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NeTrueQoS™
IP Telephony QoS Monitoring and Measurement Software
Situation Analysis
To experience widespread acceptance, IP Telephony (IPT) must provide a Quality of Service (QoS) equal to the standard set by the Public Switched Network (PSTN).  A managed quality of service is necessary to deliver the next generation of telecommunications technology to the broader market.

The challenge of IPT Quality of Service lies largely in the fundamental difference between the circuit-switching PSTN and packet-switching IP networks. IP Telephony is the transportation of voice over an IP packet-switched network. An IP voice call does not reserve an end-to-end physical circuit like that of a PSTN. Instead, IP voice is broken into many small packets that take different routes from origin to destination and travel along network circuits that are shared by packets of data communications. Over this network the quality of IP voice is not guaranteed. 

IPT Service Providers need to know the quality of their network to identify areas of weakness and strength, and the quality of service they deliver to their customers. NeTrue Communications has developed NeTrueQoS(, a software tool to measure and monitor the five key parameters of QoS for IP Telephony. This breakthrough technology is a crucial step in delivering an improved QoS  of the IP telephony network.

Measurement Mechanism

The measurement mechanism utilized by NeTrueQoS to measure the performance of an IPT network is based on the Internet Control Messaging Protocol (ICMP) echo mechanism. This tool allows a packet of selected length to be sent to a remote node and echo back. The ICMP echo mechanism is pre-installed on almost all platforms, allowing tests to be conducted without remote installation. The ICMP responder server runs at a high priority to provide a reliable measure of network performance. ICMP based NeTrueQoS requires very light in-bound traffic for real-time testing and monitoring without causing a noticeable load on the monitored network. 
Measuring IP Voice Quality
VoIP quality of service is experienced as elements of voice and signaling quality. These elements include;
Voice Quality

· Interaction – the ability of a person or device to talk to, or communicate with, another person or device in real time and full duplex mode

· Intelligibility – voice clarity

· Echo – return speech

· Volume – voice audibility

· Signaling Quality
· Call Setup – The setup success rate and the call setup time

· Call Completion – Call hand-up time and completion rate

· DTMF - DTMF Detection and Notch-Out

Voice and signaling quality are the result of numerous network and external factors as represented by Figure 1.
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Figure 1: Factors of  IPT Call-Quality

· The Parameters for Testing

· Jitter – The distortion of voice transmissions due to the arrival of consecutive voice packets at irregular intervals.  Traffic bursts in unmanaged IP networks such as the Internet create jitter. This distortion is particularly damaging to VoIP communications, where severe jitter causes jittery or shaky voice quality, reducing the intelligibility of voice.

· Latency/Delay – Delay causes a lack of speaker interaction, conversation overlap and echo. Due to its real time delivery, VoIP is delay intolerant.  Delay across the IPT network impacts how, when and in what order voice packets are delivered. Delay is a factor of network resources including bandwidth, processing times at nodes and endpoints, congestion and queuing. 

· Throughput – Each IP telephony call requires a minimum quantity of bandwidth. If the throughput of the network  cannot provide the minimum level of bandwidth the VoIP call cannot be established and any ongoing calls will be discontinued.

·  Lost Packets – Not only does packet loss in IP telephony disrupt speech but it also creates severe call signaling problems. Network congestion results in data or voice packet loss at some point along the network.  Most data applications such as TCP automatically re-transmit lost packets. Due to the real-time delivery of voice over IP re-transmission is not possible.

· Bandwidth Usage - The level of bandwidth utilized by an IPT application is in direct correlation to the quality of service experienced by users of that network.

NeTrueQoS measures the quality of service of an IPT network in real time to provide instant reports. In addition, NeTrue IPT QoS maintains the historical data of a network’s performance for a designated time period.
 
Figure 2.  Measurement of an IP Network through NeTrue QoS(
NeTrue Index R (available in NeTrueQoS Version 1.5)

IPT call quality is effected by a variety of IP network attributes in addition to almost all components of voice processing and transmission. A single index is required to provide a standard  measure of  IPT quality. 

NeTrue Index R is a call quality rating for VoIP, calculating all the factors based on a well defined mathematics model. The rating factor ranges from 0 (extremely poor quality) to 100 (surpass PSTN quality). The NeTrue Index R is used to establish an acceptable measure of the quality of service parameters. NeTrue Index R enables the graphical measurement of performance against the QoS (NeTrue Index R). NeTrue Index R can be used to define service level agreements (SLA), allowing IPT Service Providers to offer differentiated services.
QoS Applications 
Measuring the performance of an IPT network allows QoS to be managed  for complete customized communications solutions.

· QoS Routing – Real-time QoS measurement enables the implementation of QoS Routing for IP telephony. Each service provider can utilize NeTrue Index R to establish a threshold of acceptable quality of service. Routing policy can be executed as a combination of QoS and Least Cost Routing (LCR) to establish a Best Value Routing (BVR) principal. BVR allows VoIP to be dynamically routed to deliver the best value according to price, quality and other value factors.

· QoS Based Billing- Incorporated into the NeTrue Billing System, QoS Billing allows different call rates to be applied to calls of different levels of service as identified through NeTrue Index R.  QoS Billing enables the customization of services and pricing according to an acceptable level of quality as identified by the customer or service provider.

· QoS Based Management - Through NeTrueQoS, IPT providers can monitor the performance of an IP network prior to establishing a VoIP service.  IPT providers can then provision the necessary hardware and software prior to the initiation of any services allowing the development of a return on investment analysis and the establishment of formats for billing and customer service.

Conclusion

· A unique market opportunity exists for the widespread deployment of  IPT and communication convergence through QoS managed solutions. NeTrue QoS provides IPT Service Providers with the necessary tools to manage the QoS of their networks to take advantage of this opportunity and be a part of the New Public Network.
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