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How to estimate the impact of burst packet loss on speech 
quality in packet network of Electric Power Utility 

 
 

Abstract. In this paper influence of burst packet loss on the quality of telephony speech signal in the packet network of Electric Power Utility (EPU) 
is calculated. Due to transients, the burst packet loss in EPU network is more probable than random packet loss. We can calculate the impairment 
factor in two ways: as the mean value of impairments in all nodes, or as the impairment for the mean value of burst duration in the network. Jensen's 
inequality is used to prove that the second method of calculation gives the pessimistic (conservative) estimate of the speech signal impairment. 
 
Streszczenie. W artykule analizuje się wpływ utraty pakietu na jakość telefonicznego sygnału w pakietowej sieci EPU. Rozerwanie pakietu jest 
bardziej prawdopodobne niż przypadkowa strata pakietu. Analizowano współczynnik zniekształcenia na dwa sposoby: jako średnia wartość 
zniekształceń we wszystkich węzłach lub średnia wartość trwania zniekształcenia. (Jak określić wpływ utraty pakietu na jakość rozmowy w 
pakietowej sieci EPU) 
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Introduction 

The modern public and private telecommunication 
networks are migrating to IP solutions. The network of 
Serbian Electric Power Utility (EPU) is also migrating to IP 
[1].  

The method for the calculation of the influence of power 
system on the quality of IP telephone signal in telephone 
network of Serbian EPU is presented in this short paper. 
The calculation is based on the special characteristics of 
EPU and on the classic mathematical knowledge. 

The packet network of EPU is similar to classic packet 
network.  However, it has, at least, three features, which 
differentiate it from other packet networks: 
- the equipment is located in the power system objects [2]; 
- the influence of power system on the telecommunication 
system is significant because power or overvoltage 
disturbances in the power system cause packet loss in the 
telecommunication system; 
- the overvoltage disturbances are of long duration [3], so 
the packet loss is almost always bursty. 

In one telephone connection, established by the network 
of EPU, each node can produce burst packet loss of 
different duration. 

Different influences (speech signal delay, echo, speech 
signal compression, packet loss, transcoding) may reduce 
the quality of the packetized speech signal. This paper 
deals with the packet loss only. We explain the method how 
to estimate the speech signal quality degradation, caused 
by the burst packet loss, if the mean duration of packet loss 
varies from node to node.   

 
Model, designations and assumptions 

It is necessary to estimate the speech signal quality of 
the telephone connection in the packet network of EPU    
(E-model) [4]. The connection passes through k network 
nodes. The speech signal is not compressed (G.711), and 
speech signal is transmitted without significant delay and 
echo. 

The power equipment and the telecommunication 
equipment are located in all network nodes. The power 
equipment in each network node causes disturbances in the 
packet network, i.e. burst packet loss. The occurrence of 
disturbances is random, i.e. disturbances generate Poisson 
process. The mean number of packets in one burst of 
impaired (lost) packets in the node i is ni, i = 1, 2,..., k. The 
overall packet loss probability is expressed by Ppl [4]. 

The robustness of speech signal to packet loss is 
expressed by Bpl and it depends only on the type of coder 
and compressor. For the G.711 coder this value is 4.3 – 4.8 
[5]. 

BurstR – (Burst Ratio) is the factor which expresses the 
influence of packet loss burstiness on the speech signal 
impairment. When packet loss is random, the value of 
BurstR is 1, and when packet loss is bursty, the values of 
BurstR are greater than 1. The value of BurstR can be 
calculated using the equation (3-30) from [4]: 

 

(1)                                
1

BurstR =
p + q

                         

 

where p and q are the transition probability between a 
"found" state (correct packets received) and a "loss" state 
(incorrect packets received, i.e. packets loss) in the Gilbert 
model with two states. It can be shown easily that the value 
of BurstR is proportional to the number of lost packets in 
one burst.  
 
Calculation of speech signal impairment  

The speech signal impairment, caused by the 
compressor and burst packet loss, can be calculated using 
the equation (3-29) from [4]: 
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where Iе is the equipment impairment factor due to 
compressor and Ie-eff  (Effective Equipment Impairment 
Factor) is the value of Ie corrected by the influence of (burst) 
packet loss. 

In the case described in this paper the equation (2) is 
simplified, because the compression doesn't exist. That's 
why the degradation of speech signal quality caused by the 
compression doesn't exist, Iе = 0, and the equation (2) 
becomes:  
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In the packet network of EPU, the connection passes 
through several (k) nodes where burst packet loss with 
different mean number of lost packets in one burst is 
generated. We suppose that each network node of one 
connection has different mean number of lost packets. Due 
to this fact, in each network node the different value of 
BurstR will exist. If BurstRi is the value of BurstR in network 
node i, then the mean value of BurstR for the entire 
connection is: 

 

(4)                   
k

m i i
i=1

BurstR = v BurstR   

  

where vi (i=1,2,...,k) is the part of lost packets in the node i. 
This variable presents also the probability, and, so, the sum 
of all vi values is equal to 1. 
 

The speech signal impairment of the first kind, Ie-effm1, 
can be calculated using this mean value BurstRm: 
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On the other hand, the mean value of speech signal 
impairment of the second kind, Ie-effm2, can be calculated as 
the mean value of all impairments using equation: 
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where Ie-effi is the impairment in the network node i with 
BurstR = BurstRi: 
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The main question of this paper is: which estimate of the 
speech signal impairment, caused by burst packet loss, is 
better: Ie-effm1 or Ie-effm2. This question can be answered 
bearing in mind two facts: 

 

- The first one is the shape of the function expressed by the 
equation (3). This function represents the speech signal 
impairment depending on the packet loss burstiness. The 
equation (3) can be written in the simpler form: 
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e-eff
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The function f(x) has the following characteristics: 
1. The function is, obviously, monotonically increasing. 
2. The function is continuous and two times differentiable. 
3. The second derivation of the function is negative: 
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because all the values (A, B, C, x) in (8) are positive. 
According to the characteristics of function f(x) and equation 
(9), it is clear that the function (3), i.e. (8) is concave relative 
to x axis. 
 

- The second important fact is explained by Jensen’s 
inequality [6]. Jensen’s inequality determines the relation 
between the mean value of real function, f(x), and the mean 
value of independent variable, x. 

Let us observe the function f(x) on the interval a ≤ x ≤ b. 
If the function is concave between a and b, i.e. if: 
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i.e. the value of the function for the mean value of 
independent variable is not less than the mean value of 
function for the observed values of independent variable. 
(The reverse inequality stands for convex function.) 

According to these: 
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We can conclude that the impairment of the speech 
signal quality, calculated for the mean number of lost 
packets in the bursts, is not less than the mean value of 
impairments calculated over all nodes. It means that the 
estimate Ie-effm1, i.e. equality (5), gives the conservative 
estimate of speech signal impairment, i.e. the estimate 
which is on the safe side. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig.1. Illustration of the method for BurstR calculation in the 
network of three nodes figure inserted into the text 
 

Figure 1 presents graphically the equation (12). 
According to the measurements, the lost packets appear in 
one of three different groups. 

The probability that ni  packets are lost in the burst is  vi 
(i = 1, 2, 3, v1 + v2 + v3 = 1). If ni  packets are lost in the 
burst, the corresponding value of BurstR is BurstRi. The 
mean value of BurstR (BurstRm) can be calculated using 
equation (4). 
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The value of the function Ie-eff(BurstRm) = Ie-effm1 is 
presented by the point Z. 
The mean value Ie-effm2, expressed by the equation (6), is 
represented by one point from the area O, surrounded by 
the lines KL, LN and NK. This value is always under the 
graph of the function Ie-eff (BurstRi), except in the trivial case 
when 2 of 3 values vi (i = 1, 2, 3) are equal zero. 
 
Еxample: Let us consider the packet network of EPU where 
the uncompressed speech signal (G.711) is transferred 
without packet loss concealment (Bpl = 4.8). Because of the 
different influence of power system, there are k=3 kinds of 
burst packet loss: with n1 = 2, n2 = 6 and n3 = 8 lost packets 
in burst. The overall packet loss is Ppl = 1% and all three 
groups equally participate in packet loss. As the packet loss 
rate is small, it can be shown that ni ≈ BurstRi, i = 1, 2, 3. 

According to equation (7): 
In the case of bursts of 2 packets, the value Ie-eff1  ≈ 17.92. 
In the case of bursts of 6 packets, the value Ie-eff2  ≈ 19.13. 
In the case of bursts of 8 packets, the value Ie-eff3  ≈ 19.29. 

The mean value of BurstR is: 
 

.
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From the equation (12) follows: 
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1
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We can conclude that the first estimate of the 
packetized speech signal impairment, which uses the mean 
value of BurstR (BurstRm), is conservative. It is also very 
approximate to the real value because of the light curvature 
of function Ie-eff(BurstR). 
 
Conclusion 

Packet telephone network of EPU is under the influence 
of power system and the packet loss is bursty. The speech 
signal impairment can be calculated using two methods: 
using the mean value of the impairment and using the mean 

values of the number of lost packets. The main contribution 
of this paper is the proof that the second method gives the 
results, which are on the safe side, i.e. they are 
conservative. Jensen’s inequality is used to prove that this 
calculation gives the worst results in the calculation of 
speech signal quality. 

 
ACKNOWLEDGEMENTS  
      The   study   was   carried   out  within   the   Project   
TR32007: “Multiservice optical transport platform with 
OTN/40/100 Gbps DWDM/ROADM and Carrier Ethernet 
functionality” was financed by the Ministry of Science and 
Technology, Republic of Serbia. 
 

REFERENCES 
 [1] Krajnović, N : “The Design of a Highly Available Enterprise IP 

Telephony Network for the Power Utility of Serbia Company”, 
IEEE Communications Magazine, Vol.47, (April 2009) No.4, 
pp.118-122. 

[2] Lebl, A., Mitić D. and Markov Ž: “Influence of connection length 
on speech signal quality in packet network of electric power 
utility”, Revue Roumaine des Sciences Techniques – Serie 
Electrotechnique et Energetique, Vol. 56, (September 2011), 
No. 3, pp. 295-304. 

[3] IEEE STD 643-2004 - IEEE guide for power-line carrier 
applications: IEEE Power Engineering Society, 2005. 

[4] ITU-T Recommendation G.107 - The E-model: a computational 
model for use in transmission planning, 2011. 

[5] ITU-T Recommendation G.113 - Transmission impairments due 
to speech processing, 2007. 

[6] Krantz S.G: Handbook of Complex Variables, Birkhäuser; 1999, 
section 9.1.3.  

  
  
 
Authors: mr Tomislav Šuh, dipl. Ing., IRITEL A.D., Batajnički put 
23, 11080 Belgrade, Serbia, (phone 381-11-3073555; e-mail: 
suh@iritel.com; dr Aleksandar Lebl dipl.ing., IRITEL A.D., 
Batajnički put 23, 11080 Belgrade, Serbia, (phone 381-11-
3073403; e-mail:  lebl@iritel.com;  dr Dragan Mitić dipl.ing., IRITEL 
A.D., Batajnički put 23, 11080 Belgrade, Serbia, phone 381-11-
3073425; e-mail: mita@iritel.com;  prof. dr Žarko Markov, dipl.ing., 
IRITEL A.D., Batajnički put 23, 11080 Belgrade, Serbia,  phone 
381-11-3073403; e-mail:  Zarko.Markov@iritel.com. 

 
 


