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Building telephony systems with opensips
second e Latest Edition

building telephony systems with opensips second e is a strategic choice for organizations
seeking scalable, flexible, and reliable VoIP solutions. OpenSIPS (Open SIP Server) is an
open-source SIP (Session Initiation Protocol) server designed to handle large-scale telephony
deployments efficiently. Its modular architecture and extensive feature set make it an ideal platform
for developing custom telephony systems tailored to specific business needs. In this article, we will
explore the fundamentals of building telephony systems with OpenSIPS Second E, including setup,
configuration, and best practices to maximize performance and security.

Understanding OpenSIPS and Its Second E Edition
What is OpenSIPS?

OpenSIPS is an open-source SIP server that enables the deployment of VoIP services such as IP
PBX, SIP proxy, load balancer, and presence server. It is known for its high performance, scalability,
and extensive customization options. OpenSIPS can handle thousands of concurrent calls, making it
suitable for service providers and large enterprises.

Introduction to OpenSIPS Second E

OpenSIPS Second E is a specific edition or version of the OpenSIPS platform that emphasizes
enhanced features, stability, and enterprise-grade capabilities. It typically includes additional
modules, improved performance optimizations, and extended support for complex telephony
environments. Using OpenSIPS Second E allows developers and system administrators to build

resilient telephony systems capable of supporting thousands of users with minimal latency and
maximum uptime.

Setting Up Your Environment for Building Telephony Systems
Prerequisites
Before diving into the development process, ensure you have the following:

- Linux-based server (Ubuntu, CentOS, Debian, etc.)
- Root or sudo privileges
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- Basic knowledge of SIP protocol and networking
- Access to the OpenSIPS Second E package or repository
- Database system (MySQL, PostgreSQL) for registration and routing data
Installing OpenSIPS Second E
The installation process generally involves:
- Adding the OpenSIPS repository to your server
- Updating package lists
- Installing the OpenSIPS Second E package
- Configuring the database and modules
> Example for Ubuntu:
“bash
Add repository
sudo add-apt-repository ppa:opensips/ppa
sudo apt update

Install OpenSIPS Second E

sudo apt install opensips

> Note: For enterprise editions, you may need to contact the OpenSIPS support or download from
their official channels.

Configuring OpenSIPS for Telephony Systems
Basic Configuration Files

OpenSIPS uses configuration files, primarily "opensips.cfg’, to define its behavior. Key sections
include:
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- Routing logic
- Modules configuration
- Database connection settings
Enabling Core Modules
To handle SIP messages effectively, enable modules such as:
- tm (transaction module)
- sl (sliding window transaction layer)
- usrloc (user location)
- registrar (register handling)
- dialog (call dialog management)
- db_mysql or db_postgres (database interface)
Sample configuration snippet:
“perl
loadmodule "tm"
loadmodule "sI"
loadmodule "usrloc”
loadmodule "registrar”

loadmodule "dialog"

loadmodule "db_mysql"

Designing Routing Logic

Routing logic directs how SIP requests are processed. Typical steps include:

- Handling REGISTER requests for user registration
- Routing INVITE requests to the appropriate destination
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- Implementing load balancing among multiple SIP servers
- Applying call forwarding, routing policies, and security checks

Sample routing snippet:
perl

route {

if (is_method("REGISTER")) {
save("location™);

exit;

if (is_method("INVITE")) {
route(ROUTE_INVITE);

exit;

route[ROUTE_INVITE] {

Routing logic here

Building Advanced Telephony Features with OpenSIPS Second E
Implementing Load Balancing and Failover

To ensure high availability, configure OpenSIPS to distribute calls across multiple SIP servers:
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- Use DNS SRV records or static list configurations
- Leverage the ‘load_balancer’ module
- Set up health checks to detect failed nodes

Security Best Practices
Securing your telephony system is vital:
- Implement SIP authentication to prevent unauthorized access
- Use TLS for SIP signaling encryption
- Configure firewalls and NAT traversal carefully
- Enable logging and monitoring for suspicious activity
Integrating with PBX and VolP Providers
OpenSIPS can connect with various PBX systems and VolIP carriers:
- Configure outbound routes for trunk connections

- Implement SIP normalization for compatibility
- Use modules like "acc™ for accounting and billing

Extending Capabilities with Modules and Scripting
Custom Modules
OpenSIPS supports custom modules to extend functionality:
- Develop modules in C or Lua for specialized processing
- Leverage existing modules for features like voicemail, conferencing, or presence

Scripting for Dynamic Routing

The scripting language in “opensips.cfg” enables dynamic and flexible routing:

- Implement routing policies based on time, user, or call type
- Integrate with external databases or APIs for real-time decisions
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Monitoring, Maintenance, and Optimization
Monitoring Tools

Ensure your telephony system operates smoothly:

- Use OpenSIPS UAC or SIPp for load testing
- Deploy monitoring solutions like Nagios, Zabbix, or Grafana
- Analyze logs to identify bottlenecks or security issues

Performance Optimization

To maximize performance:

- Tune database and OS network parameters
- Optimize SIP message processing and transaction handling
- Scale horizontally with multiple OpenSIPS instances

Conclusion: Building Robust Telephony Systems with OpenSIPS
Second E

Building telephony systems with OpenSIPS Second E offers a powerful, flexible foundation for
deploying large-scale VolIP services. Its modular architecture and extensive feature set enable
organizations to customize their telephony infrastructure to meet unique requirements while
maintaining high performance and security. Whether you're developing a new SIP proxy,
implementing advanced call routing, or integrating with existing PBX systems, OpenSIPS Second E
provides the tools and stability needed for success. By following best practices in setup,
configuration, and maintenance, you can harness the full potential of OpenSIPS to deliver reliable
and scalable telephony services tailored to your enterprise or service provider needs.

Building Telephony Systems with OpenSIPS 2.0e: A Comprehensive Guide

In the rapidly evolving landscape of communication technology, open-source solutions have gained
significant traction for their flexibility, cost-effectiveness, and community-driven development. Among
these, OpenSIPS (Open SIP Server) stands out as a powerful, scalable, and modular SIP
proxy/server that enables the creation of sophisticated telephony systems. Version 2.0e of
OpenSIPS introduces a suite of enhancements and features designed to streamline deployment,
improve performance, and expand capabilities. This article offers an in-depth exploration of building
telephony systems with OpenSIPS 2.0e, covering essential concepts, architecture, configuration,
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and best practices for leveraging this open-source platform to develop reliable VoIP solutions.

Understanding OpenSIPS and Its Role in Telephony Systems
What Is OpenSIPS?

OpenSIPS is an open-source SIP (Session Initiation Protocol) server that functions as a proxy,
registrar, redirect server, and more within a SIP-based VolP infrastructure. Its modular architecture
allows developers and network administrators to customize and extend its functionality according to
their specific requirements. OpenSIPS is designed to handle high volumes of SIP signaling traffic
efficiently, making it suitable for carrier-grade deployments, enterprise PBX systems, and residential
VoIP services.

Key Features of OpenSIPS 2.0e

Version 2.0e introduces numerous features aimed at enhancing system stability, scalability, and
security:

- Enhanced Load Balancing: Improved mechanisms for distributing calls across multiple servers.

- Advanced Routing Capabilities: Flexible routing scripts and policies.

- Security Improvements: Enhanced protection against SIP-based attacks, including better
topology hiding and authentication.

- Support for New Protocols and Standards: Compatibility with latest SIP extensions and
protocols.

- Performance Optimization: Reduced latency and improved resource management.

- Extensible Modules: Additional modules for billing, presence, NAT traversal, and more.

Architectural Components of a Telephony System with OpenSIPS

Building a telephony system with OpenSIPS involves integrating several core components that work
together to provide seamless voice communication. Understanding these components and their
interactions is crucial.

Core Components

- SIP Clients: End-user devices such as IP phones, softphones, or mobile apps that initiate and
receive calls.

- OpenSIPS Server: The central SIP proxy handling registration, routing, and policy enforcement.

- Media Servers: Optional components like RTP proxies or media gateways that handle audio
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streams.

- Databases: Storage for user profiles, routing rules, billing data, and registration info.

- Application Servers: For advanced features such as voicemail, conferencing, or IVR (Interactive
Voice Response).

System Architecture Overview

Typically, a telephony system based on OpenSIPS will follow a layered architecture:

- Registration Layer: SIP clients register their IP addresses and preferences with the OpenSIPS
server.

- Routing Layer: OpenSIPS processes call signaling, applies routing logic, and directs SIP
messages to the appropriate destinations.

- Media Layer: Once signaling establishes a session, media streams are transmitted directly or
via media servers.

- Management and Monitoring: Admin interfaces, logging, and analytics tools provide oversight
and troubleshooting.

Setting Up OpenSIPS 2.0e for Telephony

Implementing a telephony system begins with installing and configuring OpenSIPS, followed by
integrating auxiliary components.

Prerequisites and Environment Setup

- A Linux-based server (Ubuntu, Debian, CentOS, etc.)
- Root or sudo privileges for installation

- Basic knowledge of SIP and networking

- Access to a database server (MySQL, PostgreSQL)

- SIP clients for testing

Installing OpenSIPS 2.0e
The installation process varies by distribution but generally includes:
- Adding the OpenSIPS repository

- Installing the core package and optional modules
- Configuring system parameters (firewall, SELinux, etc.)
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For example, on Ubuntu:
“bash
sudo apt-get update

sudo apt-get install opensips

Ensure that the version installed is 2.0e or later; for custom builds, compile from source.

Basic Configuration
OpenSIPS configuration resides primarily in “opensips.cfg’. Key aspects include:
- Listening Interfaces: Define SIP listening addresses and ports.
- Registrar Settings: Enable user registration handling.
- Routing Logic: Specify how calls are routed based on rules.
- Authentication: Secure the system with credentials and TLS.
- Database Integration: Connect OpenSIPS to a database for dynamic data management.
An example snippet:
“cfg
Listen on UDP port 5060
listen=udp:0.0.0.0:5060
Load modules
loadmodule "registrar”
loadmodule "usrloc”

loadmodule "auth"

Set database parameters
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modparam(“usrloc”, "db_url", "mysql://user:password@localhost/opensips")

Designing Routing Logic and Policies

A core strength of OpenSIPS lies in its scripting language, which allows detailed control over call
flow and policies.

Routing Script Fundamentals

Routing scripts are written in a domain-specific language, defining how SIP requests are processed:
- Handling REGISTER requests: Managing user presence.
- Inviting calls: Routing INVITE requests based on rules.
- Applying policies: Call restrictions, routing based on user location, or time of day.
- Failover and load balancing: Distributing traffic among multiple servers.

Sample Routing Scenario

Suppose you want to route calls based on caller ID:

“cfg

route {

if (is_method("INVITE")) {

if ($rU == "admin") {

route(to_admin);

} else {

route(to_general);
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route[to_admin] {
Route to admin extension

route(relay);

route[to_general] {
Route to general extensions

route(relay);

route[relay] {
Send SIP request to destination

t relay();

Advanced Features and Customizations

OpenSIPS 2.0e enables numerous advanced functionalities to build feature-rich telephony systems.

Security and NAT Traversal

- SIP TLS and SRTP: Encrypt signaling and media streams.
- Topology Hiding: Conceal internal network details from external clients.
- NAT Traversal Modules: STUN, TURN, and ICE support for clients behind NATs.

Load Balancing and Scalability
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- Distributed Clusters: Multiple OpenSIPS servers can share registration and routing info.
- Database Replication: Ensures data consistency across nodes.
- Dynamic Load Distribution: Based on server load, system can redirect calls dynamically.

Billing and Accounting

Modules for real-time billing, call detail records (CDRs), and quota management are integral for
service providers.

Presence and Messaging

Support for presence status, instant messaging, and presence subscriptions enhances user
experience.

Monitoring, Logging, and Troubleshooting

Operational stability depends on effective monitoring.

Logging and Diagnostics

- Enable detailed logs in “opensips.cfg’.
- Use tools like "opensipsctl” for runtime management.
- Analyze CDRs and SIP traces for troubleshooting.

Performance Monitoring

- Use SNMP, dashboards, or custom scripts.
- Profile system resource usage.
- Implement alerting mechanisms for anomalies.

Best Practices and Deployment Considerations

Building a robust telephony system with OpenSIPS involves meticulous planning.

- Security First: Always secure SIP signaling using TLS, strong authentication, and firewall rules.
- Redundancy: Deploy multiple OpenSIPS servers with failover mechanisms.

- Regular Updates: Keep the system updated with the latest stable release.

- Testing: Rigorously test configurations in controlled environments before production.
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- Documentation: Maintain comprehensive documentation for configuration and policies.

Conclusion: Harnessing OpenSIPS 2.0e for Modern Telephony

OpenSIPS 2.0e represents a significant step forward in open-source SIP server capabilities,
providing the tools necessary to build scalable, secure, and feature-rich telephony systems. Its
modular architecture, combined with flexible scripting and extensive module support, empowers
developers and service providers to craft customized solutions tailored to diverse needs?ranging
from small enterprise PBXs to large-scale carrier networks. While deploying OpenSIPS requires a
solid understanding of SIP protocols, networking, and server management, its community support
and comprehensive documentation make it an accessible platform for innovative telecommunication
development. As communication continues to evolve, leveraging open-source solutions like
OpenSIPS offers a sustainable and adaptable path toward next-generation voice services.

QuestionAnswer What is OpenSIPS Second E and how does it differ from earlier versions?
OpenSIPS Second E is a major release of the OpenSIPS telephony platform that introduces
enhanced scalability, security features, and modular architecture, enabling more efficient and
flexible building of telephony systems compared to earlier versions. How can | set up a basic SIP
routing system using OpenSIPS Second E? To set up a basic SIP routing system with OpenSIPS
Second E, install the platform, configure the main configuration file with routing logic, define user
locations, and set up registration and call routing rules using the new scripting features introduced in
Second E for improved simplicity and performance. What are the key security improvements in
OpenSIPS Second E for telephony systems? OpenSIPS Second E introduces advanced security
features like improved SIP over TLS support, enhanced authentication mechanisms, and better
protection against SIP flooding and DoS attacks, making your telephony system more resilient
against threats. Can OpenSIPS Second E handle high-volume call loads, and what are best
practices? Yes, OpenSIPS Second E is designed for high scalability. To optimize performance,
implement load balancing, use clustering features, tune configuration parameters, and leverage
caching and database optimizations to handle large call volumes efficiently. What are the new
modules or features in OpenSIPS Second E relevant to telephony building? OpenSIPS Second E
introduces new modules such as the 'dialog’ module for better call control, enhanced 'cluster’
support for distributed deployments, and improved 'billing' and ‘presence’ modules, all of which
facilitate building comprehensive telephony solutions. How does OpenSIPS Second E support VolP
security protocols like SRTP and TLS? OpenSIPS Second E provides built-in support for SIP over
TLS and can integrate with SRTP for media encryption, ensuring secure voice communication
channels within your telephony system. What are the deployment options for building telephony
systems with OpenSIPS Second E? OpenSIPS Second E can be deployed on various environments
including virtual machines, containers, or dedicated servers. It supports clustering and load
balancing for high availability, making it suitable for small to large-scale telephony deployments.
What resources are available for learning to build telephony systems with OpenSIPS Second E?
Official documentation, community forums, tutorials, and training courses are available to help you
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learn how to build telephony systems with OpenSIPS Second E. The OpenSIPS community also
provides example configurations and support channels for troubleshooting.
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infrastructure, open source telephony, SIP signaling, real-time communication



