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Investigation of Stability of the Technologies
of Streaming data Transmission from a Web
Browser with Respect to the Factors Affecting
the Transmission

Anton Pavlovich Teykhrib*

Abstract : Thearticle deals with theissues of stability of the technologies of streaming data transmission from
the user’'s Web browser with respect to various external factors affecting the quality of the streaming data
transmission in the user’s workplace and in the network infrastructure. The following factors in the user’s
workplace are considered: CPU load and the amount of free RAM. For the network infrastructure we consider:
the dday jitter, losses in the transmission, transport capacity of the network. For various values of these
parameters, we measure the quality of the streaming data transmission for the Adobe Flash RTMFP and
WebRTC technologies, using a developed prototype of the software for contact centers. The obtained results
have showed the superiority of the WebRT C technology over RTMFPwith respect to all considered parameters.
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1. INTRODUCTION

Thequdlity of the streaming datatransmisson isone of the most important factorsfrom the standpoint of the
end user of the contact center services. Thetechnology of the streaming datatransmission fromthe user’s\Web
browser, beginning fromthe advent of Adobe Flash RTM FPin 2006 and WebRTC in 2011, isgradually expanding
the scope of itsapplication. Therefore, when choosing atechnology of the streaming datatransmissionused inthe
work of acontact center, it isnecessary to determinethelimiting conditionsfor the applicability of thistechnology.

User's workplace

Network
infrastructure

Contact center

Fig. 1. A general scheme of the streaming data transmission.

To determinethe factors that influence the transmission of streaming datafrom a\Web browser during the
contact center operation, it isnecessary to consider the whole systemin which streaming dataistransmitted,
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because the transmitted streaming data are influenced by both the environment and infrastructure. Taking into
account thefact that, from theviewpoint of the datatranamission, the audio data(theinitia Sgnal isasound wave)
and thevideo data(theinitial sgnal isalight wave) are amilar, sointhefuture wewill congder, without any loss of
generality, thetransfer of the audio data. Thetransmission schemeisshownin Figure 1.

Thefactors, related to the user’sworkplace and the network infrastructure, directly affect the quality of the
sound information transmisson[1]. However, thesefactorscannot beinfluenced preventively; and therefore, to
determinethe boundary conditions, the following factors should be considered:

(8) User’s workplace:

1. CPU load of theuser’sworkplace;
2. theamount of free RAM intheuser’sworkplace.

(b) The parametersof the network in the segment from the user’s workplace to the cloud contact
center [2]

1. Thedday jitter;
2. Lossesinthetransmission;
3. Transport capacity of the network.

It isalso necessary to determineto what extent the streaming datatransmission technology isdemanding of the
server resourcesfor the subsequent determingtion of the required computing power; thusthefollowing characteristics
should be considered:

1. CPU load at the sde of the cloud contact center [3];
2. theamount of freeRAM at the side of thecloud contact center, inaddition to the considered in [ 3] CPU
load;

Thisarticleisdevoted to the analysis of stahility of theWebRT C and Adobe Hash RTM FPtechnologieswith
respect to the considered factors.

Method of sudying stability of thetechnologiesof streaming data transmission from aWeb browser
with respect to the factor saffecting thetransmission

Onthebasisof thefactorsidentified above, it isnecessary to study the stability of thetechnologiesof streaming
datatransmission with respect to thefactorsthat are associated with the streaming technology. The study will be
carried out over theindependent groupsidentified in the previous section. To determinethe stability, it isnecessary
to develop amethod by which we will comparethe technologies. Our general procedure will be asfollows: we
should measure the voice quality during the streaming datatransmission for various values of the considered
factors. At the sametime, prior to the measurement, it is necessary to determinethe range of variation of these
factors. Asaresult, we will obtainthe quaity assessmentsfor the consdered datastreaming technologies. Based
onthecomparison, wecantak about the superiority or shortcomings of the considered technologiesof the streaming
datatransmission fromaWeb browser.

User’sworkplace

Asit wasshown above, in theuser’sworkplacethefollowing factorshaveinfluence:
1. CPU load of theuser’'sworkplace;
2. Theamount of free RAM inthe user’sworkplace.

Taking into account the differencesinthe workplace configuration of potentia usersof acloud contact center,
wewill consider atypica configuration. Asatypica configuration, we have chosen the one based on the Yandex
company’srecommendationsfor the office computer [4]:

1. Onelntel or AMD processor with2 cores,
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2. Theclock frequency is2 GHz

3. RAM is2GB;

4. Thedisclarger thanthan 100 GB;

5. Theoperating systemisMicrosoft Windows7.

The CPU load will bevaried onascalefrom 0% to 100% with theincrements of 20%. It should be noted
that the load values are rough estimatesbecause it isimpossible to provide uniformloading dueto the multi-
tasking character of operating systems and the presence of alarge number of background processesthat run at
arbitrary times.

To ensurethe processor load, wewill use free software simulating the computing load, CpukKiller [5], which
alows setting anarbitrary required load inthe range from 0% to 100% with the step of 1%.

Wewill vary free RAM from 1GB to 0GB with the 500M B increments, and to set these values, we will use
the TestLimit free software[ 6], recommended by Microsoft.

Thus, theresult isatwo-dimengonal space of options, for each of which we will obtainaquality assessment
according to the MOS method, presentedin[7].

Network infrastructurein thesegment fromtheuser tothecloud contact center

Thissegment isvery important fromthe point of view of the quality of the tranamitted data, becausethefactors
generated by thissegment aredirectly reflected inthe transmitted audio signal. Withinthissegment, thefollowing
factorsareggnificant:

1. Thedday jitter;
2. Lossesinthetransmission;
3. Transport capacity of the network.

To amulate changesinthefactorsof this ssgment, wewill usethe Wide Area Network Emulator free software
[8], whichallows changing all thesefactors. Consider therangeand the increment of thesefactors.

Thefactor of delay jitter isdefinedin[9] asthedeviation of the delay of apacket from areference or basdline
value, for example, from the average delay. The occurrence of jitter isdirectly related to the fact that the voice
packets sharethe same channel withthe data packets, and inthe case of high network load, thetime, during which
the packetsare awaiting processing inthe network device, may vary randomly. Irregular intervals of the packets
arriva to therecipient sgnificantly reducethequdity and intelligibility of voice, aswell asintroduce additional delay
inthe presence of thejitter leveling algorithms. The admissiblejitter value[10] in Vol P should not exceed 40 ms.
Thus, we haveto test the streaming datatransmission technology for thejitters: 0 ms, 20 ms, 40 msand 60 ms(as
the excess over the recommended vaue by the step vaue).

Lossesinthetranamission. Thisisthe percentage of packetsthat have not been ddlivered to therecipient by
the network. Inthe case of lossof apart of the data packets, the recipient can smply request aretransmission of
thelost data; for the voice data, thisapproachisnot fully suitable, becauseit leadsto astrong increaseintheoveral
delay. If the voice packetsare coming with along delay, the receiving sideignores them because they may aready
be behind the current playback.

Thelosses of about 3% are consdered to be admissble[ 11]. Moreover, it isan ambiguousfactor, because
depending on the nature of losses, the same value of thisfactor may have different effectsonthefina value of the
quality assessment; asthe delay character, we understand inthiscase the digtribution of the lost packetsintime: 1%
losses concentrated at the sametimeleadsto disappearance of awholeword, or they may beinobservablefor a
uniformdistribution. Therefore, in the research concerning thisfactor, wewill consder values of 0%, 3%, 6%,
with auniformdistribution, sinceit will providean objective description.

Transport capacity of the network. Thisfactor haslessimpact onthetransmission of streaming data, because
the voicetraffic does not need abroad band: for example, thetraditiona audio coding format G711 requires 64
kbit/sinonedirection, or 128 khit/sintwo directions, and, according to [ 12], this enables 98.7% of the users of
gationary workstationsto work.
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Thus, withinthe study of the network section fromthe user’ sworkplace to the cloud contact center, there
should be studied the significance of two factors: losses and jitter. This generates atwo-dimensional space of
options, for each of which wewill obtaina quality assessment inaccordance with the MOS procedure, presented

in[7].
Functioning of thecloud contact center

Giventhefact that thissectionis completely under the control of the contact center, itsfactorsdeterminethe
resource-intensiveness of the streaming data transmission technologies, aswell asthe specific instances of this
technology implementations Asaresult, we do not need measurementsof the quality of thetransmitted voiceinits
dependence on thevalues of these factorsover theranges, but we need an assessment of the streaming technology
requirementsto the server computing power.

Evaluation of the consumed power will be conducted by thefollowing algorithm on the server with a
following configuration:

The processor typeisintel Xeonwith 4 cores;

Theclock rateis2.6 GHz;

RAM isnolessthan 8.0 GB;

Thedisc subsystem —100 GB SATA-disc, 2 pieces,

RAID-controller withthe support of thelevelsO, 1;

. Thepresence of two network interfaceswith the carrying capacity 1 Ghit/s.

We perform the measurement of CPU load and free memory for the server without the streaming data
transmisson sessons. To improve the accuracy, we carry out 5 measurements, with the subsequent calculation of
the average valueand the error for the probability of 0.95.

To increase the accuracy of measurements and averaging the values, we organize 50 streaming data
transmission sessions (in accordance with thetechnical specification), and dso caculatethe averagevaueand the
error, corresponding to one transmission session.

Thus, asaresult we obtain the requirementsto the server computing power, which are made by the streaming
datatransmission technology, whichwill allow evaluating the characteristics of the hardware environment of the
cloud contact center to serve agiven number of streaming sessons.

Thedeveloped technique of studying the streaming data transmission technology allowslooking at
thestreaming transmission technology from two sides:

1. Towha extent it isdemanding of thecomputational power of the user’sworkplaceand the communication
channdls,
2. Towhat extent it isresource-intensive interms of the server computational power.

Carrying out research according to the given methodology will provide quditativeand quantitative characterigtics
of streaming datatransmission technologies, which can then be used to select the streaming technology for each
newly created communication session.

Theresearch resultson the stability of thetechnologiesof the streaming data transmission from a
Web browser with respect to thefactorsinfluencing thetransmission.

o0 WN P

User’sworkplace

By measuring the qudity estimatesfor the streaming data transmissionfor theAdobe Hash RTM FPtechnology,
thefollowing average values of the estimates have been obtained, and they are shownin Table 1.
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Table 1. Theaverage values of theestimatesfor the streaming data transmission quality

for theAdobe Flash RTM FPtechnology

CPU load, %\ free RAM, GB 1 0.5 0
0 4.1 4.1 0

20 35 35 0

40 25 2.5 0

60 1.5 15 0

80 0 0 0

100 0 0 0

By measuring the estimates of the streaming data transmission quality for the WebRT C technology, the

following average values of the estimates have been obtained, and they are presented in Table 2.
Table 2. Averagevalues of the estimatesof the streaming data transmission quality for the

WebRT C technology

CPU load, %\ free RAM, GB 1 0.5 0
0 4.1 4.1 0

20 4.1 4.1 0

40 35 35 0

60 25 2.5 0

80 1 1 0

100 0 0 0

To determine the superiority of one technology over another, we calculate the difference between these
estimatesin accordance with theformula (1).

S = Myerrc™

M

RTMFP?

@)

Inthe case of the WebRT C technology being superior, thevalueis positive, and, conversely, it isnegative

when the RTM FPtechnology issuperior. A comparative analysisis presented in Table 3.

Table 3. Comparative analysisof the estimatesfor the streaming datatransmission
quality for theWebRT C and AdobeFlash technologies.

CPU load, %\ free RAM, GB 1 0.5 0
0 0 0 0

20 0.6 0.6 0

40 1 1 0

60 1 1 0

80 1 1 0

100 0 0 0

Thus, it isseenthat the streaming datatransmission quality in the case of WebRTC isgreater or equa to the
datatransmisson quality whileusing Adobe Hash. Thissuggeststhat the use of the Adobe Hash technology from
the standpoint of user’ sworkplace only makes sense when the WebRT C technology isnot supportedintheuser’s

Web browser.
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Network in the segment from theuser to the cloud contact center

According to theresults of measurement of the estimates of streaming datatransmisson quality for theAdobe
Hash RTMFPtechnology, thefollowing average vauesof the estimateshave been obtained, andthey are presented
inTable4.

Table 4. Average values of the estimates of the streaming data transmission quality
for theAdobe Flash RTM FPtechnology

The delay jitter, ms\Losses in the transmission, % 0 3 6
0 4.1 35 3

20 25 2 2

40 2 1 0

60 1 0 0

According to theresultsof measurement of the estimates of Sreaming datatransmisson quality for theWebRTC
technology, thefollowing average values of the estimates have been obtained, and they are presentedin Table 5.

Table 5. Average values of the estimates of the streaming data transmission quality for

the WebRT C technology
The delay jitter, ms\Losses in the transmission, % 0 3 6
0 4.1 4.1 35
20 4.1 35 3
40 35 3 2
60 25 2 1

To determinethesuperiority of onetechnology over another, wecdculatethe difference betweenthese estimates
in accordance withtheformula(2).
Inthe case of the WebRT C technology’ssuperiority, the valueispositive, and, conversealy, it isnegativeinthe
case when the RTMFPtechnology issuperior. A comparative analysisis presentedin Table 6.
Table6. Comparative analysisof theestimatesfor the streaming datatransmission quality for
theWebRTC and Adobe Flash technologies

The delay jitter, ms\Losses in the transmission, % 0 3 6
0 0 0.6 0.5

20 1.6 15 1

40 15 2 2

60 15 2 1

Thus, it isseenthat the streaming datatransmission quality in the case of WebRTC isgreater or equa to the
datatransmisson quality whileusing Adobe Fash. Thus, it can be concluded that the use of Adobe Flash technology
fromthe standpoint of the network segment from the user to the cloud contact center makes sense only whenthe
WebRT C technology isnot supported in the user’sWeb browser.

Sudy of thetechnologiesof thestreaming datatransmisson in termsof the server resour cesconsumption

The consumption of server resourcesplaysan important rolein deciding whether to use thisor that streaming
technology. Thisisdue to the fact that, on one hand, it affectsthe cost of service, and, onthe other, it affects
scalability of application of astreaming datatransmisson technology.
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Based on the measurement of the server resource consumption, thefollowing results have been obtained, see
Table7.

Table7. Comparative analysisof the server resourcesconsumption.

Adobe Flash RTMFP WebRTC
CPU load per one connection, % 2 15
RAM load per one connection, MB 15 15

Thus, it is seen that, in terms of loading the server computing power, both technologies demonstrate
comparable resultsfor one connection. However, in the case of alarge number of connections, ascae effect will
be significant, resulting in the fact that the WebRT C technology is ultimately preferable in termsof the server
resources consumption. Theobtained resultsarefairly predictable and can be explained by thefact that, for the
operation of the Adobe Fash RTMFPstreaming data transmission technology, one needsto have an additional
conversion of the RTMFP protocol into the RTR, whichisnot used when using the WebRT C technology.

2.CONCLUSON

Theanalysisof theapplicability conditionsof thetechnologiesof streamingdatatransmission from
aWeb browser hasyielded thefollowing resultsand conclusions:

1. Themainfactorsaffecting the quality of the Streaming datatransmissonfroma\Web browser areidentified
and systemetized.

2. Itisestablishedthat thefactorsdirectly associated with the technology of streaming datatransmission
fromaWeb browser arelocdized inthefollowing sections: user’ sworkplace, the segment of the network
between the cloud contact center and the user’sworkplace.

3. Based onthe analysisof thedistinguished factors, amethodology is developed of assessing the stability of
thestreaming datatransmisson technology with respect to the changesinthesefactors, aswell asassessing
the demandsof technology to the server computing power. | naccordancewith the developed method, a
study isconducted of the Adobe Flash RTMFP and WebRT C streaming datatransmisson technologies.

4. Acomparativeanalysisof the study resultshas revealed the superiority of the WebRT C technology over
the Adobe Flash RTMFP both in terms of stability and in terms of demands for the server capacity.
Moreover, inthe case of unavailability of WebRT C technology in theWeb browser of the user, it make
sense to use the Adobe Flash RTMFP technology, which has acceptable stability and reasonable
requirementsto the server computing power.

Thefindingsshould be taken into account in the design and development of softwarefor contact centers,
using the streaming datatransmission technologies.
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