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Foreword

The Fourth International Conference on Access Networks (ACCESS 2013), held between July 21
and July 26, 2013 in Nice, France, continued a series of conferences dealing with access networks,
services and technologies based on the previous NEUTRAL and HOWAN workshop treating particular
access aspects. ACCESS 2012 aimed to provide an international forum by researchers, students, and
professionals to present recent research results on advances in networking access.

We take here the opportunity to warmly thank all the members of the ACCESS 2013 Technical
Program Committee, as well as all of the reviewers. The creation of such a high quality conference
program would not have been possible without their involvement. We also kindly thank all the authors
who dedicated much of their time and efforts to contribute to ACCESS 2013. We truly believe that,
thanks to all these efforts, the final conference program consisted of top quality contributions.

Also, this event could not have been a reality without the support of many individuals,
organizations, and sponsors. We are grateful to the members of the ACCESS 2013 organizing committee
for their help in handling the logistics and for their work to make this professional meeting a success.

We hope that ACCESS 2013 was a successful international forum for the exchange of ideas and
results between academia and industry and for the promotion of progress in the field of access
networks.

We are convinced that the participants found the event useful and communications very open.
We hope that Nice, France provided a pleasant environment during the conference and everyone saved
some time to enjoy the charm of this city.
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Minimizing the Power by using Genetic Algorithms
for Multi-User OFDM Systems
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Abstract—This paper considers the problem of minimizing
power consumption of the base station in the downlink of the
multi-user OFDM cellular network, characterized by frequency
selective transmission channel. The channel gain is variable and
specific for each user. In this case, the resources allocation must
be determined so that the total power consumption is as low as
possible. To solve this problem, we proposed an implementation
ofsome genetic algorithms and we obtained a better solution than
currently applied well-known methods.

Keywords—OFDM; Genetic Algorithms; Multi-User; Frequency
Selectivity; Resources Allocation

I. INTRODUCTION

The second and third generation of cellular network are
characterized by single carrier transmission. For each user, one
subcarrier is used during the communication that often causes
lost of signal in the context of channel frequency selective.
However, in 4G cellular systems [13], the multi-carrier trans-
mission’s technique OFDM (Orthogonal Frequency Division
Multiplexing) [24] is used in order to fight against multipath
phenomena and to provide a significant throughput to users.
In the OFDM transmission technique, the total available band-
width is split into many narrow bands subchannels at equidis-
tant frequencies [21]. Each subchannel has approximately a
constant channel gain and the bit loading can be adjusted
according to the level of the channel gain.

The orthogonality of the subcarriers permits to reduce the
width of the transmission subchannels; thereby, increases the
spectral efficiency. The high number of the subcarriers makes
possible to perform a more effective management, by adapting
the subcarriers allocation according to the channel gain of the
users [22].

In the context of frequency selective channel, where the
channel gain is variable and specific for each user, the optimal
resources allocation is an optimization problem. The adaptive
resources allocation is a proposed method to improve the
performance of cellular systems. The adaptive allocation can
give 20dB of Signal-to-Noise-Ration in contrast to random
allocation [2].

In multi-users OFDM cellular systems, the resources al-
location consists in solving an optimization problem with
constraint. It takes the channel estimated characteristics. In
practice, the channel gain is given by receiver in logic channel
CQIH (Channel Quality Indicator Channel) [8]. Note that,
this optimization problem is highly nonlinear; therefore, it
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is unlikely that the algorithm with polynomial complexity be
used [15].

Thus, several algorithms are developed for solving the
resources allocation problem. The water-filling algorithm pro-
posed by Tu et al. [23] proved to be optimal for solving
the power-minimizing problem in the single-user case. Im-
provements have been introduced by Qi et al. [3], and Munz
et al. [6], in order to reduce complexity of the water-filling
algorithm. The Greedy algorithm proved to be optimal to solve
the bit loading algorithm in single-user case [12]. However,
the problem of resources allocation becomes very complex
in multi-user OFDM systems. Wong et al. [4] proposed a
suboptimal method to allocate subcarriers, but the method
requires iterative process and the foreknown required number
of subcarriers allocated to users [9]. Kim et al. [14] converted
the non-linear optimization problem into a linear one with
integer variables. The optimal solution can be achieved by
integer programming (IP), but its computation is still very huge

[9].

In this context, the evolutionary approach inspired by
natural phenomena are introduced to improve the resources
allocation [7]. Among this methods, we propose in this paper
to solve the optimization problem with GAs (Genetic Algo-
rithms). The main objective of this work is to propose an
implementation of some GAs in order to have better results.

In Section 2, the related work about resources allocation
is described. In Section 3, the modeling system and the
formulation of the optimization problem are presented. In
Section 4, the principle of genetic algorithms is given and
in Section 5, the proposed algorithm is described. Finally, in
Section 6, we compare the results of the proposed algorithm
to others algorithms.

II. RELATED WORK

Genetic algorithms belong to the family of evolutionary
algorithms inspired by biology. It is first introduced by H.
Holand [11] and implemented by D. Goldberg [7] for solving
optimization problems. Since the GAs is an effective search
technique, it has been applied to wireless communications
recently [1][S][20][17].

Most of the work based on the genetic algorithms use the
same procedure. However, the difference lies in the imple-
mentation and the method of GAs’s operators. In the work
proposed by Zhu et al. [18], the natural selection’s method
is used, while it accelerates the algorithm but not ensure
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converging towards the global optimum [16]. In this paper,
we used the method of selection by tournament, that keeps
diversity of the population during the process and allows a
better exploration of the search domain [10].

In many proposed implementation, the constraint of the
optimization problem is considered in the evaluation of the
fitness (objective function) of individual. This can deplete the
population and limits the exploration of the search domain.
In our proposed implementation, the fitness is only based on
the power according to equation (4). To meet the constraints
of the optimization problem, we defined the function named
adjust_allocation so as to balance the throughput of users.

III. SYSTEM MODELING AND FORMULATION OF THE
PROBLEM

A. System modeling

We consider an OFDM multiple access system, in which
the characteristics of transmission channel are assumed known
by the transmitter and the receiver. The channel is assumed to
be linear and stationary, with additive white gaussian noise of
zero mean. It is decomposed into N flat subchannels and each
of which is characterized by a constant gain, specific for the
nth subcarrier and the kth user.

The transmission channel is frequency selective, and we
assume that the users are in micro-mobility; therefore, the
Doppler effect is ignored. We note that, there are no inter-
symbol interferences, since subcarrier is allocated to a single
user. We consider the mono cellular system. The number of
users and subcarriers is constant during the GAs process.

B. Formulation of the problem

The channel of transmission is frequency selective. It can
be considered as a filter, characterized by the transfer function
varying with frequencies and of each user. The magnitude of
the transfer function corresponds to the gain of the transmis-
sion channel.

Let Hj , the channel gain of the kth user on the nth
subcarrier. The required power is given by Proakis [19]:

Pkn = fj(—_;g::) (1)
where
N, BER
fenn) = 5@ —DQT=F @

Ck,n 1S the number of bits for the kth user on the nth
subcarrier. Ny is the power spectral density of the noise.
BERj, is the bits error rate of the kth user. Q(z) = erfe(x)
is the complementary error function.

Note that, when the channel gain H, ,, increases, the power
required decreases. Thus, the nth subcarrier will be allocated
in preference to the kth user having the smallest power to
achieve the required throughput. As the number of subcarriers
is high, it is not necessary that many users share the same
subcarrier (Time Division Mutliplexing). In addition, the inter-
symbol interferences can be avoided when one subcarrier is
exclusively allocated to one user.

Copyright (c) IARIA, 2013.  ISBN: 978-1-61208-286-8

Let p p the allocation factor of the nth subcarrier to the
kth user defined by:

1 if the nth subcarrier is allocated to the kth user
Pkn =79 0 else

3)
The total power allocated to the kth user is given by:
N fle
k,n
Pi=> Prn-Prn = ZHQ.W )
n=1 n=1 k,n

Thus, the total power allocated to all users is given by:

%fZ&fZZf%I- 5)

k=1n=1 k,n

The total bits for the kth user is given by:
N

T = Z Ck,n-Pk,n (6)

n=1

The equation (1) shows that the required power for the
kth user on the nth subcarrier is inversely proportional to the
channel gain H}, ,,. Therefore, it is more efficience to allocate
the nth subcarrier to the kth user which presents the smallest
channel gain H}, ,,. Thereby, the power can be minimized while
the constraints of QoS are satisfied.

Thus, the problem of resources allocation can be written:
min(Pr)

subject to
T > T

where 7o is the minimal rate for the kth user.

IV. GENETIC ALGORITHMS

Genetic algorithms are inspired by Darwin’s theory of evo-
lution and by Mendel’s works about recombination of species
[16]. GAs are used to solve many problems of optimization.

Robustness is the main advantage of genetic algorithms
relative to traditional resolution methods of optimization pro-
blems [7]. In other words, we can see the four major diffe-
rences between the two methods:

1) GAs work with a coding of the set of parameters,
while the classical methods use directly the parame-
ters.

2)  The solution given by GAs is a set of points (chro-
mosomes) and the solution for a classical methods is
a single point.

3) GAs use the objective function and the standards
methods often use derivatives of function or other
auxiliary knowledge.

4)  Gas use probabilistic transition rules when the tradi-
tional methods use deterministic rules.

The principle of GAs is based on the evolution of an initial
population under the effect of operators such as selection,
mutation and crossover. At the end of the GAs’s process, the
best individual in the population will be the solution of the
optimization problem.
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The different phases of the GAs are:

e  Coding of chromosome

A chromosome of the population represents a resource
allocation scheme. The coding of the chromosome is
to provide a structure corresponding to the resource al-
location problem. In our implementation, chromosome
is represented by an array of structure, containing a
fixed number of subcarriers, numbered in increasing
order, from 0 to N — 1. In the nth cell, there are
the index of the user to which the corresponding
subcarrier is allocated. The required power and the
quantity of bits are calculated from this allocation for
every user. All chromosomes have the same fixed size
which corresponds to the total number of subcarriers.
The following table shows an example of the structure
of the chromosomes .

TABLE 1. STRUCTURE OF CHROMOSOME
Subcarrier 1 2| --- N
User 5 3 --- 10

e Initialization of the population
It consists to set the size of the population and
to generate all chromosomes of the population. In
this work, the chromosomes of the population are
randomly generated and their size is the same and
stays constant during the GAs process.

e  Evaluation
In this function, the total required power and the
total throughput are calculated for each chromosome.
The required power corresponds to a fitness (objective
function) of the chromosome. The fitness or the objec-
tive function represents the criterion of the selection
of chromosomes.

e  Selection
After evaluating the power of all chromosomes, the
selection consists to retain the best chromosome by di-
rectly sorting (natural selection) or by organizing tour-
nament between two chromosomes arbitrary selected
(selection by tournament). The best chromosome of
the population is the one that the requires power is the
smallest while respecting the constraint of throughput.

e  Mutation
It consists to bring changes to the resources allocation
scheme in order to have a better exploration of the
search domain. In this work, the number of mutations
and the index of the mutated subcarrier are randomly
determined for each chromosome. Note that, all chro-
mosomes will not be affected by the mutation.

e  Crossover

In this step, a new chromosome is created from two
chromosomes in order to take advantages of their
best characters. Two points of crossover are randomly
chosen and two parts of the first chromosome are
concatenated with one part of the second chromosome.
So, a new chromosome is created from this concate-
nation.
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V. DESCRIPTION OF THE PROPOSED ALGORITHM

input:

Ncarrier: number of subcarriers

Ny ser: number of users

Sizepop : size of the poplutation

Ngen:mumber of generation of the GAs process
Step 1: Coding of chromosome

Structure subcarrier{

user

power

bit

chrom[N¢qarrier] /Ivector of subcarriers
Step 2: Initialization population
fort = 1to Sizepop

fO?” n = 0to Nearrier — 1

k < rand(Nyser)

chrom|t].user < k

chrom|[t].bit < c[k][n]

chroml[t].power < f(c[k][n], H[k][n]) // According to equa-
tion 1.

} Step 3: Evaluation chromosome

fori = 1to Sizepep

Poprom (i) < 0 // Initialization the power of the chromosome
fOT n = 0to Nearrier — 1

{

Pohrom (i) < Peprom(1) + chrom[n].power

Step 4: Selection by tournament

c1 < rand(Sizepop)

o < rand(Sizepop)

p1 < Pchrom(cl)

P2 Pchrom(CQ)

if p1 < pg then // chrom cl better than chrom c2
population_next generation < chrom|ci]

else // chrom c2 better than chrom cl
population_next generation < chrom|cs]

Step 5: Mutation

Nehrom — rand(Sizepyp) // number of chromosome
to mutate

fori = 0tonechrom

¢1 < rand(Sizepop) // chromosome’s index
Nmutation < Tand(Sizepop/8) [/ number of mutation
fOT J = 1to nmutation

n < rand(Ncarrier)
chroml[i].user < rand(Nyser) // changes of user allocation

Step 6: Crossover

c1 < rand(Sizepop)

o — rand(Sizepop)

pcr < rand(Nearrier) !/ first crossover point

pca < rand(Nearrier) I/ second crossover point

of fspring < concatenate(chrom][ci], chrom[ca], pc1, pes)
Step 4 to 6 are repeated until the number of generation Ngen
is reached

Step 7: Search best chromosome
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best_chrom <1
fork = 2to Sizeyep

if Pehrom(k) > Peprom(best_chrom)

best_chrom < k

}

Step 8: Adjust allocation

In this step, the best allocation scheme resulting from the
GAs process, is adjusted in order to achieve the throughput
constraint. In this paper, the throughput constraint is not
considered in the calculation of the objective function. Here,
the proposed solution of the genetic algorihms is only based
on the criterion of the power and requires to be eventually
adjusted.

VI. SIMULATION
A. Parameters simulation
e BER (Bit Error Rate): 1072 to 10~4
e M-QAM: M in {4,8,16,32,64} M is the parameter
of the modulation QAM (Quadrature Amplitude Mo-
dulation). It corresponds to the number of symbols of

the modulation. M equal to 2" where n is the number
of bits per symbol.

e Power spectral density of the noise: Ny = 0.01
e  Number of subcarriers: 128

e  Size of the population: 200

e  Symbols rate: 14kbauds (3GPP Standard)

e  Minimal user’s rate: ro = 750kbits/s. It is calculated
according to the number of subcarriers and the number

of users.
o0
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Figure 1. Variation of channel gain of one user
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B. Results of simulation
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Figure 2. Convergence of our algorithm with 8 users, 128
subcarriers and Ny = 0.0001.
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Figure 3. Convergence of our algorithm with 8 users, 128
subcarriers and Ny = 0.01.
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population with 8 users, 128 subcarriers and Ny = 0.01.



ACCESS 2013 : The Fourth International Conference on Access Networks

TABLE II. COMPARISON OF OUR ALGORITHM AND THE ALGORITHM
PROPOSED BY AHMADI ET AL. [1] WITH Ng = 0.0001

8 users
0.061w
0.12 w

4 users
0.022w
0.05 w

2 users
0.01w
0.03 w

Our algorithm
Ahmadi and Chew

TABLE III. COMPARISON OF OUR ALGORITHM AND THE ALGORITHM
PROPOSED BY REDDY ET AL. [20] WITH Ny = 0.01

2 users | 4 users 6 users 8 users
Our algorithm 0.98 w 2.09 w 377w 5.68 w
GaReddy Sw 8w 12w 15w

C. Analysis of results

The study of the evolution of the power, according to
the number of generations (Figure 2), shows that the power
remains relatively constant from the 80th generation and the
corresponding resources allocation scheme is the solution of
the optimization. Figure 4 shows some problems of conver-
gence of the proposed algorithm; however, the total power
decreases when the size of population increases. We also note
that the result is better with large population size. The GAs that
we implemented, gives better results than baseline algorithms
met in the literature. The Tables II and III above, compare the
consumption of the power for different numbers of users of the
algorithm proposed in this work to the algorithms developed
by Ahmadi et al. [1] and by Reddy et al. [20].

VII. CONCLUSION AND FUTURE WORK

In this paper, we have implemented the genetic algorithms
to solve the problem of resources allocation in a frequency
selective transmission channel. The implementation of the
GAs that we proposed is characterized by the function named
adjusted_allocation which permits to balance the resources
allocation scheme of the obtained solution. The implementa-
tion of the proposed GAs in this paper gives better result than
the algorithm proposed by Ahmadi et al. [1] and the algorithm
proposed by Reddy et al. [20]. We have implemented the
proposed GAs in this paper in C language, which gives us
a good modeling. We hope that the execution of our model
will be faster than others tools as Matlab or Scilab. In future
works, we will try to improve the convergence of the proposed
GAs.
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Abstract- This article deals with a choice of voice payload size
and its impact on the behavior of the field network of the
Armed Forces of the Czech Republic. The contradictory
requirements for a high throughput and at the same time a
high quality of transmitted voice are discussed. First, a
theoretical analysis of the problem is carried out. The
theoretical assumptions were compared with those obtained in
experiments in laboratory conditions. The result of the
experiments is to determine the optimal size of the voice
payload size with regard to the specific characteristics and
requirements on the battlefield. According to the results we
can recommend an optimal voice payload size with respect to
the G.114 Recommendation. Thus up to 80 % of bandwidth
saving will be achieved.

Keywords — VolIP; voice payload size; network bandhvj
battlefield

l. INTRODUCTION

The Army of the Czech Republic has recently coneglet
modernization of communication infrastructure oé theld
network. According to current trends in the world
communications, the backbone of battlefield is Hase the
transmission of information using the IP protoqaiblished
by Postel [1]. After overcoming primary difficulse the
modernization brought a stable network enablingugeof a
number of new advanced services. A major benefithef
field network modernization with regard to its sifiec
character is a possibility of an easy and secuceyption of
a data and voice traffic. The basic building comgua of
the backbone are Cisco 2800 and 3800 series rdhtdrase
the services of Cisco CallManager Express (CCME)Xde
the providing of voice services on the VolP pritefp
Particular communication nodes are connected hipneley
links realizing the E1 interface [3].

With today's technical possibilities of digitized
battlefield, a bigger focus is getting on the netwo
bandwidth. In addition, a number of applicationguiee a
real-time operation. With regard to this trend, tB4
interface with a capacity of 2 Mb/s represents akveoint
of the network. Therefore, it is necessary to frgblution to
make the transmission of the required informatioarem
efficient.

There are many possibilities on how to solve tlablam
always with regard to the specifics of the analymetivork.
Choudhury and Gibson [4] deal with the
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effectiveness of multimedia transport in wirelesscess
networks. Specifically, the work deals with the gbaity of
optimizing the efficiency of transmission, depemgion the
choice of transmission rate and payload length BE&H
802.11 network. Bhanu, Chandrasekaran, and Balalais
[5] solve security of the required quality of sems in VolP
802.11 environment. A Bandwidth Data rate Moderatio
(BDM) algorithm has been proposed which correldtes
data rate specified in IEEE 802.11b with the fraadwidth.
Payload size is one of the input parameters of BB/
algorithm. The way to make the data transfer aactidal
command level more efficient by a header compressio
technique is addressed in the article of Yoon, Pade,
Kim, and Jee [6]. Nowadays, modern VoIP networlkael
attention to safety issues and therefore the veimeyption.
Epiphaniou [7] addresses among others the influefdbe
used encryption and voice payload size on the detay
packet loss. All considered changes need to beeasied
with regard to the required voice quality. For epdam the
voice quality expressed in Mean Opinion Score (M@5)
dependence on voice payload size and packet |esgjeged
in the publication of Becvar, Vondra, and Novak [8]

Unlike those publications, we examine specific real
network with sufficiently dimensioned HardWare (HW)
because of increased requirements on network ildalbVe
need not, therefore, deal with the impact of padties on
speech quality. In addition, the network uses esler
encryption equipment with sufficient packet thropgh
These facts allow us to simplify the initial conaiits for the
experiments.

The weak point of the analyzed network are the
radiorelay links realizing the E1 interface. Sa thain goal
of our work is to optimize efficiency of transmissiof VolP
data on E1 links. Furthermore, we use the fact tivatE1l
interface uses specific data link layer protocoiffedent
from the protocols considered in the above pubboat

The organization of this paper is as follows. Ict®m 2,
we present factors affecting the level of savings i
bandwidth. In Section 3, there is explained a mpiecof
bandwidth calculation for one call in VolP enviroant
when voice payload size is explored. In Sectioredults of
voice payload size optimization in battlefield cdiwhs are
shown. In Section 5, we outline our conclusions avel

issue ofmention our future work.
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Il.  FACTORS AFFECTING THE LEVEL OF SAVINGS IN
BANDWIDTH

Nowadays, there are many views how to optimallyesol
existence of two contradictory requirements on thest
efficient use of bandwidth on one hand, and, on dter
hand, provision of the high quality voice in the IFo
environment. The rule is that a codec type sigaifity
affects the quality of provided services and thquied
bandwidth. Its parameters, such as a codec samige/al
(CSl), a codec sample size (CSS), are given the sssma
value of Mean Opinion Score (MOS) for the defayfiet of
codec. Based on the codec, CSl is a sample intatwahich
the codec operates and CSS is the number of bgtaared
by the Digital Signal Processor (DSP) at each cadaaple
interval. From these two parameters, we can dexhaher
parameter. It is a codec bit rate (CBR) (1)

CBR= CSS/Cd [b/s] 1)
MOS is a result of subjective or objective methads

speech quality assessment as Bestak, Vranova, raaig/ial

refer [9]. Its values and interpretation are shawmable 1.

TABLE I. MOS SPEECH QUALITY CLASSIFICATION
MOS | Quality Note
5 Excellent Excellent speech quality
4 Good Quality comparable to analogue phone nesvork
3 Fair Fair speech quality
2 Poor Poor speech quality
1 Bad Unintelligiblecall

the active VAD can result in losses of beginningscall
segments, which greatly decrease quality of voawises.
For more complex services, the VAD implementati@m c
even bring errors and cause problems with operationore
complex services. We had such specific experierieenwe
deployed faxes in the field VolP network.

Another factor that must be considered when optirgiz
the size of the payload is loading of a routeradgé number
of short packets are right for real-time applicasiowith
respect to small delay but it increases an overhaadl
computational demands imposed on the routers. felar
number of shorter packets and necessity of theicgssing
in nodes paradoxically leads gradually to an inseeaf the
total delay in transmission, in the next step tokea losses
and thus to further deterioration of the voice gyadnd to
the flooding of the nodes and a link failure.

Other parameters describing transmission conditians
the particular VolP network are Voice Payload S¥@S)
(By), Voice Payload Interval (VPI) (ms) and Packétsr
Seconds (PPS). The voice payload size represemts th
number of bytes (or bits) that are filled into eclogt. The
voice payload size must be a multiple of the cosimple
size. The voice payload interval is processed lerajft a
voice segment inserted into one sent packet. PRr&sents
the number of packets that need to be transmittetye
second in order to deliver the codec bit rate. Jhete
parameters can be varied to optimize network thrpugand
the voice quality, respectively to look for the tes
compromise with regard to specifics of the analysed
network.

With regard to the facts mentioned above, therelmn
defined initial conditions for optimization of trsier

If we use two of the most common codec types, thusharacteristics of the analysed field network dvies: the
G.711 and G.729 codecs, the MOS can reach valuge up mechanism of headers compression is not used, \6Ad2t

4.1 and 3.9.

the G.729 codec is used. A computing power of rsutéth

Note: Due to complexity of nowadays networks, theregard to the adequate field network dimensionggiot

MOS parameter is no longer sufficient and has beplaced
by R-factor, which is more suitable for IP networkte R-
factor is the output of the E-model (according TdJIT
G.107).

In the next step, it is needed to consider a piisgibf
application of header compression mechanisms oice/oi
Activity Detection (VAD) techniques. Header compzies
is possible only when the point-to-point commurimat
occurs. By default, the use of the efficient corspien of

discussed. A weak point of the field network is Eielines.
Of possible solutions, we focus on the influenceagfload
size on the behaviour of the analysed network inveark.
We will examineeffectiveness of transfer on Layer 3 with
respect to the payload size. For now, we will rivisider the
influence of Layer 2 to which is applied the Higbviel Data
Link Control (HDLC) protocol. Whether the resultsea
relevant even after consideration of the charattesi of
HDLC protocol will be verified in the next part dhe

IP/UDP/RTP headers is used according to Casner aratoject.

Jacobson in RFC 2508 [10] and Bormann, et al. i@ R695
[11]. It reduces the headers up to 2 or 4 bytess Ihot
suitable to use this mechanism directly over thieeEtet.
However, we can use encapsulation using a PoiRbiot
Protocol (PPP) according to Simpson [12]. PPP plesi
standard services for transmission of differentmiats of
datagrams through serial lines (RFC 1661). PPRéasob the
Layer 2 protocols which can also compress the heade
some cases.

A. Characteristics of the G.729codec

The G.729 codecs are often deployed in VoIP netsvork
in order to save the bandwidth. For example, Cisco
technology uses them as a default set in the auggoi
direction from the network. In order to save thaedaidth,
the G.729 codec is also used as a default seeiarhlysed
army field network.

The G.729 codec is specified in ITU-T Recommendatio

VAD is a mechanism that certainly saves bandwidthG.729 [13]. Coding of speech is at 8 kbit/s usiranjdgate

However at the same time, it places greater demands
implementation in the terminal equipment. In mamges,
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Structure — Algebraic Code Excited Linear Preditt{€S-
ACELP). A reduced — complex vision of the G.729
algorithm is specified in Annex A to Rec. G.729€eT3peech
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coding algorithms in the main body of G.729 and5iT29

headers. Layer 2 has often a major impact on theegfcy

Annex A are fully interoperable with each other. Anof transmission. We considered the effect of L&dén the

implementation that signals or accepts use of the2®%
payload format may implement either G.729 or G.728kke

previous work [15], when we analysed the effechetivork
load on the voice quality. We interconnected twoNLA

G.729 and G.729 Annex A codecs were optimized tametworks using 2811 Cisco routers. The routers were

represent speech with high quality where G.729 AnhAe

connected through the Catalyst 2950 Switch viafBttan a

transmits some speech quality for an approximat& 50 mode of full duplex at 10 Mb/s. This link represeatcritical

complexity reduction. For all data rates, the samgpl
frequency (and RTP timestamp clock rate) is 8000 He

point of the network because of its slow speed. We
calculated the theoretical value of how many siemébus

Voice Activity Detector (VAD) and the Comfort Noise calls can be transferred over a tested line, smeezled to
Generator (CNG) algorithm in Annex B of G.729 areknow the bandwidth required for one call.

recommended for digital simultaneous voice and data

application. An example of G.729 and G.729A bit kiag
according to ITU-T Recommendation G.729 is in Feglr

1 2 3
12345678920123456789012345678901

|
| | | |0]
|10123456/01234/0123401234567] 1012 34|
it e e e e e TR o kT el e it S T b et Lt e Tt i e e e R e e
| cl | s1 | GA1 | GB1 | P2 | €2 |
11 1] | | | | |
|156789012/0123[/012/0123/01234/012345¢67]|
B Tk o e e M s i e e e e s e et ik L S T S e e
| sz | GA2 | GB2 |
111 | | |
012/0123/012[0123]

Figure 1. Example of G.729 and G.729A bit packing

The transmitted parameters of a G.729/G.729A are 1.

ms frame, consisting of 80 bits. The mapping ofs¢he
parameters is given on the Figure 1. The bits oh&2-bit
word are numbered from 0 to 31, with the most gicgunt
bit on the left and numbered 0. The octets (bytdsgach
word are transmitted with the most significant ofist.

Ill.  CALCULATION OF ONE CALL BANDWIDTH IN VOIP

ENVIRONMENT

In theoretical calculations of bandwidth required éne
call, it is necessary to know particular operatiechnology,
including protocols employed in each level
communication model.

Bandwidth calculation formulas in general [14]:

TPS= L2H + OH + VPS [By], @
PPS= CBR/ VPS [1/s], @)
Bandwidth = TPS* PPS [b/s], (4)

where: L2H is Layer 2 header
TPS is Total Packet Size
OH is overhead of IP/UDP/RTP headers.

Since different systems differ in Layer 2 protoctie
most frequently, an operational efficiency is eatdd at
Layer 3. Here, we are dealing with overhead of [(FALRTP
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of the

In this case, we used (see Figure 2):

+ G.711 codec

« Sampling frequency = 8000 Hz

« VPI=30ms

+ VPS =240By

« Layer 3 headers = IP header 20 By + UDP header 8
By + RTP header 12 By = 40By

- Layer 2 (Ethernet) header = 38 By (8 By of preamble
14 By of the source and destination MAC addresses
and the length, 4 By of CRC, 12 By of interframe
gap).

Note: Possibility of VAD usage and header compogssi

is not considered.

Interframe
CRC| 9% |Perambule
48 8B

12B

Ethernet P upp
header header header
148 208 88

RTP
header
12B

Payload (G.711, 30 ms = 240 B)

8B

Figure 2. Necessary overhead for transmissionef3® ms voice
segment.

According to (2), (3) and (4), we need bandwidthr fo
transmission of one voice channel:

TPS = (38 + 40 + 240) = 318 By,

PPS = 64000 /240 * 8 = 33.333 1/s,

One call bandwidth = 318 * 8 * 33.333 = 84800 b/s.

We get interesting results to the effectiveness of
bandwidth usage when using the G.729 codec andaime
VPI =30 ms, so VPS = 30 By:

TPS = (38 + 40 + 30) = 108 By,
PPS =8000/30*8=33.333 1/s,
One call bandwidth = 108 * 8 * 33.333 = 28800 b/s.

Thus by changing of the codec type will be saveauab
2/3 of the bandwidth with slight deterioration dfetvoice
quality (measured by MOS or R - Factor).

IV. RESULTS OFVOICEPAYLOAD SIZE OPTIMIZATION IN
FIELD NETWORK CONDITIONS

In the previous section, we set the initial corudli§ for
the theoretical part and following experiments. @iehs
(2-4) allowing calculation of required bandwidth v single
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call at Layer 3 are the starting point. VPS is ohgariable trip delay. Round trip delay consists of the sum of the
parameters. Cisco routers allow setting of differerlues of  specific delays. VPS resize directly affects twal#m and
VPS within 10 to 240 ms [10]. Figure 3 shows thethat packet delay and delay in buffers of end-teatsi. (The
dependence of the required bandwidth for one cit the  buffers eliminate jitter.)

G.729 codec on selected VPS. The VPS increase of 10 By corresponds to the VPI
change to 10 ms. Therefore, delay in one chanretkéi
One call bandwidth for codec G.729 delay and delay in buffers) is increased by 20im#he loop
‘ ‘ P by 40 ms. G.114 recommendation sets the maximumdrou
ssom ] . trip delay = 300 ms. The increase by 40 ms for e&es

increase by 10 By cannot be ignored. The dependsafimise
of round trip delay on VPS is shown on Figure 5.

\ Dependence of round trip delay

2000 o T T T T T

= \ | ‘/
. /

///

Bandwidth [b/s]

L L I L
@ @ oo 0 2

RTD [ms]
i

VPS [By]

Figure 3. Dependence of one call bandwidth on ¥R5729 codec. T / |

The curves are not linear. Comparing low value¥®8s i .
to higher ones, it is evident that the significanirger / |
bandwidth to transfer one call is needed for loviues. 2/ L S A S S S— I
From the values of VPS = 100 ms, use efficiency ol VeS B
transmission line is almost the same. In this cdke, Figure 5. Dependence of rise of round trip delayPS.
required bandwidth for one call ranges around valugl,2
kbit/s. With regard to the obtained results, we recommend

The default VPS value for Cisco equipment is VPE= choosing a compromise between the size of the \ffdShe
ms which corresponds to the bandwidth = 24 kbitsis, an  considered delay as follows: VPS = 60 By saves WwaltH
appropriate setup of VPS can significantly afféet kevel of by 80% with predictable delay in the loop = 240 ms.
use of the transmission line. Therefore, we keep a sufficient reserve for possifitrease

Dependence of number of packets generated by endf delay in the nodes and transmit delay.

terminal on the value of VPS is shown on Figure 4.
V.  CONCLUSION AND FUTURE WORK

When analysing the field network, we focused omiesak
points. One of them is the bandwidth of E1 link#h&ugh,
\ the network uses the VAD mechanism and efficierit28.
codec to reduce the load generated by voice streamms
were looking for other options to streamline theiceo
traffic. We focused on verification of bandwidthpgeding
® . on the voice payload size. From the calculations clear
that for small values of VPS, operation is veryfficegent. In
the next step, we evaluated a relation between WR®

Packets per second generated by one call
T T T

PPS[1/5]

N round trip delay. We recommended VPS = 60 ms as the
e Sy optimal value with respect to the G.114 Recommeadat
R s R R R R Bandwidth saving up to 80 % can be done by thisnget
s U R compared to the VPl default value = 20 ms. All
‘ consideration were carried out only at Layer 3 @eots.
Figure 4. Dependence of number of sent packetRa Since transmission protocols of the Layer 2 have a

significant impact on efficiency, we will focus otuture

Again, dependence is not linear. The VPS increasgqrk on this issue. In particular, we will test igeration of
causes a significant reduction in the computatidoeatl of  ie field network for HDLC and PPP protocols.

network nodes. As stated previously, we solve two
contradictory requirements, saving of the bandwidtid
minimum delay to obtain the good voice qualityisltogical
that increase of the VPS takes effect initherease of round
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