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StarTrinity SIP Tester Testimonial

Cisco Enterprise Networking Business Unit is responsible for the whole Enterprise products portfolio including routing, switching, voice and wireless.

In a strategic research project there was a need, to simulate VoIP calls between clients and UCaaS (Unified Communication as a Service) across multiple IP networks and to measure quality parameters like Mean Opinion Score (MOS), round-trip time, jitter and packet loss. Traffic path was established through several LAN and SD-WAN networks including public internet, other wide area networks and two public clouds (AWS and Azure).
Network Address Translation (NAT) was used multiple times on the way from sender to receiver.
Standard test tools measure MOS score and other quality parameters like jitter based on simple UDP packets, which are sent without a real SIP emulation. Such measurements based on simple UDP streams and not on real SIP calls may give inaccurate results.

We have chosen SIPTester for the project because of almost unique ability to work in complex NAT environments and to simulate real VoIP calls. Some other tools were failing in our NAT test scenarios, while others provided unreliable data or simply were not working on public cloud. 
StarTrinity SIPTester Software ran smoothly on-prem and in the public cloud. It was able to run tests during several days and to provide needed test data. StarTrinity Software Developers provided excellent support as we requested, to provide additional calculation formula for MOS score in order to compare results with some old similar tests from another departments.
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