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1. Introduction

This application note provides configuration steps for Service Providers to deliver SIP Trunking Services to enterprise
customers deploying the Cisco UC 520 SIP PBX 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 credentials with the service provider network.

2. Interoperability Compliance Testing

The SIP Trunking ESG - PBX interoperability lab setup is shown in Figure 2 where a Cisco UC 520 is connected to an ESBC,
which in turn is registered to the service provider’s 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 Cisco IP phones and FAX machines connected with the UC520 FXS ports.
e Qutbound calls from Cisco IP Phones FAX machines connected with the Cisco UC520 FXS ports.
e Various Call features:

— Blind and Consulted Call Transfer

— Call Forwarding

—  Caller ID/Caller name presentation

— Three way conference call

— User features such as hold, resume
e  DTMF transmission using in-band transmission and RFC2833 packets
e (Codec: G.711 mu-law, G.729
e  FAXon FXS ports: G.711 pass-through, and T.38 relay

Features Not Supported on UC520

®  GIN registration

Limitations or Not Tested at 10T lab

e Codec negotiation

Equipment and Software Validated of this Application Note

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

ESBC
Model : InnoMedia ESBC 9378-4B
Firmware Version : esbc-9x-2-0-12-40-Build 3
PBX
Model : Cisco UC 520
PBX Firmware version :15.1 (4)
Cisco 10S version :12.4 (11r)
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Cisco Configuration Assistant :Version 3.2

PBX LAN Phone

Model : Cisco IP Phone 7960
Firmware version :8.0
SIP Server
1. Alcatel Lucent : CTS
Version :8.2ER6
2. Broadsoft : Broadworks
Version :R18

LAB Configuration Example

Table 1
Component | IOT LAB Value Your Value
InnoMedia ESBC
LAN IP Address 172.16.176.1
LAN Subnet Mask 255.255.0.0
WAN IP Address DHCP from service provider
Cisco UC 520
WAN IP Address 172.16.20.254
Voice VLAN IP Address 10.1.1.1
Data VLAN IP Address 192.168.10.1
DID Account Number Account Attribute
+19193825401 Pilot Number
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ESBC — PBX UC520 IOT LAB Setup
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Figure 2. SIP Trunk LAB Reference Network

The lab network consists of the following components:
e Device Under IOT Test:
—  PBX: Cisco UC520 PBX
—  Enterprise SIP Gateway: InnoMedia ESBC9378-4B
e  Two Cisco phones on the local LAN registered to UC520, and one fax machine connected to an FXS port of UC520
e  Service Provider’s Core Network

o Alcatel-Lucent IMS CTS version 8.2 ER6 Softswitch

o Broadsoft Braodworks R18 Softswitch

3. Cisco UC 520 Configurations

The instructions provided in this section are intended to help Field Install Technicians configure the Cisco UC520 to
connect to the InnoMedia ESBC9378-4B. They are not intended for advanced functionality setups. It is further
assumed that Field Install Technicians already have knowledge of UC520 operations.

1. Connect Cisco phones to UC520 LAN I/F
2. Connect an analog phone and a FAX machine to Cisco UC520 FXS ports
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3. Start Cisco Configuration Assistant (CCA) software from the PC on which the CCA is installed.

4. Login to CCA. Figure 3 shows the topology of the UC520 network if CCA connects properly. The configuration
menu is in the left panel.

" 172.16.20.254 : Cisco Configuration Assistant

System  Window Help ||l lll
L . - L
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IP Phone 7350

Figure 3 Cisco UC520 Configuration Assistant: Topology
Setup IP Network Configuration

Configuring Internet Connection

1. Navigate to Configure > Routing > Internet Connection. Enter IP information for the UC520. Note that the
Internet IP address has to be within the same subnet as that of the ESBC LAN interface.

" 172.16.20.254 : Cisco Configuration Assistant
System  Window Help
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0
@ Home: ey Modify Internet Connection

iy
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“-Save Configuration, ..
(&) Static IP () DHCP IF Negotiated
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€

Figure 4. Cisco UC 520 Internet Connection Configurations
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Configuring PBX LAN Network for Voice and Data VLANs
1. Navigate to Configure > Routing > IP Addresses

2. Unless otherwise required, leave Cisco UC520 voice and data subnet as defaults. VLAN1 is used for data, and
VLAN100 is used for voice. If required, change to different IP subnets as desired.

" 172.16.20.254 : Cisco Configuration Assistant
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Figure 5 Cisco UC520 IP Configurations for LAN Interface

SIP Trunk Setting

For PBX Registration Operation Mode
1. Navigate to Configure > Telephony > Ports and Trunks > SIP Trunk

2. Configure Proxy Server (Primary) IP address and Registrar Server IP address as the IP address of VoIP LAN
interface of ESBC.

3. Configure Digest Authentication. Authentication User name and password should match what is configured on
the ESBC.

4. Configure SIP Domain Name if required.

For PBX Static Operation Mode

To configure the Cisco UC520 so that it does not attempt to register with the ESBC, leave the Registrar Server and Digest
Authentication username and Password fields empty.

Note:

Changing from registration mode to static mode or vice versa requires a reboot of the UC520 for the new settings to take
effect.
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Figure 6 SIP Trunk Setting

Configuring Users and Phones

1. Navigate to Configure > Telephony > Users/Extensions > Users and Phones
2. Click tab “User Extensions” where UC 520 Phones and users can be added and edited, as shown in Figure 7.

co Configuration Assistan|

System  Window Help
W @E @\ RKEREL -S4

9. =3

B O cisco

% Users and Phones

D
B3 cortoee
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e::egmtnv MAC Address Phone Type First Extension First Mame: Last Name User ID
-System
5} Ports and Trunks D706.E6EA.0000 anl 5301 Fhoned Anslog lAS301
FX5 Ports B&FA.CFE4.0001 anl 5302 Phoned Analog as302
PSTH Trunks
SIP Trunk BSFA.CFE4,0002 anl 5302 FhoneB Analog 5303
Trunk Status BAFA.CFE4.0003 anl 5304 PhaneD Analog a5304
- Users/Extensions
0021 5504, F6F7 o info) 6688 Michasl Strahan Ps201
Szl 0018, 73F2 F152 7960 8501 Cisto IFPTmo FPFISZ
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Local Directary 0003 665 15F5 7950 5007 Cisco IPPTwa Tests206
- Phone Groups
1 Vnice Features 0008 5021.0738 ata 5851 o info) tno info) [dn4086785201
#-Call Handing W ooz sk 3Fes 7960 5406 Cisco Smith lciscZ001
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L 0010,9930,957E ata 5023 MTA Inna innomtal z345
- Outgoing
- Call-back Rules 3
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Manitar
[ \ e etk I Total Rows: 12 [ .. ] Delete... | [ Import
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Figure 7 Add and edit user extensions on Cisco phones

3. Click tab “Analog Extensions”, to configure FXS port numbers and their roles, such as “Common Area Phone” or
“FAX”. As shown in Figure 8, IOT LAB has FXS port 0/0/1, extension 5410, configured for FAX transmission.

5 172.16.20.254 : Cisco Configuration Assistant

System  Window Help
. - : i
R oEBLAERS S AmTE O cisco

l ﬁr i %3 FXS Ports

[ {é} Configure Devires
&-Routing Haostname: |LAB_LICS20

(=) Telephary
[=-System F5 Ports
H -Gystem Settings

o To further configure "User Phone” go ta Telephony > Users and Extensions > Users and Phones >
User Extensions.
To further configure "Common Area Phone” and "Fax” go to Telephony > Users and Extensions >
Users and Phones = Analog Extensions,

¢ —Region
Parts and Trunks

i Pork: Role Deescription Signal Extension
E Applications [o/0/0 || common rea Phane v | Ucs0o-Fxso |[Loop start. v |[500 ]
— [0t [common area Phone v | | UCS00-Fr5L |[Lonp start | |
l@ ok 002 || Common Area Phone | [ LCS00-Fxs2 Loop Start v

l 4, Traubleshaat [0/03 || common area Phane v | [ UCS00-Fx53 |[Loop start v || |

I (‘f‘yMaintenancs
PartnerConnectlon Ok Apply [ Refresh ” Cancel “ Help ]

[

Figure 8 UC520 FXS ports setting

Configuring Outbound Routing

Navigate to Configure > Telephony > Dial Plan > Outgoing

2. Click tab “Outgoing Call Handling” to set parameters such as Dial Pattern and Trunk Priority. In the LAB example, the
trunk priority is set to “SIP then PSTN”. In this case, the UC520 will try to route outbound calls via the SIP trunk first.
If it fails to route the calls via SIP, it will then route them via a PSTN trunk.

%" 172.16.20.254 : Cisco Configuration Assistant
System Window  Help

NGO B ABLE S emNE O_ cisco

€§} Grfians Devices

£ Ports

+Switching
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=) Telephony

(#-System
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Mumbering Plan Locale: |N0rth American-10-Digit -

Defalt Access Code: [s ]
Digit Collction Timeout [2-120]: seconds

£-Security
£-Device Properties Satoa B
“5ave Corfiguration. .. FPermissions Description Access Code 4 Eeqins With Mumber of Digits Dial Pattern Trunk Pricrity Configure Priofity
Blocked 5] 1900 11 [91900xs0kx Configure Priority
Elocked t I 9 1976 11 (3197 formonons I 5Th Configurs Priority

ational Long Distance 212 9o 2-9 e Nane Configure Priority
Applications Mational Mational 9 1 1 T — hone |[ Configure Priarity
BB vonitor
\ Troubleshoot v
< | =

(‘\9 Maintenance

m Partner Connection

i

Figure 9 Dial Plan for Outgoing Call handling
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3. Click “Caller ID” tab to configure Caller ID for outbound calls. In the LAB example, the pilot number is
+919193825401 as shown in Figure 10. (Note it is necessary to prepend the “+” sign to the caller ID which is used in
the Caller ID Main PSTN Number field). NOTE: Caller ID needs to be globalized with the “+” sign in order for call
forwarding to work in the TWC network.

92 172.16.20.254 : Cisco Configuration Assistant
System indow Help

WG G GUAHEL - LAmfE O
"
@gnnfigura

#3s Ouigping Dial Plan

Devices
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[+ Switching

+-Routing Cutgaing Call Handling | PSTH Trunk Groups | Caller 1D

(= Telephony
B Caller ID Per Call Block Code: | * || 67
o

[=)- Patts and Trunks Caller ID Main PSTH Nurnber

Dutgaing Trunk. _] Caller Murnber J Zaller ID Main PSTH Mumber ]
Internal Extensions 2146502000

~PSTN Trunks
- 5IP Trunk.
“Trunk Status

Users/Extensions

~Phone Groups

~oice Features
Call Handling

~Dial Plan

: Incaming

Internal Extensions

- B BB

= Call-back Rules
+]-Site Management
+)-Phone Customization
(- Security

-- Device Properties
L.Gave Canfiguratian. ..

Applications
\ Troubleshoaot
G
Partner Connection

L jo[a] [e]®

Total Rows: 2
o The default caller ID For calls going out through SIP(Service Provider 1) is +19193825401, Caller IDs For specific extensions ko override +19193825401 may be added here,

Primary Extension - Caller 1D

e

Apphy [ Refresh H Cancel ][ Help ]

53

Figure 10. Caller ID setting

Configuring Incoming Routing

1. Navigate to Configure > Telephony > Dial Plan > Incoming

2. Click “Direct Dialing” tab to configure DID phone numbers to be routed to internal devices with corresponding
extension numbers.

11
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4% 172.16.20.254 : Cisco Configuration Assistant
System window  Help
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Figure 11. Direct Inward Dialing to UC 520 extensions

<

53

Configuring T.38 FAX Transmission

UC520 FAX transmission, by default, is configured as G.711 pass-through. If the T.38 FAX protocol is desired, it is
necessary to use Cisco 10S CLI commands to manually configure the UC520 to support T.38 for fax transmission. The T.38
fax protocol can be configured globally for all VolP dial peers. Use the fax protocol command in voice-service mode.

Connect the UC520 serial console and enter 10S Privileged EXEC mode, then enter the command as in Figure 12. Select
T.38 appropriate settings according to your network conditions.

voice service voip
fax protocol t38 ls-redundancy 3 hs-redundancy 1 fallback pass-through g7llulaw

Figure 12. T.38 FAX protocol configuration

Note:
If your CCA version is 3.2 or above, you may use the CCA GUI to configure FAX transmission mode.
1. Navigate to Telephony > Ports and Trunks > SIP Trunk. Click on “Service Provider Settings” Tab.
2. Choose the FAX protocol accordingly:
e T.38
e Upspeed G.711

12
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20.254 : Cisco Confipuration Assistant
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System Settings configured on the WA interface, The LICS00 Firewall is currently not configured or not recognized.
=P tREgIEr; ks SIREIRIDIET | Account Infarmation | Advanced Options | Service Provider Settings
—J-Ports and Trun
Fx5 Ports o If a SIP Service Provider kemplate file has been pravided to you, select Import to update settings.
PSTH Trunks e 1t is also recommended to export new SIP Service Providers to a template File For backup and import to ather CCA installations.
i Eee st Broadview Networks Gereral | Session Data|
—|-UsersfExtensions akls BT 0 Far calls to vaicemail or auto attendant, transcoding may be required depending on voice codec and DTMF method. Transcading is
-Users and Phanes Cheyond currently nok required,
Yoicemail il Ik Tel
i Service Provider Name: Generic SIP Trunk Provider MNumbering Plan Locale: Morth American
- Single Mumber Reach L Kenyo
5\‘5t|5m Speed Dial Ll Megapath Preferred Yoice Codec: #lternate Yoice Codec;
- Local Directary
nTelos
—-Phone Groups } Fax Protocal; Upspeed G711
.-Hunt Groups als MuMox
Call Blast Groups — || [+ one Communications DTMF Method:
ks OpenlP i g
A= et 3 : : DIDiE =gl o (#) Register Caller I Main Number
Paging Groups Optimum Business
--Paging Cast Option Al PAETEC () Reaister All DIDs Using Same Password
+-Voice Features -
5 i || s Portugal Tedecom () DIDs Register Using Different Passwords
T sls Quest Communications
Applications Skype For SIP (") Do Mot Register DIDs —
WxC 5IP
ﬁ Manitar l ”
= A0 Communications
l \ Troubleshoot l
hs
l ("? Maintenance l l apply ] l Refresh ] [ Cancel ] [ Help ] =
~
Partner Connection l | ==

oa| [&8|®

Figure 13 FAX protocol Selection
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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 Setting

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

@ % wal P A ESBC 0006

Home Network Telephony System Wizard Theme Help ModelESBC9378-4B

% Trunks Setfing

[+] Configure parameters of Trunk profile.

[ EZE-PCSCF-Gm

Defautt Profile
Profile I |E2E-PCSCF-Gm

1

[=l SIP Server

SIP Domain | |ims.eng.rr.com

Host |eepcscf-gm.ims.eng.rr.com
SIP Proxy

Port |S060 (Default: S060(UDP/TCP), 5061(TLS)) |
@ Same as SIP Proxy

=) Host |
Port |5060

) Learn from DHCP Qption 15
{ Only valid when ESBC Internet Connection Type is configured as DHCP Client. )
Host Name Prefix |

SP Outbound Proxy | -

Min Retry Interval |30 secs (Default:30)
Max Retry Interval 1800 secs (Default:1800)
INVITE Request-URI Domain | |gia-denatl.voip.hrndva.rr.com
The target of the INVITE will be the current registered PROXY
Transport | | Auto El

Choose File | No file chosen |

Securlty | ( Remember to medify SIP Proxy Port ) ol |

Figure 14 ESBC SIP Trunk — Trunk Settings

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

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

e Static mode

Configuring SIP Account(s) to ESBC with Registration Mode

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 tab 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 a registration agent. In addition, default route should be configured to this account as well.
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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.

q; SIP UA Setting

0 Configure parameters of SIP UAs nte-coanecting with excerral TSP.

SIP User Accounts Fegitration Agent
Search: | Al [=]

ho. UscrlD Auth 1D Focgistration Agont | Trunk Proxy Mrofiic Trunk SIP Profile  Tranascodirg Profilc . Typc  PBX SIP Profile  Register to ES3C Stetus Emablzd
*- @ 1 | 19193825201 | 9193825201 @ims.eng.rr.com TWC Z2E-PCSCF-Gm TWCIM3 10 Trarscodirg SIP Cisco UCS00 Registered o

Figure 15. ESBC SIP Account Settings

Configuring Registration Agent
1. Click Registration Agent tab, as shown in Figure 16.
2. Add a Registration Agent (RA) by giving its name and associate a trunk line to this RA.

{; Reaistration Agent

[+] Setting Registration Agent for SIP Trunks.

SIP User Accounts Registration Agent
Search: | Al =]
|:| No. Agent Name Main Public Indentity Action
| 1 register_agent_1 19193825201 @ims.eng.rr.com <19193825201= j@b Ui} Register| De-Register
Page 1 of 1, Total Records 1 First | Previous | Next | Last| Go to 1E|

Figure 16. Configuring Registration Agent

Configuring Default Route

Enable Default Route can be configured by either selecting default when creating new UA accounts as in Figure 17, or by
editing an existing UA account as in Figure 17.

User ID Display Name Auth ID Auth Password Default Route Action

19193825201 Enterprise password i

Figure 17 Configuring Default Route-1
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“_ SIP UA Setting { 19193825201 )

0 Configure SIP UA parameters.

Type

User ID

Display Name

Auth ID

Auth Password
Trunk Proxy Profile
Trunk SIP Profile
Registration Agent

Transcoding Profile

PBX Authentication Mode
PBX Auth Password

PBX SIP Profile

SIP

[¥] Enabled

Default Route
19193825201
19193825201
9193825201@ims.eng.rr.com
werssnerenne
E2E-PCSCF-Gm [ ¥ |
SIP-Trunking General El
™we [=]

Transceding El

nong

@) Same as Auth Password

Cisco UCS00 [=]

& Disabled
PBX Static Registration

SP Cuntad|191938252Ell@1?2.16.253.25~‘:SD (user@phbx-ip:port)

@ Apply @ Cancel

Figure 18 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. Choose the target profile to configure by clicking the <Setting> button, or add a new profile by clicking the <Add>
button.

3. Figure 19 illustrates an example of adding a new Trunk SIP profile. Check Static Registration option.

‘.-. Profile Configuration

0 Configure SIP parameters for SIP server.

SIP-Trunking | profile20001

[ Default Profile
Profile ID | |

Static Registration

Enable Session Timer (remember to enable global session timer)

SIP Parameters

Figure 19 Configuring static operation mode
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Configuring Call Transfer and Call Forward Methods on an ESBC Interfacing with the
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 <Action>. Scroll down and
configure this option, Process Call Transfer and Call Forward Locally, as shown in Figure 20.

e To allow ESBC to pass along REFER method from PBX to the operator’s core: Uncheck
e To convert REFER method sent by PBX to Re-INVITE method to the operator’s core: Check

Call Forward

Call Forward is configured together with Call Transfer on ESBC. The configuration is the same as Call Transfer, as shown in
Figure 20.

e When the option ‘Process Call Transfer and Call Forward Locally’ is unchecked, then ‘302 moved temporarily’
is sent by the PBX and passed on by the ESBC to the operator’s core for Call Forwarding.

e  When the option ‘Process Call Transfer and Call Forward Locally’ is checked, then the ESBC will convert 302
messages to re-INVITE for Call Forwarding.
D Use "Ir=true” for loose routing e
[ Reject all received REFER
D Force send REFER even if the peer not add REFER in the Allow header
D Remowe other media types when sending T.38 offer
Order of sending Re-INVITEz Send response Before fowarding re-INVITEs El
WMethod of processing INVITE without SDP Send INVITE: with a fake SDP E
Method of processing re-INVITE without SOP Send re-INVITEs with the old SDP E
DAccept RTP/AVP with sdescriptions offer
SDP with Secure Descriptions Transmit sdescription transparent El
D Use Main Public Identity in Contact Header
D Trunk Group ldentifier 18
trunk-context

P-Access-Network-Info Header

Security
D Check the domain/host part of the To header in incoming requests
Check the source IP address of incoming SIP messages

Features
Reguire Register event(3GPP)
D Mot Retry Registrations on 403 Responses

D Send SUBSCRIBE for Message Waiting
Interval 3600 SECE

m

I Process Call Transfer and Call Forwarding Locally I

D Suppert 100re| for Outgeing calls
Play Ringback Tone until receive 18X regponse from SIP Server
Loop Detection

M Replicate| Delete QApply QCancel

1]

Figure 20 Call Transfer and Call Forward method configuration
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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.
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 Figure 21.
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.

Interoperability
"From’ E.164(prefix with "+) , with uzer=phone El
To' not E.184, with user=phone El
Set URI format of Header | "REGISTER' | E.164({prefic with "+ | with user=phone El
‘Refer-To" | E.184(prefoc with "+} , with user=phone El
forward E.164(prefix with "+) , with uzer=phone El 302 contact
Set From header to: "Anenymous” <sip:anenymeusi@ancnymeus.invalid= El

Anonymous call
Set privacy header to the value "id”

I Set From header for Outgoing calls Usze the Original Caller El I

Set Identity header for Outgoing calls Add P-Preferred-ldentity Header |T|
Figure 21 Configuring Caller IDs for Outbound Calls
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5. Appendix

Trouble Shooting with Call Transfer 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 requests which cause transfer 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.

ESBC PBX B-PBX User
A-SIP Trunk User B
External IP 192.168.11.1 5506
192.168.1.5 I 192 168 11 6
Acalls B 1INVITE 2 INVITE INVITE
L] °
A and B talk RTP (Audio)
[ ]
B puts Aon hold | 3 INVITE 4 INVITE
B puts C on hold cee cee
11 REFER 10 REFER
B refersAto C
. C 1. INVITE 5506@domain.com
A 5507 10. Refer-to 5507@192.168.11.7
| 11 INVITE 1%2.168.11-7 11. Refer-to 5507@External IP
Acalls C > Call connects. Aand C are
‘ reachable via the call routing and

control functionality of ESBC.

Figure 22 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, shown in Figure 23.

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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Set Caller ID if it does not exist | I

P-Preferred-ldentity

Get Caller ID from SIP Header if exists | P-Azzerted-ldentity
Remote-Party-ID

Alert-Info

Forward SIP Header to SIP terminal | History-Info

Forwaard DTMF in SIP INFO to SIP Server

Strip ICE Attributes
|:| Remove Contact and Record-Route Headers in 130 Rezponzes
DAdd expires header in the 200 response of registration

[ [Juse the S terminals P agdress as the domain

D Use "Ir=true” for looze routing

[Juse entirs 5IP address as the authentication name

| [use rFc 2543 Hod
Prefer Route by identities

D Remove other media types when sending T.38 offer

| Ignore domain in Refer-Te header |

Order of sending Re-INVITES | I'.Send re-INVITEs all the way directly ~

Figure 23 Ignore domain in Refer-To header to resolve the unexpected network contact information
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