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1. Introduction

This application note provides configuration steps for Service Providers to deliver SIP Trunking Services to enterprise
customers deploying Cisco UC 320W 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 Applicable Service Business Models
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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 UC320W is connected to 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 Cisco IP phones and FAX machines connected to UC320W FXS ports.
®  Qutbound calls from Cisco IP Phones and FAX machines connected to Cisco320W 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
®  DTMF transmission using RFC2833
e (Codec: G.711 mu-law, and G.729
e  FAX: G.711 pass-through, and T.38 relay

Features Not Supported on UC320 SIP PBX

e  UC320W does not support SDP codec negotiation, i.e., G.729 and G.711 cannot be both supported for codec
negotiation

e  FAXT.38 and pass-through cannot be both supported for codec negotiation
e SIPINFO and Inband for DTMF tone transmission

®  GIN registration

Limitation at 10T LAB

Equipment and Software Validated of this Application Note

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

The LAB network consists of the following components:
ESBC

Model : InnoMedia ESBC 9380-4B
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Firmware Version
PBX

Model

Firmware version
PBX LAN Phone

Model

Firmware version

Model

Firmware version
WAN Phone

Model

Firmware version

: esbc-9x-2-0-12-36

: UC320W
12.1.2(1) & 2.2.2 (1)

: Cisco IP Phone SPA525G
:7.4.8(012) &7.5.1(RC1)
: Cisco IP Phone SPA504G
:7.4.7v23 &7.5.1 (RC1)

: InnoMedia 6308-SL2
:10.3.3

Model : InnoMedia 7308-SLY65P
Firmware :65.0.98.202
SIP Server
Broadsoft Broadworks
Version :R18
LAB Configuration Example
Table 1- IP Address
Component 10T LAB Value Your Value
InnoMedia ESBC
LAN IP Address 172.16.252.1
LAN Subnet Mask 255.255.0.0
WAN [P Address DHCP
PBX: UC320W
WAN [P Address 172.16.252.5
Voice VLAN LAN IP 10.1.1.1
Data VLAN LAN IP 192.168.10.1
PBX Phones
Phone 1- Ext 506 10.1.1.11
Phone 2- Ext 507 10.1.1.101
Table 2—ESBC and UC320W Account Information
DID Account Number Account Attribute Extension
2404983506 Pilot Number / Default Route Auto Attendant 399
2404983507 DID 507
2404983508 DID (FXS) for FAX 508
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ESBC— UC320W IOT LAB Setup

Customer Premise Service Provider

Analog FAX
Extension: 508
DID: 2404583508

Service Provider
SIP Server

Cisco UC320W

Voice VLAN IP : 10.1.1.1/24

DHCP Server for Voice VLAN WAN Static IP:
Data VLAM IP: 192.168.10.1 172.16.252.5/1f

ESBC
LANIP: 172.16.252.1/16

Voice VLAN DHCP Client
1P:10.1.1.11/24
Extension: 506

Voice VLAN DHCP Client
IP:10.1.1.101/24
DID: 2404583507
Extension: 507

Management Console PC
172.16.5.%/16

Corporate Network — PBX Voice VLAN Analog FAX

Service Provider Metwork Analog Line

Figure 2 SIP Trunk LAB Reference Network
The lab network consists of the following components:
e Device under IOT test:
—  PBX: Cisco UC320W PBX
— Enterprise SIP Gateway: ESBC 9380-4B

e  Two Cisco phones on the local LAN registered to UC320W, and one FAX machine connected to an FXS port of
uc320wW

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. UC320W Configurations

The instructions provided in this section is intended to help Field Install Technicians configure the UC320W to connect
to the InnoMedia ESBC9x80-4B. They are not intended for advanced functionality setups. It is further assumed that
the Field Install Technicians already have knowledge of UC320W operations

Once logged into the UC320W GUI as an Administrator, follow these steps to configure UC320W.
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Network Topology

Choosing Topology for the Deployment Site

UC320W supports three types of Network topologies. LAB example uses “UC320W Routes Voice and Data,” where
UC320W acts DHCP servers to offer IP address to hosts of Voice VLAN and Data VLAN networks, as shown in Figure 3.

“:E%‘; Mew &5 Load 5 Save

Shared FXO Lines = opolog ki
Shared Extensions

e B Choose the option that best describes the topology of your site

Call Routing
Call Paging Chaose the network topalogy that reflects your netwark: | 9 Help Me Chaose
Hunt Graups
Auto Attendant
Inbound Calls

User/Group Features
Call Forwarding
woicemail to Email
Phone Buttons
Phone Buttoh Labels
Directary

Network (=) UC320WY Routes Yoice and Data ) UJC3200WY Routes Yoice Only - UC320W Routes Yoice and Data
- '~ with external DHEP sener

Wireless
Port Forwarding

Apply Changes

Site Summary © indicates a reguired field
Apply Configuration

Figure 3 UC320W Network Topology Configuration

Configure UC320W WAN Interface

UC320W WAN interface is assigned with a static IP address which has to be within the same subnet as ESBC LAN IP. The
default gateway is ESBC LAN IP address, as shown in Figure 4.

Gnew @ioa0 Flsave

Shared FX0O Lines A &l
Shared Extensions

Additional Exensions Caonfigure your Internet connection with the settings provided by your ISP. {You must enter the Uplink Bandwidth. Additional seftings

fiay be reguired by your 13P.)

Call Routing 2
Call Paging I
Hunt Groups | i - |

Auta Attendant
Inbaund Calls * Estimated Uplink Bandvidth | M E]J

UseriGroup Features
Call Forwarding — °WAN T¥PE | Static IP E]
‘oicemail to Email
Phong Buttons
Phong Button Lahels

*

IP Address 172162628

*

Subnet Mask 255.255.0.0

Directary

R * Default Gateway 172.16.252.1
G B © PrimaryDNE | 172.16.0.2
LAR Secondary DNS
Wireless

D i
Part Forwarding prmain Mame

Apply Changes

Site Summary © indicates a reguired figld
Apply Configuration

Figure 4 Configuring UC320W WAN Interface
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Configure UC320W LAN IP for Data Network for PC Hosts

UC320W acts the DHCP server for assigning IP address to PC hosts connecting to UC320W LAN interface. Enter the
UC320W Data VLAN IP address and subnet mask for your data network, as shown in Figure 5.

To access UC320W management console web GUI from your PC, two alternatives available.

1. Accessing via UC320W WAN interface. Your PC IP address needs to be within the same subnet as UC320W WAN

interface. Open a web browser, and enter UC320W WAN IP address: https://172.16.252.5:8080 (as shown in
Figure 4)

2. Accessing via UC320W LAN interface. Your PC IP address needs to be within the same subnet as UC320W LAN IP
address: http://192.168.10.1, as shown in Figure 5.

“éﬁ Mew &9 Load 5 Save

Shared FXO Lines A Rl
Shared Extensions
Additional Extensions

Call Routing
Call Paging
Hunt Groups | i 21
Auto Attendant
Inhound Calls

Specify the VLAMN settings for data and voice. (Keep the default seftings ifyou are unsure or not ready to configure these settings.)

)

¥ -1 patavLAN 192.168.10.1
UseriGroup Features ik

Call Farwarding Interface Number: VLAN 1
“oicemail to Email

P R + IP Address 192.168.10.1
PO B LA0ElD * Gubnet Mask 255.255.255. |0
Directary
Default Gateway  192.168.10.1
Network
Topology DHCP Address Range
R = « Starting IP Address 19216810, 11
) |
Wireless # Ending IP Address 19216810, 240

Port Forwarding

A |

Apply Changes

S ST ~ indicates a required field B
Apply Canfiguration

Figure 5 Configuring UC320W LAN IP for data network

Configure UC320W LAN IP for IP Phone Network for Voice Service
Enter the UC320W Voice VLAN IP address and subnet mask for your PBX IP Phone network. As shown in Figure 6.
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] us . 5 Mg Upgrade  Backup !/

cisco  LIC320WW Configuration Utility
|ﬁ T | e @Loan Bsave |
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Shared Extensions
Additional Extensions

Specify the WLAN seftings for data and voice. (Keep the defauli gettings ifyou are unsure or not ready to configure these settings.)
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Figure 6 Configuring UC320W LAN IP for IP Phone Voice Network

Provision SIP Trunk

1. Navigate to Configuration > Ports and Trunks > SIP/BRI Trunks page to enter the settings for the SIP providers that
provide Voice over IP (VolP) services as shown in Figure 7.

Enter the Description of SIP Trunk, Proxy, DID information. LAB example is shown in Table 3.

Click Systemwide SIP Parameters button to configure required codec settings for voice and FAX, as shown in

Figure 8.

Settings LAB Example Value Comments

Description ESBC Your value

Proxy 172.16.252.1 ESBC LAN IP address or FQDN

Required registration Checked UC320W uses registration mode to connect
to ESBC (ESBC supports Static operational
mode also.)

Call Capacity 12 Maximum concurrent calls

Company Name InnoMedia Your company hame

Account ID 2404983506 The pilot number to register to ESBC

Digest Authentication ID 2404983506 ESBC configured SIP UA account

Password XXXXX ESBC authentication password in SIP UA
Setting > PBX Auth Password

System wide SIP Parameter LAB Example Value Comments

Codec g.711 UC320W supports g.711 or g.729

Outbound FAX T.38 UC320W supports T.38 or pass through
mode for FXS port transmitting FAX

Table 3 SIP Trunk Parameter
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SIP/BRI Trunks ?

Enter the settings for your SIP providers and BRI gateweays for Voice over IP service. (&t least one FXO trunk or SIPIBRI trunk mu
configured )

oﬁ Provider SIP  Generic SIP Provider EJ| %
¥ * Settings ESBC
* Description ESBC
* Proy 172.16.252.1
Require registration I

Quthound Proxy

Only Allow Calls To

12 2| BO% of VWA upstream bandwidth
« Call Capacity

Prefix dialed nurnbers with "+1"* ||

Caormpany Name InnoMedia

* Account D 2404983506
Enter the business name.

{often Account Phohe [TIPrerers

Digest Authentication
Authentication 1D 2404983506
Password Eyhed
SEV Record
SRY Record Lookup L
SRV Auto Prefix L
HAT
MNAT Mapping L
Send MAT Keep Alive L

Local SIP Port: 5060

P * gystemwide SIP Parameters

Figure 7 Configuring SIP Trunk Information with ESBC

@ i i i
g Provider | SIP Generic SIP Provider E]|

P Gettings ESBC

¥ ¢ systemwide SIP Parameters

6 These settings affect all SIF providers on the system

Codec 67110 [r]

Outhound FAX: Ta8 E]
MAT STUM Server

Static IP Address for Site

10
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Figure 8 Configuring system-wide SIP Parameters
Assigning Users and Phones

Assigning Users

You may add users to UC320W PBX. IOT LAB example creates three users, including two IP phone users, and one FXS-
analog phone user, as shown in Figure 9. Navigate to Users/Phones > Users.

Users 2 E

Enterthe names ofthe users, assign extension numbhbers, and enable waicemail. Optionally, use the icons to add a list of users. (At
least one user must be added.)

Users B =]
First Mame Last Mame Extension Woicemail
[j_ 506 SPAS2AG \ =06 ¥ X ]
[1 507 SPASN4G \ =07 ¥ X ]
[1 508 F®E \ =08 ¥ X ]

Figure 9 Assigning users to UC320W

Assigning Phones to Users

Navigate to Users/Phones > Assign Phones. Active Phones, including one FXS port, which are connected to UC320W
LAN network are discovered automatically and displayed in management console. Unassigned phones are displayed in
“Unassigned Phone Box.” Drag a phone icon to its assigned user one by one, as shown in Figure 10.

Assign Phones ? N

Aszsign phones to users. (At least one user must have a phone hefore you proceed )

2 used licensefs) of 24

| User Assigned Phone * | Unassigned Phones o

[1 506 SPAS25G (SDE)J | | Showassighed phones
L I:- SPASZAGZ  0007.7DCII274 ==
5 Buttons

[1 507 SPAS04G (SD?)J

L I.Z—Z SPASDAG 7031.053D D246 |
<4 Buttons

[1 408 FXS (508)]

L FXS U 3200
[ﬁ' Fhons (F¥S) Jx = [

Figure 10 Assigning phones to users
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Review and Apply Configuration

1. Navigate to Apply Changes > Site Summary. Use the tabbed pages to review the settings from each module of
the configuration utility, as shown in Figure 11.

2. Navigate to Apply Changes > Apply Configuration. All updates will take effects after you hit Apply All Changes
Button.

Site Summary 2 E

UUse the tabbed pages to review the settings from each module of the canfiguration utility.

Camments

Enter comments here.

| Site || Telephony || Ports and T... || UsersiPho... || Extension B... || Call Routing || UserGroup... || Metwark
[ Region ") Region: United States
Dial Plan: Lacal calls are 10-digits
Time Zone: {GMT-08:000 Pacific Time (USA)
Daylight Savings: Enabled
[ Systermn Access ) || Remote Management: Enabled on Port: 8080
Wireless Management: Dizabled
[ Autarmnatic Maintenance *)H.nulnmatic Backup: Digahbled ]

Figure 11 UC320W Site Summary

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.

12
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Viizard

Theme

I‘! ;f il
Help

00O

!,“T Trunks Setting

[+] Configure parameters of Trunk profile.

i broadworks |

Default Profile

Profile ID | |Broadworks

[z SIP Server

SIP Diomain

SIP Proxy

SIP Qutbound Proxy

Tranzport

|_Brca:l'.‘.'crk3 SIP domain

Host |Brcad'.‘;crkz SIP proxy IP or FQDON

Port |5060  (Default: SOS0(UDRTCP), S061(TLS))

@ Same az SIP Proxy

O |
—

(O Learn from DHCP Option 15

{ Onhy valid when ESBC Internet Connection Type iz configured az DHCP Client. }

Host Name Prefix |
Win Retry Interval |30 zecs (Default:30)
Max Retry Interval [1800  =secs (Default:1800)

Auto |

| |

Figure 12 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:

®  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 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.

13
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Marks of different SIP UA types
F 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 ESBC.

L 5. L3 - 21 —c D = :
G L ALY A ESBC
vy [Ys C L ~ LD
Home Hetwork Telephony System Wizard Theme Help Model:ESBC-9380
~ i 5 -
= l€ SIP UA Setting =
45 Telephony
© Cconfigure parameters of SIP UAs interconnecting with external TSF.
B g2 SIP TRUNKS = = -
"., Trunks Setting SIP User Accounts Registration Agent
& Trunk SIP Profile
= & SIP ACCOUNTS Search: | Al M
SIP UA Setting
t No. UserID Auth ID  Registration Agent Trunk Proxy Profile Trunk SIP Profile Type PBX SIP Profile RegistertoE
Bulk Az=igning
@ 1 | 2404983506 ESBC Broadsoft SIP-Trunkin, SiP Generic Regist
= g2 SIP-PBX and FXS * S g cat
‘. PBX SIP Profile Page 1 of 1, Total Records 1
% FXS Port Setting
Authentication =
‘“ Batch Config| Refresh
% =P Paramsters

Figure 13 ESBC SIP Account Settings

Configuring Registration Agent
1. Click Registration Agent tab, as shown in Figure 14.
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
[} 1 ESBC 2404983506@as iop1 broadworks net <lnnoMedia I0T= m i

Page 1 of 1. Total Records 1

Add | Delete
Figure 14 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
15, or by editing an existing UA account as in Figure 16.

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

2404983506 Enterprise password o

Figure 15 Configuring Default Route

14
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"iT- SIP UA Setting { 2404883506 )

[+] Configure SIP UA parameters.

Type

Uzer ID

Dizplay Name

Auth ID

Auth Pazzword
Trunk Proxy Profile
Trunk SIP Profile

Regizstration Agent

PBX Authentication Mode
PEX Auth Paszword

PBX SIP Profile

PBX Static Registration

SP
Enabled
Default Route
|2404083506

lInnoMedia 10T

Broadsoft %
SIP-Trunking | %
ESBC |»

local

® [12345
O Same a= Auth Pazzword

Cizco Unified CM b
@ enabled
SIP Contact [2404383506@192.168.1.137: 5061 (user@phx-ip:port)

Qkpply Q Cancel

Figure 16 Configuring SIP UA Settings and SIP-PBX Authentication Credential

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

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, as shown in Figure 17.

‘# Profile Configuration

© Configure SIP parameters for SIP server.

SIP-Trunking | profile20001

[ Default Prafile
Profile ID | |

SIP Parameters
Static Registration

Enable Session Timer (remember to enable global session timer)

Figure 17 Configuring static operation mode

Configuring Call Transfer and Call 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.
Two methods ESBC supports to interface with core network. (1) SIP REFER & (2) re-INVITE, the default configuration.
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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 18.

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

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 18.

®  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.

AIGLLIA UL I ULS S L 4% 1L Y IL L S EEE N T

Method of processing re-INYITE without SDP I Send re-INVITEs without S0P W

D Accept RTPIAYP with sdescriptions offer

SOP with Secure Descriptions I Tranzmit sdescription transparent |

D Use bain Public dertity in Cortact Header

tarp |

D Trunk Group ldentifier
trurk-cortest |

P-Access-Metwoark-Info Header |

Security
D Check the domainshost part of the To header in incoming requests

D Check the source IP address of incoming SIP messages

Features
D Require Register event(3GPP)
D Mot Retry Registrations on 403 Responses
Send SUBSCRIBE for Message Waiting

Interwval |36UU SECE

I Process Call Transfer and Call Forwarding Locally I

D Support 100rel for Outgoing calls
Play Ringback Tone until receive 18X response from SIP Server
D Loop Detection

MNew | Replicate | Delete | Restore Default| Q Apply Q Cancel

Figure 18 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 Figure 19.

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

Set URI format of Header

Anonymousg call

Set From header for Qutgoing callz

Set Identity header for Outgoing callz

From |nntE.16=. without user=phone -
To |not E.1584, without uzer=phone b
REGISTER' |nut E.184, witheut user=phone W
Refer-To |n0t E. 184, without uger=phone W
forward |nnt E.164 without uzer=phone | 302 contact

|EetFromhead&rto: Anonymous” <sip anonymousi@anonymous.invalid= | v
Q&t privacy header to the value "id

Use Main Public identity [

| HonE v

Figure 19 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 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 )
External IP 192.168.11.1 5506
192.168.1.5 - 192 168.11.6
Acals B 1 INVITE _ 2 INVITE INVITE
— R >
A and B talk RTP (Audio)
[ ]
BputsAonhold _ 3INVITE 4 INVITE
[ X W ] LI W )

B puts C on hold

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 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 20 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 21.

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 21 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, illustrated in Figure 22.
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 and
ESBC. Please refer to Figure 18, this feature “Process Call Transfer and Forwarding Locally” should be checked.

Cseesx rovide
Provider

ESBC

PSTN Callera
May I speak to C?

INVITE
INVITE Call-ID: X
Call-ID: X1 -
Transferor B REAER Processhfer and
Sure, | will transferto C. fwd Ipcally
Re-INVITE
Call-ID: ¥ Call-ID: X
ReferCto A
Transferee C

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

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

Figure 22 The SIP PBX Transfer Problem with the REFER Message
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