
 

  
Abstract—Existing methods of analysis of voice transmission 

by packet switching were designed mainly with respect to a 
Poisson stream of input packets, for which the probability of 
an active packet on each input port of the router is a constant 
value in time. This assumption is not always valid, since the 
formation of speech packets during a dialogue is a non-
stationary process, in which case mathematical modeling 
becomes an effective method of analysis, through which 
necessary estimates of a network node being designed for 
packet transmission of speech may be obtained. This paper 
presents the result of analysis of mathematical models of 
Markov chain based speech packet sources vis-à-vis the 
peculiarities of telephone dialogue models. The derived models 
can be employed in the design and development of methods of 
statistical multiplexing of packet switching network nodes. 
 

Index Terms—Markov models; Statistical multiplexing; 
Speech processing; Packet switching; QoS. 
 

I. INTRODUCTION 
he main aim of statistical analysis of the characteristics 
of speech communication is the development of models 

that describe the change in the states of speech during a 
telephone conversation [1]. Markov processes with the 
necessary number of states satisfactorily describe speech 
signal formation mechanism, the knowledge of which is 
necessary for the analysis of network problems in packet 
switching [2, 3].  

In the process of a telephone conversation between any 
two subscribers, each communication direction via the 
telephone channel is used on the average for only half the 
conversation time. Additionally, the active state duration of 
the channel is further reduced because of pauses between 
words and phrases. These all lead to a total active state 
duration of tone-frequency channel of approximately 35–
40% [4].  

In a bid to increase the efficiency of channel capacity 
usage, the pause durations of one dialogue can be used for 
the transmission of active state dialogues of other 
subscribers [5, 6]. This is achievable by means of statistical 
multiplexing, and systems used for its realization are known 
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as statistical transmission systems (STS) [7]. Such systems 
can theoretically increase the efficiency of channel capacity 
usage by between 20–30% both ways.   

Digital Speech Interpolation (DSI) method employed in 
statistical transmission systems presupposes that under a 
normal duplex conversation, each speaker only occupies the 
channel for approximately half the conversation period. 
Further more, pauses in between phonemes, words and 
phrases are added to channel inactivity (idle) time, bringing 
the active usage time of a normal simplex telephone channel 
to 25% of connection time on the average. Consequently, if 
that same channel can be given to other subscribers for 
usage during its inactive period, this will substantially 
increase the number of connections that can be organized in 
the same channel for the same time span. Subsequently the 
volume of traffic over the channel can be increased 
considerably. Suffice it to note here some characteristic 
advantages of statistical multiplexing [8, 9]:  

i. dynamic allocation of the capacity of channel being 
multiplexed depending on the activity of the data 
transmission channel; 

ii. possibility of on-demand allocation of channel 
capacity; 

iii.  possibilty of allocating priority levels for different 
 types of traffic (i.e. introduction of QoS). 

II. MARKOV MODELS OF TELEPHONE DIALOGUES 
The problem of studying the dynamics of dialogue is not 

a new one, and it is very well covered in the literature. We 
consider here the most popular models in existence as at this 
writing. Given that there exists a means of speech 
transmission, in which a given interval of time is allocated 
for each packet, i.e. a certain device divides the time axis 
into segments, in the duration of which empty or occupied 
packets can be received from each subscriber depending on 
the energy level of its speech signal. The moment of 
appearance of active speech signal and the flow of packets 
are not synchronized. We shall assume hereafter that only 
one of the subscribers (the one initiating the dialogue) can 
change the state of the speech signal within the span of a 
packet. 

A. Six-state (Brody) telephone dialogue model 
This model consists of the following six states as its name 
implies: 

1. subscriber A is speaking, subscriber B is silent; 
2. subscriber A is preparing to pause; 
3. mutual silence of both subscribers, subscriber A 

spoke last; 
4. subscriber B is speaking, subscriber A is silent; 
5. subscriber B is preparing to pause; 
6. mutual silence of both subscribers, subscriber B 

spoke last. 
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Fig. 1. PDF of the duration of active packets for all conversations 

This six-state model attracts a lot of interest since it 
excellently describes the dynamics of all possible states of a 
dialogue. This fact notwithstanding, however, simpler 
models are usually adopted provided they reflect exactly the 
change in duration of the active and pause states. 

B. Four-state telephone dialogue model 
This model consists of the following states: 

1. subscriber A is speaking, subscriber B is silent; 
2. subscriber A is speaking, subscriber B is speaking; 
3. subscriber A is silent, subscriber B is speaking; 
4. subscriber A is silent, subscriber B is silent. 

This model clearly reflects the distribution of pause 
and speech activity durations, but it does not 
correspond with real event flow when both 
subscribers exhibit simultaneous speech activity. 

C. Three-state telephone dialogue 
This model consists of the following states: 

1. subscriber A is speaking, subscriber B is 
silent; 

2. subscriber A is silent, subscriber B is silent; 
3. subscriber A is silent, subscriber B is 

speaking. 
This model also reflects the distribution of active 
and pause durations efficiently. In its case, the 
duration of the active state is geometrically 
distributed, while that of the pause state differs, which 
corresponds to the real characteristic of speech signal [2]. 

D. Two-state telephone dialogue 
Further simplification of the model gives the simplest 

model with two states: 
1. subscriber A is speaking, subscriber B is silent; 
2. subscriber A is silent, subscriber B is speaking. 

Such model as described above corresponds to experimental 
data on the distribution of the active speech phase, but does 
not reflect the peculiarities of the distribution of pause 
duration. It excludes the possibility of both subscribers 
being in the pause state simultaneously. Thus, the dialogue 
activity seems to be switched between subscriber A and B, 
while both the active and pause states have a geometric 
distribution. 
 All the models considered above cannot serve as solution 
of the stated research problem – i.e. modeling of the flux of 
speech packets from a single subscriber during a telephone 
dialogue. Stemming from this requirement, we will 
endeavor to create our own model, taking into consideration 
the assumption that in the course of a telephone 
conversation, a subscriber is either initiating the dialogue or 
responding in reaction to information obtained from another 
subscriber. In this scenario, the model will consist 
essentially of two main states (active- and passive-dialogue), 
which can be extended by adding separate sub-states, which 
allow for intra-state transitions e.g. transition from pause to 
active dialogue and transition to passive dialogue from 
active in a short span of time. 

III. EXPERIMENT 
The following experiment was conducted with a view to 
studying the properties of speech signal during a natural 
dialogue between two subscribers.  

 With the aid of an experimental setup consisting of a 
personal computer and an attached telephone set, telephone 
conversations were recorded using a special software 
package. Only the telephone conversation of one subscriber 
was recorded. In a bid to guarantee authenticity of collated 
data, the subscribers were made oblivious of the experiment 
being conducted. The recorded speech was saved as .wav 
speech files in PCM format with parameters 8 kHz and 8 bit, 
which is a standard format for the digitization of speech 
with minimal quality requirements [4, 10, p.675, 11, p.100]. 
The experiment was conducted to study the periods of 
subscriber speech activity and pause in the telephone 

dialogue, as well as their duration. The results of analysis of 
the files are as given in Table I. A total of ten conversations 
were analyzed. 

A comparison of the data gotten from the analysis of the 
telephone dialogue and those given in [3] leads us to 
conclude that the obtained statistical data gives a realistic 
representation of the components of telephone conversation 
in percentage terms. As such, a model of the source of 
speech signal can be developed on the basis of the obtained 
data vis-à-vis the model of telephone dialogue for 
subsequent investigation of telephone traffic formation. 

In order to develop the model of speech packet source, it 
is necessary to select the appropriate analytical expression 
for describing real processes. At the initial modeling stage, 
we assume that two states can be gotten from the 
subscriber's speech: active state A and passive state P. The 

relationship F(X > x) is depicted on Fig. 1. and Fig. 2. 
corresponding to the probability distributions of active and 
passive packets respectively. 

The experimental characteristics show that the model, 
while presupposing the presence of two states – А и Р, does 

TABLE I 
AUDIO FILES ANALYSIS RESULT 

Conversation 
№ 

№ of LD-CELP 
format samples 

№ of 
active 

samples 

№ of 
passive 
samples 

Quantity of useful 
information in 
conversation, 

% of total volume 
01. 62720 18317 44403 29 
02. 781622 233763 547859 29 
03. 147030 50458 96572 34 
04. 529078 168459 360619 31 
05. 292284 155586 136698 53 
06. 132233 62691 69542 47 
07. 917907 254628 663279 27 
08. 200608 83336 117272 41 
09. 25225 5987 19238 23 
10. 1054297 322948 731349 30 

Total № 4143004 1356173 2786831 32 
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Fig. 2. PDF of the duration of passive packets for all conversations 

 

 

Fig. 3. Graph of the six-state model 

not reflect the dynamics of change of speech signal with 
enough exactitude, since the presence of one state A during 
speech period and one state P in the pause period suggests 
an exponential change of the relationship F(X > x). 
At the next stage, and with further analysis of the 
distribution function F(X > x), it was observed that the 
distribution is accurately approximated by a function of the 
form: 
 

 (1) 
 

We write the following relationship for the distribution 
function of the active packet series: 
 

 (2) 
 

In the same vein, we write the following relationship for the 
distribution function of the passive packet series: 
 

 (3) 
 

Equation (1) is the generic form of both equations (2) and 
(3), where S denotes state. Equation (2) describes the 
distribution of conditional probabilities of the occurrence of 
a series of state A given the condition that the previous state 
was P. On the other hand, equation (3) describes the 
distribution of conditional probabilities of the occurrence of 
P state series granted the condition that the previous state 
was A.   

Approximation coefficients were obtained using uniform 
approximation and numerical methods, for which the 
approximation of F(X > x) was the best. Distribution 
function approximation coefficients thus gotten for the 
active and passive series of packets are given in Tables II(A) 
and II(B) respectively. 

The type of experimental characteristic F(X > x) and the 
expressions that approximate them allow for the assumption 
of the presence of three states corresponding to active 
speech − A1, A2  and A3, as well as the presence of three 
states corresponding to pause in speech − P1, P2 and P3, with 
different values of expectation for the length of active and 
passive states. We note here that the graph of the prescribed 
model can be presented as shown in Fig. 3. For such a 
model, the matrix of the transition probabilities Sij from state 
to state has the form given in equation (4). 

 

 (4) 

 
 The definition of the parameters of such a model has to 
be done under the conditions of absence of complete 
statistical information. Analyzing the distribution function 
of the length of a series of packets obtained from 
experimental data, it is impossible to determine to which of 
the three states belongs a particular packet or series of 
packets, making up a given period of speech activity. The 
same holds for states P1, P2 or P3 − it is impossible to 
determine to which of the states belongs a particular packet 

or series of packets, making up a given period of pause. 
 Subsequently, it becomes necessary to find a 
compromise in the process of dividing one state into several 
sub-states. We consider a likely resolution of this problem 
emanating from the condition of preservation of the final 
probabilities of signal division into pause and active speech 
states. The matrix shown in equation (5) is introduced for 
ease of expression:  

  (5) 

 Matix Qij  defines the final probabilities. 

  (6)    

Similarly, the graph of the six-state model shown in Fig. 3 
can be reduced to that of the four-state model as shown in 
Fig. 4. For such a model, the transition probabilities matrix 
from state to state Pij is given as follows: 

       (7) 

We introduce the matrix in equation (8) for ease of 
expression: 
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Fig. 4. Graph of the four-state model 
 

 (8) 

For x=1, x=2, x=3, equation (3) becomes 
 

  (9)   

 
Probabilities for the graph shown in Fig. 4 can be calculated 
from equation (8): 

  (10) 

From the comparison of equations (9) and (10), we may 
write the following: 

 (11) 
and consequently, the matrix Pij may be rewritten in the 
following form:  

 (12) 

 Similar to equation (10), the model can be made more 
exact by introducing three states − A1, A2, A3 − and state P. 
Consequently, the transition probabilities matrix Sij of the 

states of the model of speech packet source, considering the 
peculiarities of six-state dialogue will be of the form: 

         (13) 

 where  

   (13а) 

      (13b) 

   (13c) 

  (13d) 

 Substituting the numerical values in equation (13) for 
approximation coefficients earlier obtained (see Table II.), 
matrices A, B, C, D become: 

    ;  (14a) 

;   (14b) 

;  (14c) 

.  (14d) 

  
 The final probabilities matrix Qi of the occurrence of the 
speech packets source in each of the states at any given 
moment of time can be gotten from matrices 14a–14d:  

        (15) 

IV. CONCLUSION 
We have presented in this paper the methodology for 
and means of deriving mathematical models of speech 
sources based on Markov chains vis-à-vis the 
peculiarities of the model of telephone dialogue. The 
derived models will find useful application in the 
design of mathematical models of packet switching 
network nodes.  

TABLE II 
APPROXIMATION COEFFICIENTS FOR PROBABILITY DISTRIBUTION FUNCTION  

(A) 

Coefficient A1 A2 A3 α1 α2 α3 
Value 0.859 0.1348 0.0065 0.248 0.0165 0.00084 

(B)  

Coefficient P1 P2 P3 β1 β2 β3 
Value 0.859 0.1348 0.0065 0.248 0.0165 0.00084 

(A) – OF ACTIVE PACKET SERIES; (B) - OF PASSIVE PACKET SERIES 
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