SIPSIm

SIP-Based Services

Simulation

SIP is gaining momentum by delivering market-driven applications as part of the
IMS (IP Multimedia Subsystem) for 3G Cellular networks and beyond, validated by
the 3GPP, 3GPP2 and OMA standardization. In addition, SIP is becoming
dominant as the "Triple play" offers cutting edge services for broadband networks.
As a result there is a growing need for advanced service testing in wireline and
next generation cellular networks.
SIPSim™, a Services over IP (SolP) Performer™ component, is an advanced
hardware and software solution that generates high volume SIP-based services for
SolP systems testing, combining both signaling and media. SIPSim emulates real-
world network conditions and enables developers, QA labs and Service Providers
to benchmark, load test and verify proper protocol implementation in SolP
equipment, as well as ascertain compliance to standards, signaling integrity and
Grade of Service (GoS). By emulating a virtually unlimited number of SIP terminals
that can initiate one or more SIP sessions, receive network SIP responses and
terminate existing calls, the SIPSim is capable of stressing different network
elements such as:
> SIP entities: Proxy, Registration, Redirect servers, and IMS components (such
as P-CSCF)
» End entities: Media Gateways, Trunking Gateways and IP PBXs/Phones
> Services entities: Presence and Instant Messaging (SIMPLE), PoC and Video
servers
» Security and Administration entities: Session Border Controllers, (AAA) and
firewalls/NAT servers.

> Broadband networks based on Cable, xDSL and WiMax networks.
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Portable Performer
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RFC 3261 compliant.
Initiates, responds to and terminates thousands of SIP calls and UACS.
Register load testing (REGISTER and re-REGISTER).
Provides fine-grain control over call setup rate, call length and other
parameters.
Transmits RTP voice packets encoded in various codec formats for load
testing:
G711 Alaw and Ulaw, G.722, G.723 (5.3 Kbps), G.723 6.4 Kbps), G.728,
G.729A, AMR, H.263, MPEG4 and H.264 in addition to the DTMF
according to RFC 2833.
Enables the user to define groups of SIP entities using different call flows by:
~ Selecting a flow from a library of SIP flows for incoming and outgoing
calls.
~ Updating the flow properties (such as provisional response).
- Customizing SIP request messages and responses including the body
and SDP.
Generates a peak load of up to 2 million signaling calls simultaneously and up
to 200,000 simultaneous calls with RTP for each Performer system using an
open rate of 8,000 cps and 12 million calls per busy hour.
Enables the user to define and integrate their own SIP flow to SIPSim's flow
library.
Enables emulating a wide environment using up to 40,000 multiple IPs
(signaling and media) and up to 400,000 URIs per Performer system.
Supports emulation of up to 4095 private networks using VLAN Tags.
Displays call activity and completion statistics such as setups, releases,
online active calls and GoS.
Performs digest authentication.

> Supports the ENUM address method.

Simulates predictive test conditions using 3 different traffic profiles: RAMP,
Poisson and Normal distribution.

» Provides a fault insertion testing capability.
» Supports objective voice quality measurements together with other Performer

components.
Provides automatic test capabilities through MasterScript, a powerful scripting
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