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same raw data appears to look quite different at 

the presentation level, revealing essential details 

which, as we will see later, directly lead to the 

root cause of poor quality.

The second detail of IAT histograms to be taken 

account of is the selection of the relevant subset 

of possible IAT values. Keeping in mind that reg-

ular packet intervals are around 20 or 30 ms, a 

maximum of 100 ms perfectly meets the needs 

of RTP monitoring to show all distortion effects. 

Values above 100 ms are summarized in the 100 

ms histogram bar (≥ 100 ms). As will later be il-

lustrated in the pattern recognition section, IAT 

histograms exhibit specific patterns which are 

directly related to the root cause of VoIP quality 

degradation.

Presentation of quality – patterns become apparent

Another rule applies when creating IAT histograms – choosing an adequate time interval to be covered by such a 

histogram. By doing so, patterns which are directly linked to the VoIP user experience become readily apparent.

The reason is simple. Histograms may hold all IAT values of entire VoIP streams of different length and still have the 

same size. But it is quite evident that short sequences (e.g. 20 seconds) of VoIP quality distortions are hardly discern-

ible in the histogram of a 5-minute VoIP stream. Measurable effects are compensated if the time intervals covered 

by an IAT histogram that have been selected are too large. On the other hand, very small intervals covering just a few 

RTP packets are unable to show any reasonable, recognizable pattern at all. The truth again lies somewhere in the 

middle. Intervals of 5 seconds in size are the absolute optimum to reflect the needs of VoIP quality presentation. De-

spite the packet interval values in practical use, typically selected from a range between 10 ms and 40 ms, 5-second 

intervals with the corresponding number of RTP packets they represent (see adjacent table) are robust enough to 

allow for automatic pattern recognition while remaining as small as possible to prove a sufficient granularity of the 

temporal progression of a real-time VoIP stream.

Understanding information content – extracting the root cause

The graph below shows an IAT histogram with the right center points for the histogram bars covering the relevant IAT 

range and generated for the right interval of time.

Well defined characteristics for a frequence distribution 
model (histogram) for voice analysis

Packet Interval 10 ms 20 ms 30 ms 40 ms

Packets / 5 s 500 250 167 125

Frequency of use ~5% ~80% ~14% ~1%
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It reveals essential details of the quality of the RTP stream. At a glance experts are informed that the RTP stream 

was temporarily buffered in an active component (switch, router) on the IP network. This pattern is an example that 

illustrates a root cause diagnosis outcome called ‘network overload’. But what’s behind this pattern and how is it 

related to the VoIP user experience? 

Once again it’s the result of a simple process of permanent RTP monitoring. The temporary buffering of an RTP 

stream will appear to a receiving VoIP endpoint as a sequence of one large, audible gap (IAT) followed by at least two 

subsequent very small (near zero) IATs caused by the fast-as-fast-can emptying of the component’s ingress/egress 

buffer. Such network components are transparent in terms of higher layer protocols like RTP, thus incapable of re-

producing the original packet interval.

This sequence (large IAT and subsequent very small IATs), as easily observed from the flow of RTP packets, is re-

flected in the pattern of the IAT histogram. Of course this is just one example of many obvious root cause diagnosis 

patterns which are reliably detectable by automatic passive RTP monitoring probes only. Sometimes root causes can 

be obtained by simply checking thresholds in the IAT histogram but it often gets far more complex. As discussed 

with the ‘network overload’ effect in addition to the histogram itself also the original order of the appearance of it’s 

values in the RTP stream matters. In other cases ratios of values in the IAT histogram are of interest instead of just 

thresholds.

However, it pretty well explains why the distinction between negative and positive deviations from the regular packet 

interval is essential. Absolute values of such deviation as provided by the jitter help no one. 

 Sample of “Network Overload” pattern for root cause analysis

Schematic packet flow of impaired voice transmission by network
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Late packets

A valuable side effect of using IAT histograms is the ability to efficiently detect late packets – RTP packets are not in 

reality being lost, but have to be treated as virtually lost by the VoIP application of the receiver – they are arriving too 

late to contribute to the decoding of the audio signal. In the IAT histogram late packets are those who are situated 

beyond a specific point on the x-axis. E.g. a jitter buffer of 40 ms would mean that all packets above 60 ms (exceed-

ing the regular packet interval of 20 ms by 40 ms) can be deemed as being too late.

Discarding those late packets is directly linked to the configuration of the jitter buffer size which may compensate for 

slight delays in RTP packets. Such buffers work by simply adding delay to the entire stream of RTP packets in order 

to allocate a specific amount of time for the re-arrangement or even re-ordering of RTP packets, if necessary. Since 

delay disrupts two-way conversation and in extreme cases makes it sound like a satellite link it should be kept as 

small as possible. So the buffer size is subject to optimization, big enough to compensate for jitter and small enough 

to avoid audible delay. Some VoIP endpoints even deploy dynamic jitter buffers. Examining the IAT histogram helps 

to identify late packets and to optimize jitter buffers as well.

The distinct quality metric – a new field of voice quality

As outlined in the previous sections VoIP service assurance requires media (RTP) monitoring. But the benefits of perma-

nent media monitoring can only be capitalized by introducing an appropriate quality metric that permits expression of the 

apparent root cause information, making sustainable improvements in the quality of the VoIP service a reality.

This is where years of theoretical research and practical experience gained in particular from numerous customer projects 

around the world, are paying off. Details discussed above, such as:

Taking account of each and every VoIP packet

Supporting carrier grade high speed links in real time

Defining the appropriate relevant VoIP quality parameters

Keeping the parameters separate

Treating each parameter individually according to it’s information content

Understanding the information content and extracting the root cause

provide a rock solid foundation for the new metric and are of course not limited to the interarrival time/jitter.

They also apply to other parameters as well, e.g. packet loss. Just gathering packet loss data, even if expressed as 

consecutive packet loss, does not provide enough valuable information. The histograms mentioned in this white paper 

help in particular to describe the characteristic of packet loss including the distance between two packet losses to better 

understand it’s eventual root cause.

To sum up, this new VoIP metric makes reliable, 24/7 monitoring of the user experience in carrier environments possible. 

Voice connection quality can be assured and network utilization optimized.
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VOIPFUTURE is the leading provider of RTP Monitoring 

as a standard network solution.

Live traffic RTP Monitoring provides insight into cus-

tomer experience and network performance of voice 

services in IP networks.

VOIPFUTURE delivers leading edge technology to mon-

itor and evaluate voice quality in Next Generation Net-

works. The products are characterized by performance, 

precision and vendor independence.

Our solutions offered to carriers, enterprises and sys-

tem integrators open up a new dimension in the effi-

cient operation of VoIP networks.

Secure your VoIP future with VOIPFUTURE.

VOIPFUTURE was founded early 2007 in Hamburg, 

Germany by former Siemens employees (spin-off) and 

is supported by Hasso Plattner Ventures.

VOIPFUTURE

Wendenstraße 379

20537 Hamburg

Germany

Phone:	 +49 40 226 302 550

Email:	 info@voipfuture.com

Web:	 www.voipfuture.com
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