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Summary – besides throughput, delay and jitter are 
two fundamental parameters for network backbone 
performance evaluation. Finding mathematical relation 
between delay and packet size on one side, and jitter 
and packet size on the other side is very useful for 
calculating round trip delay for packets of different 
sizes. As a part of this experiment samples of delay and 
jitter have been taken out of heterogeneous backbone. 
Based on these results we have managed to find relation 
between delay and packet size for test network. 
 
 

I. Introduction 

 
Heterogeneous backbones are networks that contain 

different layer 2 type technologies [3]. In this case 
heterogeneous network contained ATM and Gigabit 
Ethernet technology. This combination is commonly used 
nowadays [7]. 

Because of the reasons named above we have conducted 
measures on such heterogeneous network not only to proof 
that bigger packet causes bigger delay time, but to find 
relation between delay and packet size. This fact has to be 
thoroughly examined because it can cause serious 
problems in real time traffic transportation. Besides that it 
is essential to examine relation between jitter and packet 
size. 

 
 

II. Delay and jitter relation to packet size 

 
Measures conducted below will establish the relation 

between delay, jitter and packet size. Network 
configuration on which measures have been conducted is 
shown on figure 1. 

Many sample series, between client A and B respectively 
client A and C, have been made with the same size packets 
in order to increase accuracy of measured samples and to 
decrease the influence of the possible temporal network 
overload. Each series contains 200 samples. Samples had 
been taken using packets of different sizes: 46, 256, 512, 
1024, 1500, 3000, 6000, 9000 bytes [8]. At this time we 
have to point out that layer 2 MTU on the test network had 
been set to 1500 bytes. 
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Figure 1. Test configuration 
 
 
Because of the stated all packets larger than 1500 bytes 

had to be segmented into pieces smaller or equal to 1500 
bytes and than sent to the destination.  

Results concerning delay and jitter calculation are shown 
on figures 2 and 3. 
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  Figure 2. Round trip delay 
 
 
Figure 2 represents comparative results of round trip 

delay for packets of different sizes. Figure clearly shows 
that increase in packet size causes round trip delay to 
increase. In the next section exact relation between packet 
size and delay will be established.  
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Figure 3. Relation between jitter and packet size 

 
 

Figure 3 depicts comparative results of jitter for different 
sizes packets. From this figure it’s not clear weather the 
increase in packet size results in jitter increase. In the next 
section we will try to establish mathematical connection 
between the size of a packet and delay variance.  

To simplify whole procedure of calculating relation it’s 
necessary to calculate mean values of round trip delay and 
jitter across all samples that have been taken. Table 1 
shows all of the values showed on the figures above. 

 
 

Table 1. Jitter and delay variance values 

Packet 
size  

(bytes) 
delay (ms) jitter (µs) 

 mean  max.  mean max. 

46 0,467 0,798 41 303 

256 0,566 0,816 28 222 

512 0,767 0,926 30 138 

1024 1,177 1,706 47 608 

1500 1,491 2,234 57 804 

3000 2,152 3,092 160 1042 

6000 2,919 3,773  109 1174 

9000 3,447 4,372  97 1026 

 
 
Based upon calculated values it is possible to plot all of 

the dependencies. Table 1 clearly shows that there is 
certain relation between packet size and delay or jitter. As 
the packet size grows the delay value grows too. If we 
examine the values of jitter we cannot conclude that 
increase in packet size results in jitter increase. Figures 
shown below (figure 5 and 7) will show that there is a 
meaningful relation between packet size and round trip 
delay, but that there is no meaningful function that can 
describe relation between packet size and jitter. 

 
 

   
Figure 4. Relation between round trip delay and packet size 

 
 

If we connect the points shown on figure 4 we easily get 
logarithmic curve shown on figure 5. 

 
 

 
Figure 5. Relation between round trip delay and packet size 

 
 

Figure 5 represents graphical relation between packet 
size and delay. For packet sizes that are dominant in our 
network (packet sizes between 46 and 1500 bytes on layer 
2) round trip delay is about 1.5 ms. This means that end-to-
end delay is only 0.75 ms that is more than a good result. 
First analysis brings us to the conclusion that curve shown 
on figure 5 is logarithmic function with slight distortion 
because it runs through center of the coordinate system. 
This is obvious because the packet with the size of zero 
cannot generate any delay. 

Based on data shown in table 1 it’s possible to plot 
relation between packet size and jitter. Figure 6 shows 
points specified by table 1. 

 

 
Figure 6. Relation between jitter and packet size 

 



If connected, points on figure 6 that will form a curve 
shown in figure 7. 

 
 

 
Figure 7. Relation between jitter and packet size 

 
 
As opposite to round trip delay, jitter in our network 

shows no logical meaning. Because of that the relation 
between jitter and packet size can be considered as 
completely random process that does not depend on packet 
size. For the packet sizes that represent majority in our 
network jitter shows very good results, maximum jitter 
doesn’t exceed 60 µs. This result shows that operationally 
loaded backbone can provide high level of reliability for 
transmission of real time data. 

 
 

III. Establishing relation between round trip delay and 
packet size 

 
Curve D = f(L) that represents round trip delay as a 

function of L shown on figure 8 is a logarithmic function.  
First we’ll take into consideration pure logarithmic 

function just to establish in which way that curve is similar 
to the function shown on figure 5 that is plotted using 
samples shown in table 1.  

Pure logarithmic function (natural logarithm) has the 
following form: 

 
D = Ln (L)   (1) 

 
where L is packet length expressed in bytes. 

Value L is taken from the following interval [46…9000]. 
Based on the list DelayList using the Mathematica 4.0 
software we managed to calculate and plot logarithmic 
function that shows relation between packet size and round 
trip delay [3]. 

 
DelayList={{46,Log[46]},    

      {256,Log[256]},    
      {512,Log[512]},    
      {1024,Log[1024]},    
      {1500,Log[1500]},    
      {3000,Log[3000]},    
      {6000,Log[6000]},    

{9000,Log[9000]}}      (2) 
 

It’s necessary to point out that Mathematica software 
treats function Log(x) as a natural logarithm of x [9].  

Function defined by DelayList is shown on figure 8. 
 
 

 
Figure 8. Logarithmic relation between round trip delay and 

packet size 
 
 
If we compare two functions shown on figures 5 and 8, it 

is obvious that their only similarity is their shape. It’s 
important to point out that at this time they don’t have any 
common values.  

To establish possible connection between round trip 
delay and packet size it’s necessary to conduct additional 
research. 

 
Figure 5 same as data from table one shows that function 

plotted out of the taken samples is very similar to 
logarithmic function with slight correction. Measured 
function is logarithmic with integrated shift c because it 
goes through the center of coordinate system. This is what 
pure logarithmic function never does. Further more to 
reshape pure logarithmic function in such a way to strictly 
follow function on figure 5 it’s necessary to squeeze y axe 
of the function by factor k. 

By all stated above, conclusions and assumptions, it’s 
possible to predict that relation between round trip delay 
and packet size can be presented using the following 
function: 

 
D = c + k*ln(L)   (3) 

 
where: 
 D – round trip delay in ms 
 c and k – round trip delay network constant 
 L – packet size in bytes 
 
At this time we’ll assume that c and k are round trip 

delay constants immanent to our test network. 
With a help of program Mathematica 4.0 using least-

squares approximation we managed to find a function that 
goes through all the points defined by table 1. 

Array used in calculations is as follows: 



DelayList1 = {{46, 0.46746},    
           {256,  0.56604},     
           {512,  0.76794},     
           {1024, 1.17748},     
           {1500, 1.49149},     
           {3000, 2.15274},     
           {6000, 2.919085},    

  {9000, 3.447285}}   (4) 
 

Basic assumption that round trip delay is strictly 
logarithmic function of packet size was partially correct. 
Using least-squares approximation we made approximation 
according to the following formula: 

 
D = Fit[DelayList1,{L,Log[L]},L] (5) 

 
As a result of the approximation above we got the 

following function: 
 

D = 0.0002721*L + 0.1310*Log(L) (6) 
 

Given function, that is the closest approximation of the 
function represented by the samples shown in table 1, is 
not a pure logarithmic function as previously assumed. 
Computer approximation showed that the given function is 
a combination of linear and logarithmic function. In short 
that means that the function assumed before approximation 
must be added a following linear factor c*L.  

From this it’s easy to conclude that final function is as 
follows: 

 
D = c*L + k*Ln(L)   (7) 

 
To be more precise final function is: 
 

D = 0.0002721*L + 0.1310*Ln(L) (8) 
 

With a little calculation it’s possible to covert expression 
8 into this: 

 
D=1/3700*L + 2/15*Ln(L)   (9) 

 
From all the data we can easily conclude that round trip 

delay constants in our test network are as follows: 
 

c = 1/3700   (10) 
k = 2/15   (11) 

 
Constants c and k given above are immanent to our 

network, and they depend on implemented layer 2 
technology. Mathematically speaking those constants are 
corrections of linear and logarithmic part of function 
necessary for correct approximation of the function. Round 
trip delay constants calculated above describe the influence 
of implemented L2 technology, network devices and 
architecture on round trip delay. In this particular case we 
used multimode fiber and combination of Gigabit Ethernet, 
Fast Ethernet and ATM technology. It’s important to point 
out that calculated values of the constants are valid only 
for this test network, and that this calculation is based on 
several hundreds measures. 

 
 

IV. Conclusion 
 

Genuine assumption stated that we are dealing with a 
pure logarithmic function. Mathematical model and all 
calculations conducted showed that it’s not a pure 
logarithmic function but it’s a combination of logarithmic 
and linear function.  

The function that we managed to calculate enables round 
trip delay prediction for the test network for packets 
ranging from 46 to 9000 bytes. Packet size less than 46 
bytes weren’t taken into consideration, because network 
treats those packets as runts and rejects them. Further more 
it’s important to emphasize that backbone MTU was set to 
1500 bytes, which means that all packets larger than 
maximal MTU were automatically segmented into smaller 
packets in order to be transmitted over the backbone. The 
size of MTU can be curtail in a case of overloaded 
network. In a case described by this article we are not 
dealing with an overloaded network but with a normally 
loaded one. Setting MTU above (below) standard 1500 
bytes would for sure increase (decrease) round trip delay 
simply because of the fact that a packet has to be 
segmented at the start point and again assembled at the end 
point. We can assume that round trip delay variation 
caused by variation of MTU size is not more than few 
percent. In an overloaded network thorough examination 
should be conducted simply because of the fact that larger 
MTU means larger packets that can easily be discarded in 
a node, and smaller MTU means that a larger packet has to 
be segmented into couple smaller increasing a chance of 
loosing one of them due to congestion. In this study 
relation between jitter and packet size couldn’t be found 
simply because the results were behaving in stochastic 
manner not shoving any deterministic characteristics. 
Because of this reasons relation between jitter and packet 
size seeks for more thorough research and measures that 
are going to be conducted in a future. 
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