
 

 
SIPPULSE is a secure multi-tenant SIP Platform for Residential and 

Business VoIP Providers, Hosted PBXs and Managed PBXs.  

 

Datasheet 
Product Overview 
SIPPULSE is a software application that provides call-routing services in an IP telephony network. Using the SIPPULSE Proxy Server, 

service providers and enterprises can create large-scale, highly reliable packet voice networks based on the Session Initiation Protocol 

(SIP). The software’s main objective is to provide residential and business services over broadband access.   

The SIPPULSE architecture is composed of six components: SIP Proxy, Media Gateway, Media Relay Server, Call Control, and Billing 

Module. The SIP Proxy, Media Relay Server, and Call Control components are provided by SIPPULSE. The software is compatible with 

any media gateway provided by major vendors, such as Cisco, AudioCodes, and Khomp, as well as gateways created using Asterisk 

and Freeswitch.  
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Family of products 
The SipPulse family is divided in several products listed below: 

¶ SipPulse SCM – Pre and post-paid Residential and Business Services 

¶ SipPulse Hosted PBX – Hosted PBX Services 

¶ SipPulse Managed PBX – Centralized Routing, Billing, Configuration, Redundancy  and Monitoring for PBX Networks  

¶ SipPulse Interceptor  - Centralized routing and billing for legacy PBXs 

¶ SipPulse SlavePBX – Remote controlled PBX 

Versions and add-ons 
In the table below you will find the main characteristics of each version.  

Resources Starter Pack SCM Hosted PBX Managed PBX 

SIP FUNCTIONS V V V V 
BILLING V V V V 
ROUTING V V V V 
NAT TRAVERSAL V V V consult 
SECURITY V V V V 
MONITORING V V V V 
WEB INTERFACE V V V V 
INTERNATIONALIZATION V V V V 
CAPACITY 200K min/month unlimited unlimited unlimited 

RESELLER SUPPORT U V V U 
MULTI-DOMAIN U V V V 
CLASS V FEATURES U U V V 
LINK MANAGER U U U V 

PBX REMOTE MANAGMENT U U U V 

HOT BACKUP opt-in opt-in opt-in opt-in 

LOAD BALANCING opt-in opt-in opt-in opt-in 

SIPPULSE Features 
The following table outlines SIPPULSE’s main features 

SIP FUNCTIONS 

Stateful SIP Proxy Server and Registrar 
Dialog Stateful SIP Proxy 
Support for UDP, TCP and TLS 
Allow multiple registration on a single account 

RFC3261 Compliant 
Multitenant and  Multidomain 
Parallel and Serial Forking 

BILLING 

Account Grouping 
Pre-paid and Post-Paid billing 
Keep-Alive to fix missing BYEs 
Reverse Billing for 0800 numbers 
Monthly Subscription for DID numbers 
Rentability Report per User 
Rentability Report per Provider 

CDR Report 
Multiple Tariff Plans 
Use of markups to simplify administration 
Minimum duration and free minutes  
Buy and Sell rates 
Import Export to PDF and MS Excel 
Multi-leg accounting 



 

ROUTING 

Support for multiple routing tables 
Up to 380,000 routes 
LB and Failover for the gateways 
ASR and CCR report per gateway 
Support for Multiple Dialplans 
Auto replace of Country and Area Code for users 
Number translation 

DNS Routing for external domain 
DID Routing 
SIP Trunking with IP and Tech Prefix Auth 
Support for RPID and PAI (P-Asserted-ID) 
Support for replacing From and To URI 
Support for overwriting CallerID per gateway 

HOSTED PBX Features 

Forward, Forward on busy, Forward on no Answer 
Group Call Pickup (phone needs  RCF3891, RC3892) 
Directed Call Pickup ( RCF3891, RC3892) 
Timerouting (Night and Day Operation 

Pin Code 
Voicemail 
Call Transfer (Needs support on phones and gateways) 
Hunt Groups (Paralell and Serial) 

MEDIA SERVER 
Multilingual Announcements 
Centralized Announcements 
IVR 

Realtime Queues and Queue Members 
Realtime Conference Bridges 
Load Balance Between Media Servers 

NAT TRAVERSAL 
Support for STUN and TURN 
Supports clients behind all NAT types 

NAT pinging to keep the door open 
Multiple load balanced media relay servers 

SECURITY 
Protection against INVITE REPLAY ATTACKS  
Resistant against Fuzzing Attacks  
Strong passwords mandatory 

Anti-flood mechanisms 
IP BAN for multiple authentication failures 
Signature-based attack detection 

MONITORING 
SIPTRACE 
Real-Time Statistics 

Gateway ASR, CCR, ACD  reports 
Dashboard with current state of the server 

ENVIRONMENT Linux, MySQL, Glassfish  

WEB MANAGEMENT 
Admin Web Interface 
User Portal 
Reseller Portal  

Error Logs 
Redundant ACC on file 
User profiles simplify management 

RELIABILITY 
Hot Backup (Optional) 
Load Balancing and Failover (Optional) 

Loop Detection 
Site Redundancy 

INTERNATIONALIZATION 
Full Support for i18N 
Translations into Portuguese(Brazil) 

Single file translation 

SIPPULSE Slave PBX 
Slave PBX is an innovative product. In a perfect world all customers could be served by a HostedPBX and there would be no need for 

local hardware. However, real world is full of risks and unplanned costs.  Sometimes, Internet links slow down or simply fail at all.  WAN 

costs are usually high and to save bandwidth is a priority. The idea behind the SlavePBX is “brains in the top, muscles in the bottom”. 

Translating to the real world it means, centralized routing, billing, management and monitoring with local processing.  
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SIPPULSE Interceptor 
Corporate Networks are often heterogeneous.   SIPPULSE Interceptor is capable to integrate Digital PBXs into IP Telephony. This 

enables you to take control of the expenses on each PBX and force the use of the lowest cost routes.  We have reduced the risk of this 

operation including a commuter. There are three types of operation, Full, all calls are routed to the CloudPBX and accounted and billed 

there, Partial, if the link to Cloud PBX is down, the accounting is done locally and can be synchronized later and Bypass, all systems 

are down and the commuter bypasses the calls directly to the trunk.  
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Recommended Hardware and Software Platforms 
SIPPPULSE is not very intensive on hardware. Our recommendation for SIP Proxy and Media Server hardware follows. The SIP Proxy 

runs at the same time as the database, the proxy server, and the call control. Consult us if you need to support more users or calls per 

second.  

Component DELL CAPACITY 

SIP Proxy DELL PowerEdge 410, 2 XEON, 4GB RAM, SAS DISK, Min 80GB, RAID1 350cps postpaid 
150cps prepaid 
50,000 users 

Media Relay Server 
 

DELL PowerEdge R210, 1GB RAM, SATA Disk, Min, 10GB 800 simultaneous 
sessions per server 

Gateways:  
You may use any gateway compliant with RFC3261. To support call pickup and call transfer, we recommend a gateway that supports 

RFCs 3515(REFER), 3891(REFERRED-BY), and 3892(REPLACES). We have tested SIPPULSE with Cisco, Asterisk, Khomp, and 

Sangoma. The system load automatically balances the gateways configured.  

Ordering and Availability 
Please consult us at info@sippulse.com for different configurations and customization needs. Custom features are very common in the 

industry; please consult us if you need additional features.  

mailto:info@sippulse.com

