internal enterprise extension

W Use translation when dialing From device

Guide ko creating common phone number translations: Launch guide. ..

— Test translation

Tao kest the kranslation, enter a sample dialed number, IF it matches the phone patkern, the
kranslation will be shown,

Sample dialed number;

Translated number:

Figure 5 Add Phone Number Normalization Rule

® Name: type a name that describes the number pattern being normalized (for example, 5 Digit Extension
or 7 digit calling Toronto).

® Description : type a brief description of the normalization rule.

® Phone pattern regular expression: use .NET Framework regular expressions to describe a phone number
pattern (for example, 29(\d{7})$, which describes a phone number pattern consisting of the number 9
followed by any seven digits).

® Translation pattern regular expression: use .NET Framework regular expressions to describe the E.164
phone number corresponding to the number entered in the Phone pattern regular expression box.

® Use translation when dialing from device: check.
Click OK.

Create as many normalization rules as your location profile requires.
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7. When you are done, click OK.

Assign Location Profile to Pool

1. Configure an Enterprise Edition Pool, expand Enterprise Pools, right-click the pool that you want to configure,
click Properties, and then click Front End Properties.

2. Onthe Voice tab, in the Location Profile box, select the default location profile for the pool.

%.\thenticatinn I Federation I Ho=st Authorization | Archiving
General Eouting Compression

Monitoring ¥oice | ¥ideao I PSTH Conferencing

~Location Profile

Select the default location profile for this pool:

Wi

—Iv Enforce phone lock
Minirmum PIM lenagth:

B
o
—

Minirmurm kirmeout (minutes): 1

Advanced options; Configure. .. |

b3

Figure 6 Assign location profile

3. Click OK.

Configure Mediation Server

1. Expand the Mediation Servers node, right-click the Mediation Server to be configured, click Properties, and
then click the General tab.

2. In the Default location profile list, select the default location profile for this Mediation Server, as shown in
Figure 7 . The IP address entered for Communication Server listening IP address indicates the SIP Contact of
PBX Static Registration on ESBC page, as shown in Figure 25.
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Generﬂhl Hext Hop Conmections I Certificate I QoE I

AI:IJ_J Mediakion Server
1L

Comminications Server liskening IP address:

[172.16.1.59 =l

Gateway liskening IP address:

[172.16.1.57 =] Port: ISDED

A Edge Server:
II{NDne]I j

Default location profile:

Incs-iphx-digitmap j Yiew |
Media port range: IE'U':":":' e} |54|:":":|

Figure 7 Configure location profile
3. On the Next Hop Connections tab, under PSTN Gateway next hop:

General WNext Hop Conmections |Certificate I QoE I

— Qffice Communications Server next hop

specify the Office Communications Server used for routing inbound
PSTHM calls.

FQDN:

ool rd., com j
Port: ISEIE-I

—PSTH Gateway next hop

Specify the PSTH gateway connected bo this server,

address; I1?2.16.1.2E|

Part: IW
Transport: ITcp j
Encryption level; IDD rob suppark encryplion j

Figure 8 Configure PSTN Gateway address

10
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® Address: specify the IP address of the ESBC LAN interface.
® Transport : select TCP.
® Port : accept the default of 5060 for TCP.

4. Click OK.

Configure Call Authorization

Create a phone usage record
1. Right-click the Forest node, point to Properties, and then click Voice Properties.

2. Onthe Phone Usages tab, click Add to create a new phone usage record.
Location Frofiles Fhone Usages |Pu:-licv| Rnutesl

&e the Add, Edit, and Remowve butktons ko manage the phone usage
records.

Add Phone Usage Eecord ﬂ
Marme:

|| I

De=scription:

f

=

[~
(] 4 I Cancel | Help |

add. .. | Edit. .. | REmovE |

Figure 9 Create phone usage record

3. Continue adding phone usage records as needed, and then click OK.
Create a Voice Policy

1. Right-click the Forest node, point to Properties, then click Voice Properties.
2. On the Properties dialog, click the Policy tab

11
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Lt&atinn Frofiles I Fhone Uszages Folicy |Fu:uutes I

Specify an Enterprise Yoice policy For all users, or choose ko apply woice
policies on a per user basis,

Global palicy: Ise per user policy j

Defined palicies:

Marme |
Defaulk Palicy
ocs-iphy-users

Edit... Remove

Figure 10. policy

3. Click Add. Type a name in the Policy name box. Select the Allow simultaneous ringing of phones check box.
AR policy x|
Bolicy name: I

v allow simultaneous ringing of phones

—Phone usages

Ik Cancel Help

Figure 11 Policy
4. Click Configure. Select a phone usage from the Available list, and then click the right arrow to add the usage
to the Configured list.

12
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Configure FPhone Usage Becords . zﬂ

Select and move records ko the right ko add them ta the policy, Order is significant, (Moke; phone usage records can only
be created using the phone usage property page.)

— Available

— Configured

Defaulk Usage

p |
= T

Ik Cancel | Help |

Figure 12 Add phone usages to the policy

5. Click OK, and verify that the phone usages you added now appear in the list of Phone usage records in the
Add Policy or Edit Policy dialog boxes.
6. Click OK.

To select a global voice policy

1. On the Policy tab, open the Global policy list, select Use per user policy.
Location Prnfilesl Fhone Usages Folicy IRnutesl
Specify an Enterprl’s\\b ‘oice policy For all users, or choose ko apply voice
policies on a per user basis,
Glabal palicy':
Figure 13 Select global voice policy
2. Click OK.

Configure Outbound Call Routing

1. Right-click the Forest node, point to Properties, and click Voice Properties.
2.  Click the Routes tab

3. Click Add.

13
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Loc{}éion Profilez | Fhone Usagzes | Folicw Routesl

Please use the buttons below to modify, add, view, or remove a route, To
see the entire routing kable, please see the Status Pane,

Routes:

add... | Edit. .. | Remove |

Figure 14 Routes list

Add Ecute x|

Hame: IaII calls
Descripkion:
route all external call ko ocs gw ;l

[

& route requires a target phone number regular expression, one or more
gateways, and one or more phone usages.

i~ Target phone numbers:

Target regular expression

AT
Helper. ., |
~Gateways
Address I

ms.rd.com:S061

add. .. Remaove

Phone usages
ocs-iph

Qk, Cancel | Help |

Figure 15 Create new Route

14
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® Name: type a unique name for the new call route.

® Description: type an optional description of the new call route.

® Target phone numbers: use .NET Framework Regular Expressions to describe the pattern of the phone
numbers that are to use this route.

Click Add to add a media gateway or Mediation Server to the Gateways list.

Click Configure. Select the phone usage record you want to add from the Available list, and then click the
Right Arrow key (>) to add the record to the Configured list.

Fonfigure Fhone Usage Eecords |

Select and move records to the right to add them to the route. (Mote: phone usage records can only be
created using the phone usage property page.)

— Available — Configured

Default Usage

il

ol Cancel Help

Figure 16 Add a phone usage record to this call route

6. Create as many routes as you need, and then click OK.

Enable Users for Enterprise Voice

1. Expand the pool or server where your users reside, and then click the Users node.
2. Inthe right pane, right-click one or more users whom you want to configure, and then click Configure users.
3. Follow the Welcome to the Configure Users Wizard to configure user.

Configore Office Communications Server Users Ti

Co

1gure Enterprisze ¥oice
Enable or dizable Enterprise Voice for selacted users.

—Woice settings

[V cChange Enterprise Yoice Settings for selected users

i= Enal:ule Enterprise Woicei

" Disable Enterprise Yoice

Emabling Enterprise Yoice disables remote call contral For the selected users, Only enabled
users with a valid ine URI can use Enterprise Yaice,

Figure 17 Configuring Enterprise Voice for Users

15
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Configure Office Communications Server Users Tizar

Configure Enterprise Yoice Settings and Location Profile
Specify or change Enterprise ¥Woice policy and Location Frofile.

—Woice policy

¥ Change Enterprise Yoice palicy For selected users

Iu:u:s—ipbx—users j Wigw |

Enabling Enterprise Yoice disables remote call control For the selected users, Only
enabled users with a valid line URI can use Enterprise Maoice.

~ Location prafile

v Change location profile For selected users

iocs-ipb-digitrnap Wig |

Location profile will be changed to specific setting for all the selected users.

Figure 18 Configure Users

Configure telephony setting of User

1.
2.

Expand the pool or server where your users reside, and then click the Users node.

Double-click the user you want to configure. Click Configures of Telephony Setting.

16
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Telephony Options = il

Select a telephony option. These settings affect only those calls that are routed
through IP-PSTN or remaote call control gateways.

" Enable PC-to-PC communication only
" Enable Remote call control
¥ Enable Enterprise Yaice

[~ Enable PBZ integration

Mote: To enable both remote call control and PEX integration, you must
specify a Server URI below.

Palicy: IDCS*iDbX*US&FS j

View, .. |

Server URL Isip:
Line URI: |te|:+ 12404983506
Location profile: Iocs-ipbx-digitmap j
[% View, .. |
Ok | Cancel | Help |

Figure 19. Configure Telephony setting for user
® Line URI: Enter Pilot Number User ID.
®  Select the policy and location profile.
3.  Click OK.

17
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Mediation Server Overview

Check the configuration result and status of mediation server.

- 1. Office Communications

Certificate settings

Marne:
s, rd.com

Location Profile
ocs-ipbe-digitmap
=2 3 digit extension

Server 2007 2
Status Ewvent Log Performance Resaurces
= General SEL&\%QS
= Windows services
Mediation service: Funning

Issuer Marne:
rd

Expiration Date:
2011-7-21

ocs digitmap - 3 digit extension

Media port range:

Phone Pattern: ~OddE
Translation: +%1
= 4 DIGITAL EXT
Phone Pattern: ~d{4} )%
Translation: +4$1
=2 &l digis
Phone Pattern: ~d* %
Translation: +$1
A Edge Server FODM: “hlonez
AN Edge Server pork: “Mone:=
= Listening Connections
Listening address For Communications Server: 172,16,1,59
Cammunications Server liskening park: 061
Listening address Ffor Gateway kraffic: 172,16.1.57
PSTM Gateway Listening Port: S060

a0000 - 64000

= Mext Hop Connections

Cammunications Server Mext Hop FODM:
Communications Server Mext Hop Park:
PATH Gateway Address:

PSTM Gateway Port:

Gateway Transpork Type:

Gateway Encryplion Level:

poal.rd.com

G061

172.16.1.20

S0E0

TCP

Do Mok Support Encryplion

18
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= Route Information

The Following roukes are served by this Madiation Server, Please use the Route tab on the Voice property page to add, modify or deleke a route,
To access the Yaice property page, right click the Forest node af the MM bree-view pane,
= al cal% route all external call to ocs gw

Phone Mumber Pattern:
R d*E

Phore Usage:

= oes-iphx

Descripkion:

Figure 20. Mediation Server overview

19
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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

Enter the SIP Service information provided by your service provider.

@ @ A Y ESBC 0OO
Model:ESBC-9380

Home Network Telephony System  Wizard Theme Help

l;? Trunks Setting

[+ Configure parameters of Trunk profile.

| broadworks |

Default Profile

Profile ID | |Broadworks

= SIP Server

SIP Domain | [Broadworks SIP domain
Host [Broadworks SIP proxy IP or FQDN
Port [EO60  (Default: S060(UDRTCR), 5061(TLS))
(®) Ssame as SIP Proxy

@] [
O Learn from DHCP Option 15
{ Only valid when ESBC Internet Connection Type i configured as DHCP Client. )
Host Name Prefix |

SIP Proxy

SIP Qutbound Proxy

in Retry Interval |30 secs (Default:30)
Max Retry Interval |[1800  secs (Default:1800)

Transport | |Auto v

|

Figure 21 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:
®  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.

20
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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.

]
& o .‘- g 'L Pi-' 211 ESRC - :
@ & A | L ¥ ESD.
Home Hetwork Telephony System Wiizard Theme Help Model:ESBC-9330
= sIPUA Setting S
@ Telephony

© Configure parameters of SIP UAs interconnecting with external TSP
= p@ - $IP TRUNKS Tar =5 i

‘“ Trunks Setting SIP User Accounts Registration Agent
% Trunk SIP Profile
= (@ SIP ACCOUNTS Search: | Al v

Mo, UserID Auth ID  Registration Agent Trunk Proxy Profile  Trunk SIP Profile  Type PBX SIP Profile RegistertoE
*F @) 1 | 2404933506 ESBC Broadsoft SIP-Trunking siP Generic Regist

“, Bulk Az=igning
= & SIP-PBX and FXS

% PBX 3P Profile Page 1 of 1, Total Records 1
& Fxs Port setting

1“ Authentication =
Batch Config| Refresh
& =P Parameters

Figure 22 ESBC SIP Account Settings

Configuring Registration Agent
1. Click Registration Agent tab, as shown in Figure 22.
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 v
O No. Agent Name Main Public Indentity Action
O 1 ESBC 2404983506@as iop1 broadworks net <innohedia 10T= ﬁb‘ ]

Page 1 of 1, Total Records 1

Add | Delete
Figure 23 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
24, or by editing an existing UA account as in Figure 25.

User ID Display Name Auth 1D Auth Password Default Route Action
2404983506 Enterprise password o

Figure 24 Configuring Default Route-1
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SIP UA Setting ( 14087895000

[ +] Configurs SIP UA parametsrs.

Type

User D

Dizplay Mame

Auth ID

Auth Pazsword
Trunk Proxy Profile
Trunk SIP Profile
Registration Agent

Tranzcoding Profile

PBX Authentication Mode
PBX Auth Pazzword

PBX SIP Profile

PBX Static Registration

siP
Enabled
Default Route
|za04983506
|2404933508

I

|
|SIP—'-runking General | %

lecal

® |auth pazzword
O Sames as Auth Pazzword

| Microsoft 0CS

bt

© Enabled

SIP Cuntau:t!2404983506@1.?2.1.6.]..59:SDGEI {u=er{@pbx-ip:port)

@ Apply @ Cancel

Figure 25 Configuring SIP UA Settings and Default Route

Configuring SIP Account(s) to ESBC using Static Mode to Service Provider Network

By default, the ESBC Trunk SIP Profile is config
to change it.

1. Navigate to Telephony > SIP TRUNKS > Tr
2. Check Static Registration option

ured with registration mode. If static mode is required, follow these steps

unk SIP Profile

‘. Profile Configuration

Lo Configure SIP parameters for SIP server.

SIP-Trunking

profile20001

O
Profile 1D

SIP Parameters

Default Profile

Static Registration

Enable Session Timer {remember to enable global session timer)

Figure 26 Configuring static operation mode
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Configuring ESBC using Static Operational Mode with SIP-PBX

0CS2007 R2 uses 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 ESBC profile list. Check it as Default Profile and click Apply button, as shown in Figure
27. If your PBX is not in the list, click Add button, please refer to Figure 28 and configure your PBX settings
accordingly.

¢ PBX Profile Setting

© Manage Profile list and Set defautt profile.

No. Profile ID Default Profile Action

1 Generic 'n‘ ] Import Export
2 InnoMedia-iPBX400 il 8 @ | import Export
3 Cisco Unified CM il 8 @ | import Export
4 Microsoft OCS O Import Export
5 Cisco UCS00 il 8 @ | import Export
& Allworx O 'n' T Import Export
T Asterizk - Switchvox |:| 'n‘ ] Import Export
2 Fonality Trixbox O 'n' g} Import Export
g Pingtel SPxchange il 8 @ | import Export
10 IPTel SER O 8 @ | import Export
1 Aastralink Pro 160 | 8 @ | import Export
12 Linksys SPA 9000 il 8 @ | import Export
13 Avaya P Office 500 i N s— Export
14 Shoretel O 'n‘ ] Import Export
15 3CX | L [ 1mport Export

Add

©
=
3
-

Figure 27 PBX Profile List

1>

‘b_ Profile Confiquration (profile10011)

[+] Configure SIP parameters for SIP terminal.

Prefie ID | [Your PEX Name

SIP Parameters
Enable Static Registration

D Use TCP Tranzport for SIP Mezzages
Timer Invite Expires | [180 secs (Default:180)
Timer 1xx Retransmizsion | |60 secs (Default:60)

Interoperability
Country Code (Thiz will b= added or removed in the From and Contact headers) T

From’ |n0t E.164, without uger=phong e
Set URI format of Header
To |n0tE.16¢. without user=phone L
Set ldentity header for callz to SIP terminal |NONE w
|5&tFr0m header to: "Ancnymoug” <gip:anonymouz@[domain]= -

A m ]

Figure 28 Adding a New PBX Profile and Enabling Static Registration to ESBC

3. Refer to Figure 25, to enter authentication password if you requires ESBC to authenticate your SIP-PBX.

23



InnoMedia ESBC Application Notes—SIP PBX-Microsoft 0CS2007

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

Different service providers may expect different Call Transfer/Forward methods when interfacing with their core
networks.

ESBC supports two methods to interface with core network. (1) SIP REFER & (2) Re-INVITE.
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 <Action>. Scroll down
and configure this Feature item: Process Call Transfer and Call Forward Locally, as shown in Figure 29.
e  REFER method: Uncheck.
®  Re-INVITE method: Check

3. If the SIP-PBX uses REFER to accomplish call transfer, then the ESBC can either use REFER or re-INIVTE to interface
with service provider’s network.

Note:

1. If the SIP-PBX only supports SIP Re-INVITE method to perform call transfer/call forward requests, then in turn the
ESBC can send only INVITE signals to core network when the transferee is external to ESBC.

2. If the SIP-PBX uses REFER to accomplish call transfer, then the ESBC can use either REFER or re-INVITE to interface
with core network. (Check the box when necessary, “Force send REFER even if the peer not add REFER in the
ALLOW header” (as shown in Figure 29).

[ reject all received REFER
Force gsend REFER even if the peer not add REFER in the Allow header

D Remove other media types when =ending T.38 offer

Order of =ending Re-INVITE= | Send re-INWITE= all the way directly w

Method of proces=ing INVITE without SDP |55n:| INWITE2 without SDP w

Methed of processing re-INVITE without SDP |Sen:| re-INWITEs without SDP e

D Accept RTP/AWVP with =descriptions offer

SDP with Secure Dezcriptionz ]_ranam'ﬂ sdescription tranzparent | v

D Uze Main Public identity in Centact Header

tarp [

D Trunk Group Identifier
trunk-context |

P-Accezs-Network-info Header
Security
D Check the domain/host part of the To header in incoming reguests
D Check the =ource IP address of incoming SIP messages
Features
| Reguire Regizter event(2GPR)
D Not Retry Regizstrations on 403 Responzes

D Send SUBSCRIBE for Mezzage Waiting
Interval |3600 =secs

D Process Call Transfer and Call Ferwarding Locally
D Support 100rel for Outgeing calls

Play Ringbkack Tone until receive 18X rezponse from SIP Server

153

|_|I nnn Netertinn

Figure 29 Configuring Call Transfer Methods
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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.

Navigate to Telephony>SIP TRUNKS>Trunk SIP Profile

vk W

PBX.
Interoperakility

Set URI format of Header

Anonymous call

Set From header for Outgoing calls

Set Identity header for Outgoing callz

Choose the target Profile ID, and click the <Action> icon to configure this setting, as displayed in Figure 30.
Display “Main Public Identity”: pilot number (and/or default route)

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

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

From |nctE.1?¢. without uger=phone

0 |nctE.1E=. without uger=phone

REGISTER | net E. 184, without user=phone

Refer-To | not E. 164, without user=phons

L . S

forward |nct E. 154, without user=phone 302 contact

|551Frcm header to: "Anonymous” <zip:anonymous@anonymous.invalid= | %
Eetpriwacyh&aderto the value "id

Use Main Public dentity 4

[ HoNE v

Figure 30 Configuring Caller IDs for outbound calls
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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’s 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 the ESBC.

When performing Call Transfer using the 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’s while handling calls originating from other networks may have an invalid domain name in the REFER-To
header and hence the call may be routed to an unexpected destination.

A SIP-PBX B SIP-PBX C
1111 192.168.11.1 5506 192.168.11.1 5507
SIP Trunk User 192.168.11.6 162.168.11.7
192.168.1.5
Acalls B 1ITE | 2INVITE
o - °
Aand B talk RTP (Audio)
BputsAonhold _ 3INVITE  4INVITE
- - 5 INVITE 8 INVITE
B calls C > -
[ ) [ ]
. . RTP (Audio)
[ ] [ ]
B puts C on hold TINVITE 8 INVITE
9REFER | 10REFER -
B refersAto C -
L]
A C 1 INVITE 5506@domain.com
11 INVIT 9. Refer-to 1111@domain.com
A calle © AN ; @fdomain.com

Figure 31 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.

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 it doss notesxist| |
P-Preferred-ldentity

Get Caller ID from SIP Header if exizts P-Azzerted-ldentity
Remote-Party-ID
Alert-Info

Forward SIP Header to SIP terminal Hiztory-Info
Diverzion
Forward DTHF in SIP INFO to SIP Server

Strip ICE Attributes

D Remowve Contact and Record-Route Headers in 180 Rezponzes
D Add expires header in the 200 response of registration

[Juse the 2P terminals P address as the domain

D Use "Ir=true” for looze routing

D Uze entire SIP addre=s as the authentication name

[use rFC 2543 Hold
Prefer Route by identities

D Remove other media typez when =ending T.38 offer

| lgnore demain in Refer-To header |

Order of 2ending Re-INVTE= I Send re-INVITE= all the way directly b

Figure 32 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 SIP-PBX carries a locally
generated Call-ID, i.e., Call-ID: Y instead of conforming to Call-ID: X1 as the first call, as illustrated in Figure 33. 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 a new media stream is setup to the caller with ESBC.
Please refer to Figure 29, this feature “Process Call Transfer and Forwarding Locally” should be checked.

Provider
ESBC

PSTN CallerA
May I speak to C?

Transferor B REHER Processfifer and
Sure, lwill transfer to C. fwd [pcally

Call-ID: Y l Call-ID: X
Refer Cto A

Transferee C

Service Provider sees a
relNVITE with the same
Call-1D: X

SIP PBX creating Call-ID:
Y for “REFERCto A”.
However Call-IDY failed
toassociatethe
previously established
Call-IDX1.

Figure 33 The SIP PBX Transfer Problem with the REFER Message
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