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Abstract. The wide development of multimedia clinical applications and the use of inter and
intra-hospital communication networks require a specific analysis to increase healthcare
services efficiency. In this paper, we propose a processing toolbox (QoSM3) for technical
evaluation of Quality of Service (QoS) traffic requirements in new healthcare services based
on telemedicine. This tool consists of the multimedia service definition and the measurement
and modelling processes, which permit to analyse QoS requirements and to optimize
application design regarding available network resources. The proposed methodology has
been tested to evaluate real-time and store-forward medical services.
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1 INTRODUCTION

Telecommunications and advanced information technologies have permitted an important
advance in the new telemedicine services in the last years. In order to extract the maximum
benefit of these new services, it is essential to define a precise methodology to characterize the
Quality of Service (QoS) requirements for the transmitted information and the management of
the available network resources [1]. Moreover, to implement a multimedia service it is
necessary to carry out a correct evaluation including the efficiency, acceptability and
usefulness. And this evaluation is specific according to each particular implementation
scenario. Thus, this study has been particularized for the telemedicine-based new healthcare
services [2], [3].

Telemedicine services are expected to support multiple and diverse clinical applications
over different network topologies. Such heterogeneous environments require that different
applications should be provided with different QoS requirements to accommaodate their distinct
service types [4]. Thus, in order to optimize the QoS in these telemedicine services, it is crucial
the study of two aspects [5], [6]: the nature of the transmitted biomedical information, and the
behaviour of the communication networks.

The variability of the resources (for example, in mobile infrastructures) and the
heterogeneity of the connections (for example, in Internet) require to measure and to model the
intercommunication networks [7]-[9].

To establish network models from experimental measures means to inferentially monitor
the network, with the purpose to obtain information for the subsequent performance. This
telematic discipline is known like network tomography [10]. Thus, when we study the traffic
modelling to offer QoS, it is essential to begin from source and network models that compose
it to understand traffic dynamics, and to use that knowledge in the subsequent design. Hence,
the teletraffic engineer role [11] would be the “feedback” where the measures inform about
their behaviour and the QoS criteria define their performance.

An extended criterion consists on to manage and to adapt the information generated by the
applications (encoders, transmission rates, compression ratios, etc.) to the available networks
resources. Specifically in healthcare environments, it would allow improving the telemedicine
service QoS by looking for the optimum values [12]-[13].

In this paper, an automated tool (Service Multimedia Measuring & Modelling, SM3)
developed according to a methodology of technical evaluation is proposed. Section 2 describes
its main modules and functionalities that determine the service characterization (QoS Basic),
the application traffic model (QoS Application), and the interconnection devices, buffers and
links performance evaluation (QoS network). Section 3 presents an example of use through the
evaluation of a multimedia telemedicine service based on ECG transmissions and medical
videoconferencing. Finally, in section 4 the conclusions and further research are presented.
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2 MATERIALS AND METHODS

The implementation of a telemedicine-based new healthcare service requires a technical
evaluation to study its behaviour under different network conditions. Thus, for measuring the
parameters of QoS and modelling the multimedia service, the tool Service Multimedia
Measurement & Modelling (SM3) has been developed. SM3 includes three main components:
multimedia definition (to translate the clinical requirements in telematic parameters), service
measurement (to capture not only the experimental traffic -RealM3- but also the simulated one
-SimulatedM3- in homogenous format), and multimedia service modelling.

This last component -QoSM3- receives as input a trace file, obtained from the previous
measurements or simulations, and it generates a complete model of the traffic and the network.
It includes a tool that allows representing graphs and statistics in a portable format in order to
facilitate the evaluation. Thus, the interpretation and comparison of results (not only between
different tests over the same scenario, but also the same test in different environments) permits
to characterize the service behaviour and to evaluate the complete system.

The global evaluation process is based on a trace file from a laboratory setting or a
simulation scenario. The theoretical method includes several default parameters: number of
links (L), propagation distance (Dprop), bit time (dyit), etc. Using these parameters and the input
traffic traces, a data structure is generated with four main parameters (defined for each
connection (c), measured in each link (I) and identified for each packet (i) as X'c;): timestamp
(t'.i), inter-packet time (At'.;), OFF-time (dori) and packet size (s.;). From these four basic
parameters all the traffic indicators are estimated and calculated. The complete time-scheme,
with sending (snd) and receiving (rcv) ends, is shown in Fig.1.
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Fig.1. Evaluation time-scheme.
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QoSM3 is composed by multiple utilities, divided in three modules (see Fig.2):

A. QoSM3 Basic. This module implements a previous basic analysis, which describes
elemental characteristics of the related service. It includes the calculation of Sustained and
Peak Data Rate (SDR and PDR) in (1) for a selected k samples interval, and the latency and
significant delays estimation (see Fig. 1): transmission (Z..), processing (p'.), queue (q'c),
medium access (a'c;), propagation (d'yrp) delays, etc.
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B. QoSM3 Application. This module implements analysis and probabilistic adjust methods in
order to model the observed traffic behaviour [14]. It estimates the Maximum Burst Size
(MBS) in (2) and the Burst Tolerance (BT) in (3). Moreover, it validates statistically the alone
and/or whole traffic to characterize the behaviour of the isolated and/or multiplexed sources.
This process consists of two stages:

- First order statistics [15], by means of calculating statistical values like media x and
variance o2, histograms h(i) in (4), Probability Density Function (PDF) in (5), Cumulative
Distribution Function (CDF) in (6), etc.

- Superior order statistics [16], by means of the analysis of the captured samples temporal
dependence like autocorrelation in (7) or subexponenciality degree in (8).
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Fig.2. Screen capture of QoSM3 implemented tool.

C. QoSM3 Network. This module calculates network parameters referred to required QoS
thresholds regarding International Union Telecommunications (ITU) [17]:

- End-to-End Delay (EED) is the delay that each data packet suffers along the entire
intercommunication path.

- Packet Loss Rate (PLR) shows its temporal evolution and it is associated to each
transmitted packet. Moreover, the PLR/EED ratio allows evaluating the global service.

- BandWidth (BW) is referred to the useful capacity resources in a determined instant. It is
included the normalized utilization factor p* in (9), which measures the ratio between real
data caudal and offered network mean load. It also implements calculations of the
instantaneous, cumulative and median bandwidth, and an adaptative Bandwidth Estimation
algorithm, BE in (10), weighting the measuring delay (z,) according to a suitable temporal
window (Aty).
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3 RESULTS AND DISCUSSION

The proposed QoS analysis follows a technical evaluation methodology over a network
topology, as it is shown in Fig. 3. In this work, the study has been particularized for the
telemedicine-based new healthcare services. Thus, the selected characteristics for this scenario
have been:

- Application Model. It is based in Real Time (RT) applications, including Adaptive
MultiRate (AMR) encoder for audio-12.2Kbits/s, H.263 encoder for video-16Kbits/s, and
Standard Communications Protocol (SCP) over Real Time Protocol (RTP) for
electrocardiography (ECG) signal 5Kbits/s-transmissions.

- Edge Network Model. It is based on intra-networking technologies corresponding to a
Local Area Network (LAN). This access multiplexes several RT connections, concentrated
in a Fast Ethernet switch that provides multiple 2Mbps links towards the external front-end
(edge router).

- Backbone Network Model: It is based on inter-networking technologies corresponding to
a Wide Area Network (WAN). It has been considered a variable Committed Information
Rate (CIR) of n-64Kbits/s.

Quality of Service

Multimedia
delling

Module

Fig.3. Evaluation scenario of QoS multimedia.
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3.1 QoSM3 Basic Evaluation.

From this scenario, the first step was to characterize each Type of Service (ToS).

For RT-audio, the evaluation showed a low variability in the evolution of PDR with a mean
value of SDR = 12.4Kbits/s, as it is shown in Fig.4(a). Moreover, Fig.4(b) shows only two
significant occurrences for the inter-packet time (At;). Thus, these results could be associated to
Constant Bit Rate (CBR) traffic following an ON-OFF model.

For RT-video, Fig. 5(a) shows that its behaviour follows a non-uniform distribution
regarding the H.263 encoder. The statistical tendency could be approximate to a Rayleigh, log-
normal or exponential distribution, as it is shown in Fig. 5(a). To clarify these tendencies,
QoSM3 includes the Kolmogorov-Smirnov (K-S) test [18]. This K-S test obtains the distance
between distributions, which permits to quantify the measurements associated to the tendency
under study. In Fig. 5(b) the exponential distribution is justified from the numeric values using
only significant samples of the related traffic. Thus, these results could be associated to
Variable Bit Rate (VBR) traffic following an exponential model.

For RT-ECG transmissions, the evaluation shows in Fig. 6(a) a packet size (s;) practically
constant with MBS=1, which justifies its CBR behaviour. Further, this CBR characteristic also
is showed in Fig. 6(b) where the (normalized) utilization factor is approximately p* = 1.
Thus, these results could be conclude in a CBR traffic following an uniform model.

3.2 QoSM3 Application Evaluation.

From the previous characterization, this application evaluation allows studying the
evolution of the service performance in different configurations of encoders characteristics:
source rate, compression ratio, etc. Fig. 7(a) shows the evolution of packet size for three
transmission rates: Maximum (M), minimum (m) y average (a). It underlines the CBR
behaviour for RT-audio and RT-ECG and it shows the variable bit rate associated to RT-video.
Moreover, the SDR in every situation is presented in Fig. 7(b) (with Fig. 7(a) in background
grey), which shows how the joint traffic is practically constant in all the cases, although RT-
video high variability may lead to congestion situations. Thus, they should be evaluated in the
next module.

3.3 QoSM3 Network Evaluation.

Finally, this module evaluates the service performance regarding nerwork resources. It
includes the relation between losses and delay, PLR/EED. This ratio allows evaluating whether
the studied service fulfills the QoS requirements. In Fig. 8(a), this ratio indicates that RT-ECG
service is always valid, the RT-audio service only could be useful with CIR>128Kbits/s, and
that the RT-video requirements are the most restrictive of three services (CIR>192Kbits/s).
Anyway, real measurements showed that CIR=128Kbits/s could be enough with high
compression ratios. Thus, Fig. 8(b) shows the BW evolution through four consecutive
communication links. Since full capacity is shared with other traffic sources, SM3 indicates
when the service does not fit to the required thresholds (third and fourth links).
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Fig. 4. RT.audio service characterization. (a) Peak Data Rate (PDR). (b) Inter-packet time (Ati).
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Fig. 5. RT.video service characterization. (a) Obtained CDF vs classic distributions: log-normal, normal,
exponential, Rayleigh, and uniform. (b) Kolmogorov-Smirnov test applied to the CDF,
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Fig. 6. RT.bio service characterization. (a) Packet size evolution, with its associated MBS.
(b) Utilization factor, for a intermediate buffer with queue size Q=20.



I. Martinez and J. Garcia

1500 ¢

1000  — RT.audio
. mom RT.video
. 500  =m RTEEG
é. i
a
o
i)
@
-
T
S
]
=%

fOMM Ma Mm @ am . aa . aM mame mmMM

° 0 80 180 270 360 450 540 630 720 810 900
time (s)
(a)
20.0 : ] . — 1500
17.5 : ! : ; 1000
15.0  RTvides | | L

mm RT.EKG

w
@@
@ 2
£ 12.5 P
0 ~N
= pop @
o 10.0 200 <
[=1 ] =
w75 150 @
: i =
5.0 f ; i ! 100
2.5 : ! i ! 150
MM Ma Mm = am aa aM | ma mM ommo MM 0
0 90 180 270 360 450 540 630 720 810 900
time (s)
(b)

Fig. 7. Evaluation of the service performance. (a) Packet size evolution for different transmission rates:
M=Maximum, a=average, m=minimum. (b) SDR evolution.
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Fig. 8. Evaluation of the service performance regarding network resources (a) PLR/EED ratio.
(b) BW evolution through consecutive communications links to evaluate congestion situations.
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4 CONCLUSIONS

This work has presented a tool (Service Multimedia Measuring & Modelling, SM3)
developed according to a methodology of technical evaluation. SM3 provides a quantitative
and qualitative analysis of each part of the measured scenario. It includes three modules that
determine the service characterization (QoS basic), the application traffic model (QoS
application), and the interconnection devices, buffers and links behaviour evaluation (QoS
network). It permits to study the QoS associated to the multimedia services and to model their
network tomography and related applications traffic. Moreover, it would permit to avoid
adaptatively the congestion situations in advance varying the traffic source parameters (rates,
encoders, compression ratios, etc.)
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