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InnoMedia ESBC SIP Trunking Configuration  

Guide for Asterisk PRI PBX 
 

The purpose of this application note is to describe the steps needed to configure the Asterisk PRI PBX for 

proper operation in a SIP Trunking Application with the InnoMedia ESBC. 
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1. Introduction 

This application note provides configuration steps for Service Providers to deliver SIP Trunking Services to enterprise 

customers deploying Asterisk 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 Reference Network Architecture 
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Getting Started 

The following preliminary pieces of information are required: 

• SIP Proxy Server IP address or FQDN and SIP Domain. 

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

• SIP 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 an Asterisk 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 from service provider to SIP Phone registered to Asterisk PBX.  

• Outbound calls from Asterisk SIP phones to service provider.  

• Various Call features:  

- Blind and Consulted Call Transfer 

- Call Forwarding  

- Caller ID presentation and Caller ID restriction 

- Three way conference call 

- User features such as hold, resume 

• DTMF transmission using in-band and RFC2833 

• Voice codecs: G.711 mu-law, G.729 

• Advanced PRI Service Features: 

- TBCT call transfer (switch type: National ISDN II) 

- RLT call transfer (switch type: Nortel DMS500) 

Equipment and Software Validated of this Application Note 

The lab network for the SIP Trunk reference configuration is illustrated below and is represented of Asterisk 

configuration. The LAB network consists of the following components: 

ESBC 

Model    : InnoMedia ESBC 9380-4B 

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

PBX 

Model    : N/A 

Firmware version   : Asterisk 1.6/FreePBX 2.9.0.12 

PBX LAN Phone 

Model     : InnoMedia MTA6308-SL2 

Firmware version   : 10.3.3 
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WAN Phone 

Model    : InnoMedia 6308-SL2 

Firmware version   : 10.3.3  

Model    : InnoMedia 7308-MLY65P 

Firmware     

SIP Server 

Broadsoft Broadworks    

Version    : R18 

LAB Configuration Example 

Table 1 – IP Address 

Component IOT LAB Value Your Value 

InnoMedia ESBC 

LAN IP Address 172.16.252.1  

LAN Subnet Mask 255.255.0.0  

WAN IP Address DHCP client  

Asterisk /FreePBX  

IP Address 172.16.108.120  

 

Table 2—Account Information 

DID Account Number Account Attribute Extension 

2404983506 Pilot Number / Default Route 3506 

2404983507 DID 3507 

2404983508 DID 3508 
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Figure 2. SIP Trunk LAB Reference Network 

The lab network consists of the following components: 

• Device Under IOT Test:  

- PBX: Asterisk PBX with a two-span T1 card 

- Enterprise SIP Gateway: InnoMedia ESBC9380-4B  

• Two SIP IP Phones registered to Asterisk PBX 

• Broadsoft Broadworks R18 as Service Provider Core Network SIP Softswitch  

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

testing.  

• DHCP server and SIP trunk termination. 

3. Asterisk GUI: FreePBX Configurations 

The instructions provided in this section are intended to help Field Install Technicians configure the Asterisk PBX with 

PRI-T1 card 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 Asterisk operations. 

Logging into the FreePBX GUI as an Administrator, follow these steps to configure SIP Trunk Service. 
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Setup T1-PRI connections with ESBC  

Configuring Asterisk PRI Card--DAHDi Device 

1. Log into the FreePBX administrator panel (by default the login username is 'freepbx' and the password is 'fpbx') 

2. Navigate to Setup > Basic heading > DAHDi. 

3. The DAHDI hardware should appear under the appropriate heading.  Click Edit to modify the properties of a 

given hardware span.   

 

Figure 3 Configuring Asterisk PRI Card—DAHDI Device 

 

For Digital hardware, administrators should follow the guidelines of the far end equipment (ESBC).  It is recommended 

to configure DAHDI with the following settings, unless other notices from your service provider.  

• Alarms (unconfigurable, shows the alarm state of the span [Red, Yellow, OK/Green, Blue]) 

• Framing/Coding :T1  ESF/B8ZS 

• Channels (unconfigurable, set by jumpers on board--see card manual for details) :23/24 (T1) 

• Signaling : PRI - CPE 

• Switch type : National ISDN 2 (default) 

• Sync/Clock Source : 1 (primary receiver of timing from far end, normal or slave mode.) 

• Line Build Out: 0 dB (CSU)/0-133 feet (DSX-1) 

• Pridialplan : National 

• Prilocaldialplan : National 

• Group:  set to a group number so it can be referred to as a block in dialplan 

• Context:  set to dialplan context to handle inbound calls (by default this is from-pstn) 

• Channels:  set to the number of channels of the span you wish to include in this group 

 

Click Submit to complete the modification of the digital span. As shown in Figure 4. 
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Figure 4 Digital hardware settings of a T1 span 

Note: 

TE1 Clock synchronization is used to propagate a single clock source over the T1/E1 ports on a single card. Before 

configuring your system you must identify which ports should be in NORMAL (slave) clock mode and which should be in 

MASTER clock mode. All ports connected to ESBC (TELCO) MUST be in NORMAL mode, because ESBC (TELCO) is 

ALWAYS MASTER clock. 

Example: 

Span 1 connected to TELCO // span 1 MUST be Normal(slave) clock mode  

Span 2 connected to channel bank or back to back to another T1/E1 device. In this scenario span 2 must be configured 

as CLOCK MASTER. 

Add a PRI Trunk (a DAHDi Trunk) 

Navigate to Trunks > Add DAHDi Trunk  

• Trunk Name: should be something logical that identifies this trunk as service provider’s service name, (i.e., 

ESBC-PRI or Service Provider’s Name), since you will be using that name later to configure calling rules. 

• Outbound Caller ID: caller ID for calls placed out on this trunk. Leave this field blank if user DIDs are chosen for 

outbound caller ID> 

• CID Options: Determines what CIDs will be allowed out this trunk. In our lab example, “Allow Any CID” is 

chosen, i.e., all CIDs including foreign CIDs from forwarded external calls will be transmitted. 

• Maximum channels: controls the maximum number of outbound channels (simultaneous calls) that can be 

used on this trunk.  

• Disable Trunk: Leave it blank. 

• Monitor Trunk Failure. Leave it blank, unless a separate custom AGI script that will be called to report log, 

email or otherwise take some actions on trunk failures. 

Dialed Number Manipulation Rules 

Controlling how calls will be dialed on this trunk. In IOT LAB example, “9|ZXXXXXXXXX”, it removes the dialing prefix 

“9” from the number, and would only pass ZXXXXXXXXX to the trunk.  

Click Submit to complete the modification of the digital span, shown in Figure 5. 
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 Figure 5 Asterisk PRI Trunk Settings 

Configuring Outbound Route 

Navigate to Outbound Routes > Add Route 

• Route Name: Giving a Route Name.  

• Route CID: optional Route CID to be used for this route.  

• Dial Patterns: The pattern follows the settings of “Trunks”. 
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Figure 6 Asterisk PRI Trunk Outbound Route Settings 

Add Extensions 

Navigate to Extensions > Add Extension  

 

Figure 7 Asterisk—Add Extension Numbers 
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• Device: Choose Generic SIP Device. Click Submit button. 

1. Add SIP Extension. 

 

Figure 8 SIP Extension CID and Feature Settings 

• Add Extension and Extension Options: Configuring the SIP device with the extension number as needed, and the 

inbound DID / Outbound CID number. In our lab example, we have extensions 3505, 3506, 3507 configured. 
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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. 

 

Figure 9. 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 

• 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. 
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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. 

  

Figure 10. ESBC SIP Account Settings 

Configuring Registration Agent 

1. Click Registration Agent tab. 

2. Click Add to add a Registration Agent (RA) by giving its name and associate a trunk line to this RA. 

 

Figure 11. Configuring Registration Agent 

Configuring Default Route 

Configuring Default Route 

Enable Default Route can be configured by either selecting default route when creating new UA accounts as in Figure 

12, or by editing an existing UA account as in Figure 13. 

 

Figure 12. Configuring Default Route 
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Figure 13. Configuring Default Route (method 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 

 

Figure 14 Configuring static operation mode 

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.  

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 Feature item: Process Call Transfer and Call Forward Locally, as shown in Figure 15. 

• REFER method: Uncheck  
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• 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 15. 

• 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. 

 

Figure 15: 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. 

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 16. 

• 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 “FROM” header as it sent from PBX. 
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Figure 16. Configuring Caller IDs for outbound calls 

 

Configuring Ringback Tone and Early Media Playback for ISDN-VoIP Calls 

ESBC provides the flexibility to support various forms of ringback tone generation and early media relay for outbound 

calling and early media relay for inbound calling. Default ESBC configurations for ringback and early media would likely  

meet the needs of most deployments.  If your network is live, make sure that you understand the potential impact of 

any configuration changes. Please refer to the “ESBC Administrator Guide”, or Application note article: “ESBC Ringback 

Tone and Early Media Configurations and Troubleshooting.”  

The Default Settings on ESBC  

• Outbound calls, the ESBC’s ringback tones are controlled by the following two configurations: 

1. <Play Ringback Tone for outbound call> pull down menu. If “Never” is chosen from the pull down menu, the 

ESBC never generates ringback tones locally. Ringback tones or early media are provided to the PBX by the 

network if ESBC receives 183 and ringback tone/early media from the network. 

2. <Ignore 183/early media for outbound call> box, “Unchecked” by default. ESBC honors 183 messages 

received from the network.   

• Inbound calls, ringback tones are controlled by the <Enable Early Media for inbound calls> box, and it is 

“checked” by default. ESBC sends out 183 and forwards early media coming from the PBX to the network if it 

receives a Progress Indicator message from the PBX that indicates in-band information is available. 

Steps of Configuring Ringback tone and Early Media Playback 

1. Navigate to Telephony > T1/E1 > Digital Line > PRI Span Setting 

2. Scroll down to “Interoperability” section, and configure the settings.  
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Figure 17 ESBC Ringback and Early Media Interworking with ISDN PRI TDM-PBX and SIP VoIP 

 

 

 

 


