Next-Generation SIP Trunking
Unleash the Power of Voice Communication with Flexibility, Reliability, and Scalability
SIP trunking revolutionises the way businesses connect their PBXs to the Voice Network, offering unparalleled flexibility, reliability, scalability, and cost efficiency compared to traditional methods. At [COMPANY NAME], our SIP Trunking service goes beyond basic voice connectivity. Leveraging our advanced Voice Services Platform and resilient core network, we deliver crystal-clear voice calls with added resilience, load balancing, call queuing, and disaster recovery capabilities. 
Why Choose SIP Trunking over ISDN? 
SIP trunking brings a host of advantages over ISDN: 
· Flexibility - Carry SIP trunks over existing data connections, eliminating the need for dedicated ISDN connections that come with added costs and delays. 
· Efficiency - Scale SIP trunks effortlessly to handle seasonal peaks, avoiding the installation of idle ISDN capacity during off-peak periods. 
· Cost-Effectiveness - SIP trunks generally offer a lower price point for the same number of channels compared to ISDN.
Why Opt for [COMPANY NAME]'s SIP Trunking? 
[COMPANY NAME]'s SIP Trunking service is powered by our carrier-grade Voice Services Platform and resilient core network, mitigating the impact of jitter, latency, and packet loss to ensure high-quality voice calls. Our advanced core network enables secure delivery of SIP Trunking over a multi-service connection, reducing network and service deployment costs. 
Additionally, our SIP Trunking service offers unmatched features such as resilience, load balancing, call queuing, and disaster recovery (details provided below), going beyond the capabilities of "dial-tone only" SIP Trunking solutions. Compatibility with a wide range of PBXs is another advantage of [COMPANY NAME]'s SIP Trunking service.
Key Benefits 
· High-quality voice calls that meet your communication standards. 
· Rapid scalability to adapt to your evolving business requirements. 
· Additional resilience, load balancing, call queuing, and disaster recovery features. 
· Reduced cost per channel compared to ISDN.
Disaster Recovery (DR) Call Routing 
Included as a standard feature, Disaster Recovery (DR) Call Routing automatically redirects inbound calls to a secondary PBX, DR site, or fixed/mobile number in the event of primary PBX or circuit failure. It also provides overflow management when SIP trunk capacity is reached on the primary PBX.
DDI Divert 
DDI Divert, an optional feature, automatically reroutes incoming calls to alternative destinations for individual Direct Dial In (DDI) numbers in the event of PBX or circuit failure. It also handles overflow scenarios when SIP trunk capacity is reached on the primary PBX.
Resilient SIP Channel 
Resilient SIP Channel, an optional feature, establishes two separate connections from the Voice Services Platform to two PBXs within the same cluster. Inbound calls are distributed to the PBXs using the following methods: • Round Robin load balancing evenly distributes calls between the two PBXs, allocating the 1st call to PBX_1, 2nd call to PBX_2, and so on. • Active/Standby mode directs all calls to PBX_1 until the SIP trunk to PBX_1 reaches full occupancy, after which calls are routed to PBX_2.
Call Queueing 
Call Queueing, an optional feature, employs an Auto-Attendant function on the Voice Services Platform to professionally greet, queue, and direct calls to appropriate destinations based on user input (e.g., "Press 1 for Sales, 2 for Support"). It can be seamlessly integrated into your Business Continuity or Disaster Recovery strategy, offering customisable greetings.
Fax to Email 
Fax to Email, an optional feature, converts inbound fax messages into emails.

