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Introduction

In today’s hybrid work environment, a reliable Voice over IP (VoIP) solution is essential for clear, cost �effective 

communication. Many organizations rely on Cox Communications as their SIP trunk provider because of its 

robust infrastructure and competitive pricing. When paired with Cisco Unified Communications Manager (CUCM)

, businesses can achieve a highly scalable, feature �rich telephony platform that supports both internal and external

voice traffic.

This guide provides a step �by �step walkthrough for configuring a Cox SIP trunk on Cisco Unified, covering everything

from initial prerequisites to advanced routing and security settings. Whether you’re a system administrator setting

up your first trunk or an experienced engineer looking to fine �tune your deployment, this article will help you

navigate the process with confidence.

1. What is a SIP Trunk and Why Cox?

A Session Initiation Protocol (SIP) trunk is a virtual phone line that uses the internet to carry voice traffic between

your private branch exchange (PBX) and a service provider. Unlike traditional analog lines, SIP trunks are more

flexible, scalable, and cost �effective.

Cox Communications offers a wide range of SIP trunking services that integrate seamlessly with Cisco Unified.

Their global network ensures low latency, high availability, and excellent call quality—critical factors for any

enterprise communication system.

2. Prerequisites Before You Begin

Before diving into the configuration, make sure you have the following ready:

•  Access to the Cisco Unified Communications Manager admin portal.

•  Administrator credentials with privileges to create and edit device and route patterns.

•  Network connectivity between your CUCM server and the Cox SIP trunk endpoints (typically via a secure 

VPN or direct ISP connection).

•  Cox SIP trunk details: SIP server address, port number (usually 5060 for UDP/TCP or 5061 for TLS), and 

authentication credentials.

•  Knowledge of your internal dial plan and desired call routing strategy.

3. Logging into Cisco Unified Communications Manager

Open a web browser and navigate to the CUCM admin URL, usually https://your-cucm-address/ccmadmin. Log in

with your administrator username and password. From the main dashboard, you’ll navigate to the sections that

allow you to add devices, configure trunks, and set up routing.

4. Adding a New SIP Trunk Device

4.1 Navigate to the Device Section



From the admin console, go to Device &gt; Trunk &gt; Add New . This opens the trunk configuration wizard.

4.2 Choose the Trunk Type

Select SIP Trunk  as the trunk type. This option is specifically designed for connecting to VoIP providers like Cox.

4.3 Configure Trunk Details

Fill in the required fields:

1.  Trunk Name – A descriptive name, e.g., Cox-Enterprise-Trunk.

2.  Trunk Group – Assign to an existing trunk group or create a new one.

3.  Protocol – Usually UDP or TLS if you’re using secure signaling.

4.  SIP Server Address – The IP or hostname provided by Cox.

5.  Port – Default is 5060 for UDP/TCP or 5061 for TLS.

For a Cox SIP trunk, you’ll typically use 5060 unless you’re mandated to use TLS for security.

5. Setting Up Authentication and Security

5.1 SIP Authentication

In the Authentication section, enter the credentials supplied by Cox:

•  Username – Often a numeric identifier or alphanumeric string.

•  Password – Ensure it’s stored securely.

Enable Authentication if required. Some Cox plans enforce authentication to prevent unauthorized usage.

5.2 TLS Configuration (Optional)

If your Cox plan mandates TLS, follow these steps:

1.  Enable Secure SIP (TLS) on the trunk.

2.  Upload the required CA certificates or use a trusted public CA.

3.  Configure the port to 5061 and set the Transport to TLS.

Always verify that the TLS handshake succeeds by checking the CUCM logs.

6. Configuring Media Resources

Media resources determine how audio streams are handled between the trunk and your internal endpoints. In 

CUCM, this is managed via the Media Resource Group (MRG) and Media Resource Profile (MRP).

6.1 Create a Media Resource Group

1.  Navigate to Call Routing &gt; Media Resources &gt; Media Resource Group.

2.  Click Add New and name it something like Cox-MRG.

3.  Associate the group with the trunk you just created.

6.2 Assign an Audio Profile

Under Media Resources &gt; Audio Profile, ensure the codecs you want to use (G.711, G.729, Opus, etc.) are

enabled. Cox typically supports a wide range of codecs, but you should match your internal endpoints for optimal

compatibility.

7. Defining Route Patterns for Incoming Calls



Route patterns determine how incoming calls from Cox are routed to your internal extensions. You’ll need to create

a route pattern that matches the numbering plan assigned by Cox.

7.1 Create a Route Pattern

1.  Navigate to Call Routing &gt; Route Pattern.

2.  Click Add New and enter the pattern, for example, 9XXX for a 4 �digit internal number.

3.  Assign the Trunk Group you created earlier.

4.  Set Route List to the appropriate internal routing logic.

Test the route by placing a call from an external number to an internal extension. If the call rings correctly, the route

pattern is functioning.

8. Defining Route Patterns for Outgoing Calls

Outgoing call routing is equally important. You’ll configure a route pattern that directs outbound calls to the Cox SIP

trunk.

8.1 Create an Outbound Route Pattern

1.  Go to Call Routing &gt; Route Pattern again.

2.  Click Add New and enter the pattern, e.g., 9XXXXXXXXX for a 10 �digit number.

3.  Associate the Trunk Group with the Cox trunk.

4.  Choose the Route List that defines how the call is processed.

Make sure the Dial Planis correctly configured to strip any unnecessary digits (like the leading 9) before sending

the call to Cox.

9. Testing the Trunk

After configuration, it’s essential to verify that both inbound and outbound calls work as expected.

9.1 Inbound Call Test

Call a number assigned to your Cox SIP trunk from an external phone. The call should ring an internal extension or

voicemail. Monitor the CUCM logs for any errors.

9.2 Outbound Call Test

From an internal extension, dial an external number. The call should connect through the Cox trunk and terminate

at the destination. Again, check the logs for any issues.

9.3 Call Quality Assessment

Use tools like Ping and Traceroute to measure latency and packet loss between CUCM and Cox. Additionally, 

perform a VoIP Quality of Service (QoS) test to ensure the media path meets your organization’s standards.

10. Troubleshooting Common Issues

10.1 SIP Registration Failures

If the trunk fails to register, verify:

•  Correct SIP server address and port.

•  Accurate authentication credentials.

•  Network connectivity (no firewall blocking UDP/TCP 5060).



•  Time synchronization between CUCM and Cox servers.

10.2 Call Quality Problems

Check for:

•  Packet loss or jitter on the network.

•  Codec mismatches between your endpoints and Cox.

•  Insufficient bandwidth allocation for voice traffic.

10.3 Routing Errors

Common causes include:

•  Incorrect route pattern syntax.

•  Missing trunk group assignment.

•  Misconfigured route lists or dial plans.

Use the CUCM Call Detail Records (CDR) and Call Trace  features to pinpoint the problem.

11. Advanced Configuration Options

11.1 Dual SIP Trunking for Redundancy

To ensure high availability, configure a second Cox SIP trunk as a failover. Use the Trunk Groupfeature to

load �balance or provide automatic failover between trunks.

11.2 Call Forwarding and Call Screening

Set up Call Forwarding rules in CUCM to route calls to alternative destinations during peak hours or when a trunk 

is busy. Use Call Screening to block unwanted inbound calls.

11.3 Integration with Contact Center Suite

If you use Cisco Contact Center Suite, integrate the Cox trunk to route inbound calls to agents or IVR systems. This 

requires additional Routing Profiles and Service Parameters configuration.

12. Security Considerations

12.1 Using TLS and SRTP

Enable TLS for SIP signaling and SRTP for media encryption to protect against eavesdropping and tampering.

12.2 IP Whitelisting

Restrict the IP addresses that can connect to your trunk. Cox typically provides a range of IPs; whitelist these in

your firewall rules.

12.3 Regular Credential Rotation

Periodically change the authentication username and password for your Cox SIP trunk to mitigate credential theft

risks.

13. Best Practices for Maintaining a Cox SIP Trunk on Cisco Unified

•  Document every configuration change, including trunk names, route patterns, and codec settings.

•  Schedule regular backups of CUCM configuration files.
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