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Jitter or Packet Delay Variation
Real-time traffic such as IP telephony or IP video is sensitive not only to the amount of 
delay but also whether the amount of delay is relatively constant or varying. This measure 
is referred to as the packet jitter or packet delay variation4. To complicate matters, there are 
many ways of calculating delay variations and they can yield different results. The following 
are a few commonly used definitions:

	 •	 In RFC 3393, the one-way IPDV (IP delay variation) is defined as the difference 
		  between the delays experienced by two consecutive packets from the 
		  same stream.5 
	 •	 In RFC 4689, jitter is defined as the absolute value of the IPDV.6

	 •	 MEF defines frame jitter as the difference between the maximum frame delay 		
		  and the minimum frame delay within a group of samples.7

	 •	 In ITU Y.1540, the 2-point Packet Delay Variation is defined as the difference  
	 	 between the packet transfer delay of the packet and a defined reference IP 
		  packet transfer delay.8

Triple Play 
For real-time applications such as voice and video, network transmission attributes such 
as packet delay, jitter and packet loss can adversely affect the quality of the reception. For 
example, for IP telephony, the following are commonly recommended values in order to 
maintain acceptable voice quality:

	 •	 Packet delay: Less than 150 ms one-way (less than 100 ms one-way for toll- 
		  quality voice). 
	 •	 Jitter: Less than 50 ms
	 •	 Packet loss: Less than 1%

For triple play, one must be able to generate multiple data streams and verify that voice 
and video traffic is transmitted with the required performance. In this test, the different 
streams can represent data, voice and video. How the network treats each stream depends 
on the network configuration. In some networks, all IP phones are assigned to a separate 
voice VLAN. In others, the IP phones are programmed to tag all traffic with higher priority 
using 802.1p. Thus in designing a test, one must take into consideration the configuration 
of the network infrastructure in order to effectively simulate the traffic mix. The following 
diagram illustrates a typical setup.

4Packet jitter or delay variation measures the change in packet delay. This is not to be confused with video jitter 
which happens when the picture “jumps”. Video jitter can be the result of packet loss and excessive packet jitter.
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Figure 15 - Testing Triple Play
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 Future Requirements - Ethernet Service OAM
As carrier Ethernet becomes more widely deployed, an area which is evolving rapidly is 
Ethernet Service OAM (Operation, Administration and Maintenance). The objective is to 
provide carriers with a comprehensive set of tools to monitor the availability and 
performance of Ethernet services. There are a number of related efforts in progress:

	 •	 IEEE 802.3-2005 (previously 802.3ah) – Ethernet Link OAM (Ethernet in 
		  the First Mile)
	 •	 IEEE 802.1ag – Ethernet Service OAM
	 •	 ITU-T Y.1731 – OAM Functions and Mechanisms for Ethernet Based Networks
	 •	 MEF 17 – Service OAM Requirements and Framework

It is expected that as these standards mature, the prescribed tests (such as connectivity 
check, loopback, link trace and so on) will be implemented in the field test sets.
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Conclusions
Ethernet has become the ubiquitous networking technology. Carriers and service 
providers are under competitive pressure to provision service quickly and cost-effectively. 
One of the challenges of the field technician is to verify the integrity of the service which 
is becoming more complex. Basic testing uses simple IP tools such as DHCP, PING and 
traceroute to verify connectivity. Increasingly, Ethernet service must also be measured 
against the service level. RFC 2544 is the test suite that can be used to determine the 
throughput, latency, frame loss and back-to-back. In a QoS enabled network, traffic may 
be prioritized depending on the physical port, 802.1p, TOS or DiffServ, or VLAN tag. To verify 
proper QoS handling, the field engineer must be able to generate multiple packet streams 
with different characteristics and measure the performance of each stream separately. 
For example, in a network that uses Q-in-Q, the packets must be configured with at least 
two VLAN headers to allow the aggregation switches to prioritize traffic using the outer tag. 
Finally, to ensure that the network can handle real-time traffic properly, the packet delay 
variation (which is not part of the RFC 2544 test) must also be included.
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