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Abstract—Quality and reliability problems are characteristic of 
real-time services on the Internet such as Voice over IP (VoIP). In 
this paper the availability of diversity in the Internet is 
investigated to overcome these flaws. Fully redundant dispersity 
routing exploits diversity by routing complete copies of the data 
to be communicated along multiple paths. By actively replicating 
the data along multiple paths, the effect of a failure on one path 
may be reduced — or even masked completely — by other paths. 
This paper presents simulations of such a system, drawing on real 
VoIP traffic data for the loss, latency and jitter characteristics 
that data may experience while traversing a path. These 
simulations show that this form of dispersity routing reduces loss 
and mean loss burst length, has a de-jittering effect through 
competition among the paths, and that small numbers of paths 
already yield significant improvements in deliverable VoIP 
quality — from 84.12% of calls with which users are estimated as 
being ‘very satisfied’, to 99.86% using fully redundant dispersity 
routing with just two paths. 
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I.  INTRODUCTION 
Users of Voice over IP (VoIP) services over the public Internet 
have most likely experienced quality and reliability problems. 
To solve these problems this paper considers a fully redundant 
dispersity routing system that exploits the path diversity 
available in the Internet to improve deliverable quality of VoIP 
services by transporting concurrently multiple instances of the 
data along multiple paths towards its destination. Assuming 
that paths have independent failure behaviors, actively 
replicating the data along multiple paths gives these paths the 
opportunity to reduce or even mask completely the effect of a 
failure on other paths. While users of real-time services such as 
VoIP may adapt to their needs infrastructure that they control, 
fully redundant dispersity routing allows these users to 
overcome failures in the public Internet over which they may 
have no control. 

This paper presents simulation results using real VoIP 
traffic data measured in a commercial call center. The first 
simulation comprises of a single scenario using three paths, and 
illustrates salient effects of fully redundant dispersity routing 
on metrics relevant to VoIP. This is followed by two sets of 
simulations using two to six paths which demonstrate 
collectively the effect on deliverable VoIP quality, measured 
using Mean Opinion Score (MOS) [1] estimates computed with 

the E-model [2], of fully redundant dispersity routing using 
increasing numbers of paths.  

Using these simulations, we show that: (1) fully redundant 
dispersity routing is effective in reducing loss and mean loss 
burst length; (2) competition among the paths has a de-jittering 
effect; and (3) significant improvements in VoIP quality are 
achievable with small numbers of paths. MOS estimates for 
telephone calls measured in a commercial call center show that 
84.12% of calls have a MOS of at least 4.34. A MOS of 4.34 or 
greater may be interpreted as a level of quality with which 
users are ‘very satisfied’ [2]. Our simulations show that fully 
redundant dispersity routing with just two paths may be able to 
increase the proportion of calls with a ‘very satisfied’ quality 
rating to 99.86% in that commercial call center, providing a 
premium service that is more on par with traditional telephony 
than VoIP is currently. 

While replicating the data of a real-time service such as 
VoIP along multiple paths increases Internet usage by that 
service, the Internet is a commodity and consumers pay to use 
it. Compared to services such as Internet television and on-
demand video streaming the additional usage, and thus cost, is 
likely to be negligible. Similarly, the increased cost compared 
to that for traditional telephony is likely to be negligible. Each 
individual user may decide whether the gain in quality for a 
premium real-time service warrants the additional cost. 

Recent work related to ours includes [3] and [4] which use 
non-redundant dispersity routing, and [5] which use path 
switching. Our work differs from [3]–[5] in that we consider 
fully redundant dispersity routing, being prepared to expend 
additional resources in return for a premium service that is on 
par with traditional telephony. Furthermore, we use real VoIP 
traffic data measured in a commercial call center in simulations 
to demonstrate the effects of fully redundant dispersity routing 
on VoIP quality. 

The remainder of this paper is structured as follows: section 
II establishes the background summarizing alternative 
approaches to dispersity routing, before describing dispersity 
routing in its various forms, and introducing the MOS that is 
used in this paper to quantify quality. Section III describes the 
measuring of VoIP traffic data that both establishes a baseline 
of current performance for comparison and is used in the 
simulations to provide realistic path characteristics, section IV 
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outlines the dispersity routing simulator model, followed by the 
simulation results in section V and the conclusion in section VI. 

II. BACKGROUND 
Firstly in this section alternative approaches to dispersity 
routing are summarized. Next, dispersity routing is described, 
including the form used in this paper. Finally, the MOS is 
discussed as a means of measuring quality. 

A. Forward Error Correction 
Forward Error Correction (FEC) techniques may mask failures 
by including redundant data in the stream [6], and then using 
that redundant data to recover lost data, at least in part. 
However, real-time communication by definition has time-
constraints, which limits the usage of FEC techniques. 

For VoIP, latencies of 150 ms or more are generally 
accepted as impeding on quality [7]. As loss tends to be bursty 
[8]–[9], FEC techniques may not be able to mask failures 
within these time constraints. A loss burst with a duration in 
excess of � cannot be masked within � when the redundant data 
for reconstructing that lost data is not available within �. 
B. Path Switching 
Path switching relies on identifying alternative paths 
preemptively and upon detecting or even just predicting better 
performance on another path, switching to that path [5][10]–
[12]. The accuracy of the predictor determines the effectiveness 
of this scheme.  

Being able to predict degradation on the current path allows 
the scheme to switch to a better path before the degradation 
occurs. In the absence of this ability, path switching would 
occur reactively only once the degradation has occurred, which 
would cause an interruption until the switch to another path has 
completed. Similarly, in addition to knowing which alternative 
path currently gives better performance, being able to predict 
which alternative path will offer better performance over long 
time scales allows the scheme to avoid switching to a path that 
is about to experience the same degradation or worse. 

C. Dispersity Routing 
Delivering data to its intended destination by transmitting it 
towards multiple nodes in the general direction of the 
destination was first considered as a routing technique called 
selective flooding [13]. Although it was dismissed as inefficient 
at the time, variations of this technique may show promise and 
are considered in this paper. 

Maxemchuk [14]–[15] is generally credited to be the first to 
describe a system that employs multiple concurrent routes to 
transport data for the benefits that it brings to data transport. 
Called dispersity routing, Maxemchuk identifies three forms: 
(i) non-redundant, (ii) fully redundant, and (iii) partially 
redundant dispersity routing. 

Non-redundant dispersity routing is used primarily for the 
performance gains possible when combining the capacity of 
multiple paths, effectively inverse multiplexing. In this 
approach, the data to be communicated is distributed among 
the paths, such that each path is given a subset of the data and 
each subset is given to one path only. Fully redundant 

dispersity routing is used primarily for the quality gains 
possible when a failure on one path may be masked by other 
paths. In this approach, the data to be communicated is given to 
all paths, such that each path is given all of the data. Partially 
redundant dispersity routing seeks to minimize bandwidth 
requirements by balancing performance and quality using 
techniques such as erasure codes. However, instead of a code 
covering a range of data along a given path, here a code may 
cover a block of data across the set or subset of paths, in 
various arrangements. For the remainder of this paper 
dispersity routing refers to the fully redundant form. 

D. Mean Opinion Score 
The Mean Opinion Score (MOS) is widely accepted as the 
standard method of evaluating perceived conversational voice 
quality [1]. In this method, human evaluators rate the call 
according to a standardized procedure with an opinion score in 
the range 1 (Bad) to 5 (Excellent). 

However, the very subjective nature of this test which 
makes it so valuable — the perceived quality by humans — is 
also its weakness as this subjectiveness makes it difficult to be 
consistent, and the need for human evaluators makes it 
expensive and in this context impractical. Objective approaches 
such as Perceptual Evaluation of Speech Quality (PESQ) [16] 
and the E-model do not suffer these shortcomings. 

PESQ compares the original signal (from the speaker) to 
the degraded signal (as observed by the listener) to yield a 
quality estimate. However, both the original and the degraded 
signal are needed; when the degraded signal only is available 
this method is unsuitable. 

The E-model is a computational model that yields a rating 
factor from a set of telephone system characteristics, where the 
rating factor can be mapped to a MOS estimate. That set of 
characteristics comprises of observable properties such as 
latency, loss, burstiness, and codec. The audio for which the 
MOS estimate is being computed is not included in that set. 

In this paper, all MOS estimates are computed using the 
E-model. While the E-model accepts 21 parameters, each 
equating to a telephone system characteristic, the MOS 
estimates in this paper are computed from 6 parameters derived 
from latency, codec, loss rate and burst ratio, using the default 
values recommended by the E-model for the remaining 
parameters. 

III. MEASURING VOIP TRAFFIC DATA 
This section describes the measuring of VoIP traffic data used 
both to establish a baseline by estimating currently achieved 
quality without dispersity routing, and to provide realistic path 
characteristics for the simulations. In addition, some salient 
properties of the data collected are presented. 

To measure real VoIP traffic data, the telephone system in a 
commercial call center was modified to measure a subset of its 
telephone calls. Within the organization, dedicated and isolated 
resources are allocated to the telephone system, with capacity 
utilization negligible. The telephone system connects to two 
VoIP service providers over the public Internet, each handling 
approximately half the calls. Between 20 August 2009 and 



22 October 2010, 18 574 calls totaling to over 888 hours were 
measured encompassing 158 651 893 received packets. 

For each call selected for measuring, the telephone system 
creates a file called a call profile that contains information 
about the call (including call date and time, a latency estimate, 
and the trunk identity) and each received packet (including 
packet type, sequence number, send timestamp, and receipt 
timestamps). All lost packets — identifiable using sequence 
numbers — are assumed to be voice packets. 

Fig. 1 depicts the cumulative distribution of the MOS 
estimates (computed with the E-model) for these measured 
calls, and indicates the proportion of calls with a MOS estimate 
of at least 4.34, that is, calls with a very satisfied quality rating. 
The distribution depicted in Fig. 1 supports the perception that 
most of the time (approximately 84%) the performance of VoIP 
over the public Internet is acceptable, but that quality and 
reliability problems are characteristic of VoIP. Approximately 
16% of measured calls have a quality rating indicating users are 
less than ‘very satisfied’.  

To identify the cause of these quality and reliability 
problems, Fig. 2 plots the packet loss probability against the 
MOS estimate for each measured call. Fig. 2 also plots a MOS 
curve for packet loss probabilities in the range 0 to 0.2, where 
all parameters of this curve other than the packet loss 
probability are constant. As the estimated MOS correlates 
strongly with the observed packet loss probability, as shown in 
Fig. 2, along a MOS curve that is variant only on the packet 
loss probability, these quality and reliability problems are due 

mostly to packet loss. For the sake of completeness, the 
constant parameters to the MOS curve are as follows. The burst 
ratio and latency are the mean burst ratio and latency for all call 
profiles. Codec-derived parameters (that is, Equipment 
Impairment Factor, Packet-loss Robustness Factor and 
Number of Quantization Distortion Units) are adopted from the 
call profiles, which all use the same codec and therefore have 
the same values for these parameters. For the remaining 
parameters the default values defined by the E-model are used.  

IV. SIMULATION MODEL FOR DISPERSITY ROUTING 
The effects of dispersity routing may be observed by 
simulating a system as depicted in Fig. 3. Each packet entering 
the system is sent over all paths, three in this example. While 
traversing a path, packet instances may be lost or experience 
latency and some degree of jitter. Packet instances that are not 
lost while traversing a path enter the de-dispersion buffer, 
which discards all but the first received instance of each packet 
and schedules the packet for delivery from the system. 

To simulate what happens to packet instances as they 
traverse a path, loss, latency and jitter are drawn from a 
measured call profile, the measuring of call profiles being 
described in section III above. This is similar to the approach 
taken by [17], except that we draw the loss, latency and jitter 
directly from call profiles, rather than using the measurements 
to create stochastic processes from which loss, latency and 
jitter are then drawn. While the call profiles may be described 
by models such as a Gilbert model for packet loss [6][8][11] 
and a shifted gamma distribution for jitter [18]–[19], in this 
paper we use call profiles directly to be as realistic as possible. 

Sequence numbers are used to identify lost packets and to 
order packets. For a system with three paths, three unique call 
profiles are selected. As the shortest call profile constrains the 
duration of the simulation, where the length of a call profile is 
the number of received packets and identified lost packets, the 
call profiles are truncated to the length of the shortest call 
profile selected. Each truncated call profile is assigned to one 
path, such that each path has one call profile. The first packet 
instance traversing a path adopts the loss, latency and jitter 
observed for the first packet in the call profile assigned to that 
path, the second packet instance those for the second and so on. 

 
Figure 1.  Cumulative distribution of MOS estimates for measured calls. A 

MOS of 4.34 or above may be interpreted as quality with which users are ‘very 
satisfied’. 84.12% of calls measured have a MOS of at least 4.34. 

 
Figure 2.  Scatter plot for measured calls of observed packet loss probability 
against estimated MOS. Trend follows MOS curve variant only on packet loss 

probability, with burst ratio and latency given as mean for all call profiles. 

Figure 3.  A dispersity routing system using three paths. Packets enter the 
system on the left, are delivered over multiple paths concurrently, and pass 

through a de-dispersion buffer before leaving the system on the right. 
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Loss of a packet in the call profile is adopted as loss of the 
respective packet instance on the path. Latency and jitter are 
adopted by their inclusion in the computation of the arrival 
time of the non-lost packet instance into the de-dispersion 
buffer, and then in the delivery time of the first of each packet 
instance from the system. 

Let �  be the set of �  received packets in a call profile 
assigned to a path, and �  and �  the set of send and receive 
times respectively for the packets in � . Assuming that the 
clocks at the sender and receiver increment at the same rate, 
jitter � for packet � in relation to packet 	, where 
 � � � � �

, 
 � 	 � � � �, and 	 � �, is computed as 

� ���� � � ���� � ��� � ���� � ����� ����

The cumulative jitter � for received packet �, where � � 
 
and � � � is given by 

� �� ��������
�

���
� ���� � � � � ���� � � ��� ����

Jitter and cumulative jitter cannot be computed for packet 
0, the first packet, since jitter is computed against a predecessor 
and the first packet has no predecessor. Furthermore, as a 
packet traversing a path with constant latency ! by definition 
takes at least ! to traverse that path, the minimum additional 
delay is 0. Thus, the delay experienced by the first packet in 
addition to latency is estimated as �"����#��  where # �
$��% & � $& � �% & � 
'', and to adopt the jitter observed for 
the packets in �, the delay in addition to latency for received 
packet � is then given by 

� (� � )�"����#�� � � � 

( * ��� � � 
��� ����

Therefore, the arrival time + in the de-dispersion buffer of 
non-lost packet instance � received over a path with latency ! is 
computed as 

� +� � �� * ! * (��� ����

While the de-dispersion buffer may delay packets similar to 
a de-jitter buffer, for illustration purposes no de-dispersion 
buffer delay is adopted in this paper. The first instance of each 
packet that arrives in the de-dispersion buffer is delivered from 
the system as soon as it arrives. 

V. SIMULATION RESULTS 
This section presents the results of three simulations. The first 
illustrates salient effects of dispersity routing, the second 
simulation quantifies the effectiveness of dispersity routing in 
improving quality for the overall range of conditions observed 
in section III, and the third quantifies the effectiveness of 
dispersity routing in improving quality for some of the most 
extreme conditions observed in section III. 

A. Salient Effects of Dispersity Routing 
Salient effects of dispersity routing may be illustrated by 
considering a dispersity routing system with three paths. Since 
in an actual system paths with comparable latencies would be 
chosen, let the three paths have latencies between 45 ms and 
60 ms. Furthermore, let these three paths experience the loss, 
latency and jitter experienced by the three calls measured in 
section III with the lowest MOS estimates. Therefore, let the 
three call profiles selected for assignment to these three paths 
be those with (1) estimated latencies between 45 ms and 60 ms 
and (2) the lowest MOS estimates. 

A simulation of this system demonstrates the effects of 
dispersity routing for a single call, using paths experiencing the 
worst conditions measured in section III for comparable 
latencies. Table I summarizes the latency, MOS, loss and mean 
burst length measured for the calls whose call profiles are 
adopted by the three paths, and at the output (see Fig. 3) of the 
simulation of this system. 

As shown in Table I, the output MOS of 4.38 is much closer 
to the maximum possible MOS of 4.41 for a lossless output 
here than the MOS of the individual paths (averaging to 1.49). 
This improvement is due primarily to the reduction in packet 
loss and burstiness, as supported by the correlation observed in 
Fig. 2. Loss decreases from a mean of 1431 packets on the 
individual paths to 35 on the output, and burstiness from a 
mean (of the mean burst length of each path) of 32.95 packets 
to 8.5 packets at the output. 

Fig. 4 depicts for each path and the output the cumulative 
jitter for non-lost packets in packet range 400 – 4400. Loss 
bursts are clearly visible as blocks of missing cumulative jitter. 
While in this example cumulative jitter was not considered in 
the MOS (by dropping packets that miss the de-jitter buffer and 
affecting the MOS in the form of loss), another effect of note is 
the reduction in cumulative jitter that occurs when low-jittered 
packets out-compete high-jittered packets [20]. In the example 
above, path 3 has the lowest latency and, therefore, its packets 
tend to arrive before packets from the other paths. However, 
while packet 722 experiences a peak in cumulative jitter on 
path 3, on the output that packet does not: another path out-
competes path 3 and delivers that packet earlier. 

Packets 4063 – 4268 illustrate this effect further. On path 3 
these packets are lost, so paths 1 and 2 mask the loss. When 
packet 4182 on path 2 experiences high cumulative jitter, it is 
outcompeted by path 1. Indeed, the range of cumulative jitter 
on the output for that period is smaller than the range outside 
that period, because the latencies of path 1 and 2 are very close. 
Since cumulative jitter is heavy tailed and packets are more 
likely to be low jittered than high-jittered, competition has the 
opportunity to reduce cumulative jitter. 

TABLE I.  EFFECT ON MOS, LOSS, AND BURST LENGTH

Measuring 
Location 

Latency 
(ms) MOS Total Loss 

(Packets) 

Mean 
Burst 

(Packets) 

Path 1 57.0  1.50  1419  33.44  

Path 2 56.5  1.54  1409  31.38  

Path 3 52.0  1.43  1465  34.02  

Output 52.0  4.38  35  8.50  



However, out-of-order packets may occur when a loss burst 
ends on a lower latency path. Packets traversing that path after 
the loss burst ends may arrive before earlier packets traversing 
a higher-latency path arrive and which were lost in the lost 
burst on the lower latency path. In addition, at the points that 
higher latency paths begin and end masking for a loss burst on 
a lower latency path, jitter is likely to occur. 

The probabilities of causing jitter and out-of-order packets 
may be reduced by the de-dispersion buffer scheduling, similar 
to a de-jitter buffer except that late packets are not discarded, 
the first instance of each packet for delivery instead of 
delivering them as soon as they arrive. Given the set of path 
latencies ,, a de-dispersion buffer of size "�&��,���- �"����,�� 
compensates for the difference in latencies causing jitter and 
packet re-ordering. 

B. Effectiveness of Dispersity Routing for Overall Conditions 
Drawing on the full set of call profiles measured in section III, 
a simulation of dispersity routing systems using 2 – 6 paths 
quantifies the effectiveness of dispersity routing in improving 
deliverable quality for the full range of observed conditions. 
Let � be the number of paths in the range 2 – 6. For each value 
of �, select 10 000 random and different combinations of � call 
profiles, such that (1) each combination of �  call profiles 
contains � different call profiles, and (2) no two combinations 
of � call profiles contain the same � call profiles. Fig. 5 depicts 
the probability that a call has a MOS of at least 4.34 for calls 
measured in section III (shown as the probability for a 1 path 
system as these calls did not use dispersity routing) and 
simulations of dispersity routing systems using 2 – 6 paths. 

Of calls measured in section III, 84.12% have a rating of 
4.34, a score indicating a quality with which users are ‘very 
satisfied’. Going to dispersity routing with just two paths 
increases the proportion of calls with a MOS estimate of 4.34 
or above to 99.86%. These simulations show that for the full 
range of conditions measured in section III, dispersity routing 
with just two paths provides a premium service that is more on 
par with traditional telephony than VoIP is currently. 

C. Effectiveness of Dispersity Routing for Extreme Conditions 
A simulation of dispersity routing systems using 2 – 6 paths, 
drawing on the call profiles measured in section III with the 

lowest 100 MOS estimates, quantifies the effectiveness of 
dispersity routing in improving quality for some of the most 
extreme conditions observed. Similarly to the previous 
simulation, let � be the number of paths in the range 2 – 6. For 
each value of � , select up to 10 000 random and different 
combinations of � call profiles, such that (1) each combination 
of �  call profiles contains �  different call profiles, and (2) no 
two combinations of �  call profiles contain the same �  call 
profiles. For 2 paths select all possible .�  / 0  = 4950 
combinations, for the remainder select 10 000 combinations. 

Fig. 6 depicts six cumulative distributions and their lowest 
5th percentile. The percentiles are shown as vertical lines. From 

Figure 4.  Fragment of simulation illustrating distortions experienced by 
packets traversing paths 1 – 3 shown by (a) – (c) respectively, and observed at 
output (d). Jitter shown as cumulative jitter, loss as missing cumulative jitter.

Figure 5.  Probabilities of MOS being at least 4.34 for overall observed 
conditions with 1 path (no dispersity routing) and 2 – 6 paths (with dispersity 

routing). Two paths already yield significant improvements. 

Figure 6.  Cumulative distributions of output MOS estimates in extreme 
conditions for, from left to right, systems with 1 – 6 paths. Also shown is the 

lowest 5th percentile of these distributions, also from left to right. 
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left to right, the first 5th percentile is for the first cumulative 
distribution, the second 5th percentile is for the second 
cumulative distribution and so on. The left-most cumulative 
distribution shown in Fig. 6 is for the MOS estimates of the call 
profiles measured in section III with the lowest 100 MOS 
estimates. This is the deliverable quality for these call profiles 
in the absence of dispersity routing, that is, a system with 1 
path. The remaining five cumulative distributions are, from left 
to right, the output MOS estimates from the simulations of 
dispersity routing systems using 2 – 6 paths respectively. Note 
that the cumulative distribution and 5th percentile for 5 paths 
are obscured by the almost identical results for 6 paths. 

The impact of dispersity routing on deliverable quality is 
illustrated in Fig. 6 by the shift in the output MOS estimate 
cumulative distribution towards the maximum possible MOS of 
4.4094 for a lossless output here. Fig. 7 summarizes that shift 
by plotting the 5th percentiles from Fig. 6, highlighting a trend 
of diminishing returns. However, most importantly this shows 
that dispersity routing can improve quality even in extreme 
conditions.  

VI. CONCLUSION 
This paper shows that fully redundant dispersity routing can 

exploit the redundancy inherent in the Internet to increase 
deliverable VoIP quality as measured by MOS estimates 
computed using the E-model, reduces loss, has a de-jittering 
effect through competition among the paths, and reduces mean 
burst length. Simulations using actual VoIP traffic demonstrate 
that a small number of paths already yield significant returns. 
Even using the worst 0.54% of call profiles on record for 
example, 98.07% of the scenarios simulated with 6 paths 
drawing path characteristics from those call profiles yield the 
maximum possible MOS. In typical conditions observed in a 
commercial call center, where 84.12% of calls may be 
interpreted as being of a quality that is very satisfactory without 
dispersity routing, using dispersity routing with just two paths 
increases that percentage to 99.86%, delivering a premium 
service that is more on par with traditional telephony than VoIP 
is currently. 
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Figure 7.  5th percentiles of output MOS estimates under extreme conditions. 
Additional paths yield diminishing returns, with biggest gain returned by 

going from no dispersity routing to dispersity routing with 2 paths. 
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