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ABSTRACT

In this paper we consider the transmission of stored video from a server to a client for medical applications such as,
Tele-monitoring, to optimize medical quality of service (m-QoS) and to examine how the client buffer space can be
used efficiently and effectively towards reducing the rate variability of the compressed variable bit rate (VBR) video.
Three basic results are presented. First, we show how to obtain the greatest possible reduction in rate variability when
sending stored video to client with a given buffer size. Second, how to reduce high peak data rate of compressed VBR
video when a patient is moving/walking very fast in hospital. Third, we evaluate the impact of optimal smoothing algo-
rithm on the network parameters such as, peak-to-mean ratio, standard deviation, delay, jitter, average delay and aver-
age jitter to optimize the m-QoS. To resolve these all problems we used optimal smoothing algorithm and show its per-
formance over a set of long MPEG-4 encoded video traces. Simulation results show that m-QoS is optimized by mini-

mizing network metrics.
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1. Introduction

Wireless Telemedicine is a way of distributing medical
expertise and services in remote area hospitals, there
have been greater demands to replace wires with wireless
technologies. This replacement not only reduces the de-
ployment cost and time, but also provides patient’s in-
creased mobility and comfort by replacing them from
wires. The use of wireless technologies enables health-
care personnel to remotely monitor the patient’s condi-
tions. Also we can prevent the infection due to wire con-
tact by using wireless technologies. For successful de-
ployment of wireless technologies in healthcare applica-
tions, the main challenge is how to guarantee the re-
quired quality of service (QoS) level for medical applica-
tions when using wireless connection, i.e., medical qual-
ity of service (m-QoS) [1]. As mobile healthcare (m-
health) is a new paradigm that brings together the evolu-
tion of emerging wireless communications and network
technologies with concept of connected healthcare any-
time, anywhere to anyone [2].

Until now, there has not been much work on m-QoS
using optimal smoothing algorithm. J. D. Salehi. et al. [3]
propose an optimal smoothing algorithm for reducing
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rate variability in wireless VBR stored video but ignored
m-QoS optimization and trade-off between buffer sizes,
peak-to-mean ratio, standard deviation, delay, jitter, av-
erage delay and average jitter through optimal smoothing
algorithm.

Ye Li et al. [4] design optimal smoothing algorithm
for the energy efficient video transmission over wireless
link but not focused on the m-QoS optimization and rela-
tionship between buffer size, delay, jitter, average delay
and average jitter. Ali Alnejad et al. [5] mapped m-health
QoS parameters with WiMAX QoS classes. Yishay Man-
sour et al. [6] present optimal smoothing schedule for
real-time streams. Malindi P. [7] present QoS for IP-
based Telemedicine system. Robert S. H. Istepanian, et
al. [8] develop rate control techniques for m-QoS provi-
sioning. Wu-Chi, et al. [9] propose bandwidth smoothing
algorithm to reduce burstiness resources. Taceittin, et al.
[10] present lossless smoothing algorithm for the delay &
buffer constraint. Ray-I Chang, et al. [11] design linear
CTS algorithm for the jitter-free playback. Szymanski, et
al. [12] examine QoS in mission-critical telerobotic. B.
Woodward et al. [13] design telemedicine system using
mobile telephone. [14,15] Presented online smoothing
algorithm. Zilei Wang, et al. [16] develop fast optimal
smoothing algorithm for stored video. [17-19] discussed
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QoS requirements for general and medical applications
respectively.

One of the key limitations of existing works is that
they have focused on QoS provisioning in different areas
such as broadband networks, cellular networks, robotics
etc by using distinct techniques and algorithms but they
have not focused on the optimization of m-QoS through
optimal smoothing algorithm for medical applications
such as Tele-monitoring.

The main contribution of this research is that we first
used optimal smoothing algorithm to reduce rate vari-
ability and high peak data rates of VBR compressed
stored medical video as shown in Figure 1, second estab-
lished trade-off between client buffer sizes, peak-to-mean
ratio, standard deviation, delay, jitter, average delay and
average jitter to optimize m-QoS as shown in Table 1.

The remainder of the paper is organized as follows.
Section 2 introduces wireless telemedicine system. Sec-
tion 3 presents general QoS. Section 4 describes medical
QoS. Section 5 presents difference between general
video and medical video. Section 6 describes optimal
smoothing of stored/offline medical video, problem state-
ment and optimal smoothing algorithm in detail. Simula-
tion results are presented in Section 7. Section 8 con-
cludes paper.

2. Wireless Telemedicine System

Wireless telemedicine is the delivery of health care and
sharing of medical knowledge over a distance using In-
formation Communication Technology (ICT) as a com-
munication platform. It aims at providing medical ser-
vices anywhere at any time. Though any communication
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Figure 1. Stored video stream originates from a multimedia
server or a video-on-demand system and travels through
the network to one or more clients including workstations
and set-top boxes. Smoothing occurs at the video source
and/or at serversinside the network [3].
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system can be used in telemedicine, rapid development in
computer technology and easiness to purchase has led to
more amenability to computer-based telemedicine tech-
nologies which are IP-based. Services offered by tele-
medicine are designed to help in improving healthcare
access and information services while reducing the isola-
tion between healthcare providers and residents in rural
areas. Wireless Telemedicine reduces time and costs of
patient’s transportation from rural areas. Wireless Tele-
medicine is used in distinct areas such as consultations in
neurology, cardiology, and general medicine. Telemedi-
cine is also used for Continued Medical Education (CME),
administration, research and development. Wireless Tele-
medicine offers so many services such as, Tele-education,
Tele-consultation, Tele-monitoring, Tele-diagnosis and me-
dical data exchange etc. In [5] wireless Telemedicine
system is used to provide m-QoS. Wireless Telemedicine
provides services 24 hours a day and seven days a week
basis to patients in remote areas and at every where as
shown in Figure 2.

3. General Quality of Service (QoS)

Quality of service (QoS) generally is defined as degree of
satisfaction of user of the service. There are distinct QoS
metrics for various network applications based on hu-
man/user factor and technology attributes. The human
factor defines multiple kinds of media, for example, text,
audio, video etc, and the technology attributes show dis-
tinct technological ways of using network, for example,
time-dependence and symmetry. Both of these elements
play important role to satisfy the desired requirement of
QoS. But here we will focus only on the patient’ percep-
tion for QoS. As regardless of the type of media (voice or
video) there are different QoS requirements from the
patient’ point of view that determine whether the patient
will accept this service or not, such as perception about
video transmission delay and listening music online [16].
For more information look at Table 2.
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Figure 2. Architecture of wireless telemedicine system [20].
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Table 1. Simulation results.

Stream-1: Digital Subtraction Peak to Mean Standard Delay Jitter Average Delay ~ Average Jitter
Angiography (DSA) Ratio deviation (millisecond) (millisecond) (millisecond) (ms)
. Unsmoothed 9.52 34.08 9.74e—05 5.11e—07 1.082¢—-05 5.67e—08
Buffer Size
=32KB
Smoothed 1.94 0.30 9.51e-05 5.0e-07 1.056e—05 5.56e—08
. Unsmoothed 9.52 34.08 1.94e-04 1.02e—6 2.15e—05 1.13e-07
Buffer Size
=64 KB
Smoothed 1.77 0.24 1.92e-04 1.0le—6 2.13e-05 1.12e-07
. Unsmoothed 9.52 34.08 3.89¢-04 2.04e—6 4.32¢-05 2.26e—07
Buffer Size
=128 KB
Smoothed 1.52 0.15 3.79¢-04 2.03e—6 4.21e-05 2.25¢-07
. Unsmoothed 9.52 34.08 7.79¢—04 4.09¢-06 8.65e—05 4.54e-07
Buffer Size
=256 KB
56 Smoothed 1.34 0.061 7.69¢—04 4.08¢—6 8.54¢—05 4.53¢—07
. Unsmoothed 9.52 34.08 0.0016 8.18¢—06 1.78e—04 9.08e—07
Buffer Size
~S12KB Smoothed 1.22 0.050 0.0015 8.17e—06 1.67e-04 9.07e-07
. Unsmoothed 9.52 34.08 0.0031 1.63e-05 3.44e-04 1.81e-06
Buffer Size
=1024 KB
0 Smoothed 1.073 0.049 0.0030 1.62e-05 3.33e-04 1.80e—06
. Unsmoothed 9.52 3.25 0.0059 3.12¢-05 6.56e—04 3.46e-06
Buffer Size
=2MB
Smoothed 1.071 0.048 0.0058 3.11e-05 6.44¢—04 3.45¢-06
. Unsmoothed 9.52 3.25 0.0119 6.24e—5 1.32¢-03 6.93¢—06
Buffer Size
=4 MB
Smoothed 1.070 0.047 0.0118 6.22¢—5 1.31e—03 6.91e-06
. Unsmoothed 9.52 4.08 0.0476 2.49¢—-04 5.27e—03 2.76e—05
Buffer Size
=16 MB
Smoothed 1.069 0.045 0.0475 2.48e—04 5.27¢-03 2.75¢-05
Table 2. Requirements of general QoS and medical QoS [17-19].
General QoS Medical QoS
S. No Service Type
Data Rate (kbps) Delay (ms) Loss Rate Data Rate (kbps) Delay (ms) Loss Rate
1 Audio 56 - 64 kbps <150 ms <0.1% 4 - 26 kbps 150 - 400 ms 3%
2 Video 4 - 60 Mbps <150 ms <0.0001% 32 - 384 kbps 150 - 400 ms 1%
3 FTP 11.8 kbps ~10 sec. 0 (zero) 16.99 kbps 177.6 ms 0 (zero)
150 - 240 ms
4 VOIP 64 kbps <15 %(’)‘;fe’ ng'a“e to <1% 500 kbps (downlink) 0.01%
p y 200 ms (uplink)
5 Video conferencing 24 - 1920 kbps <150 ms <0.01% 640 kbps - 5 Mbps <250 ms E2E 1%
6 Images <100 kbps <10 sec. NA <1 Mbps ~10 sec. NA
7 Web browsing ~10 kbps <4 sec., per page 0 (zero) 10 kbps ~2 sec. 0 (zero)
8 Email <10 kbps <4 sec. 0 (zero) <30.5 kbps <400 ms 0 (zero)

Copyright © 2013 SciRes.
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4. Medical Quality of Service (m-QoS)

Medical QoS (m-QoS) can be defined as the augmented
requirements of critical mobile healthcare applications
with respect to the traditional wireless QoS requirements.
The main m-QoS metrics in video streaming environ-
ment are the throughput, packet loss rate; end to end de-
lay and jitter [17]. The m-QoS in the network ensures
that patient gets usable services. Every medical service
has different requirement which depends on the type of
the traffic, type of the service and the context in which
service is invoked. Medical applications generate traffic
with diverse network metrics which plays vital role to
optimize m-QoS. Here, statistical similarity between the
smoothed and unsmoothed medical video transmission is
performed using different network metrics. Medical QoS
is the ability to provide different priority to different ap-
plications, patients, or data flows to guarantee certain
level of performance for medical applications such as,
Tele-monitoring. m-QoS metrics need to be guaranteed
by delivering satisfactory wireless multimedia services.
There are primarily three ways in which m-QoS is pro-
vided. First, Inter frame Space (IFS) or different conten-
tion window, second, weighted fair queuing (WFQ) and
third, Admission control mechanism. m-QoS is opti-
mized with optimal smoothing algorithm in terms of high
peak data rate, peak-to-mean ratio, and standard devia-
tion, delay and jitter values at different client buffer size
as shown in Table 1. The clear difference between m-
QoS and general QoS is shown in Table 2.

5. Difference between General and Medical
Video

Recently, video is the convenient and effective source of
conveying any kind of information. All video formats
achieve the same basic goal, for example, they store
black and white or colored information as electronic lines
that make up a video frames recorded per second and
varies, depending on the video standard, the format sup-
ports, for example, NTSC formats are recorded at 29.9
fps and PAL at 25 fps. Both general and medical videos
are characterized by the same parameters such as, en-
coding method, frame rate, sampling rate, video standard
supported, aspect ratio of frames, aspect ratio of pixels,
sampling rate and bandwidth etc plays important role to
analyze any video as shown in Table 3.

6. Optimal Smoothing of Offline Medical
Video

6.1. Problem Statement

In particular, supporting robust and smooth medical
video transmission over wireless networks is a challeng-
ing problem primarily due to three factors: fixed (low)

Copyright © 2013 SciRes.
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Table 3. Difference between general video & medical video
[17,18].

S. No Parameter General Video Medical Video
1 Video Encoder MPEG-1, MPEG-4 M-JPEG, H.264
15 fps, 25 fps

2 Frame Rate PAL/SECAN 30 fps NTSC

3 Video standard PAL NTSC

4 ASpliCt ratioof 35 43 5.4 16:9 (HDTV)
rames

5 Aspectratioof 00 so6_10:01]  [704 x 480 = 10:11]
pixels

6  Color mapping 4:2:2 4:4:4

7 Sample rate 96 KHz 44.1 KHz

8 Bandwidth 100 - 500 MB ~1 GB

allocated and variable demanding bandwidth, varying
nature of transmission channel and end-to-end QoS and
delay guarantee. So, to resolve these problems we used
optimal smoothing algorithm.

6.2. Optimal Smoothing Algorithm

In formulating optimal smoothing algorithm, we consider
discrete time model at the frame level. That is,

te {1,2,---, N}, where N is the number of frames in the
video.

Algorithm Parameters:

N: Number of frames in the video.

P: Start-up delay in frame periods (time slots).

B: Client buffer capacity to store unplayed video
frames.

L(t) : Size of the frame in time slot t in bits,
t=1,2,--,N.

D(t) : Cumulative amount of data (in bits) consumed
by client.

a(t): Amounts of data (in bits) sent by the server at
time, t=1,2,---,N.

A(t): Cumulative amount of data sent by server at

t
[L1:2a().

B(t) : Maximum cumulative data received by the cli-
ent over [L,t], without buffer overflow.

Let a(t) be the amount of data sent by the server at
time t. We assume data are consumed from buffer after
any arrival at time t. When the client has fixed buffer
size B, we have B(t):min{D(t—1)+ B,D(N)} for
t=2,--,N, with B(1)=B and B(0)=0. It is not
necessary for B(t) to lie at fixed offset above D(t).
The N dimensional real vector S= [a(l),---,a(N)] is
said to represent a feasible server transmission schedule
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over [1, N] if the client buffer neither starves nor over-
flows during stream playback, i.e., if D(t) < A(t) < B(t)
for all t, as shown in Figure 3 which represent variation
in the amount of data in the client buffer over multiple
time slots. The difference between B(t) and D(t) is
the client buffer size. The cumulative data A(t) trans-
mitted must be more than D(t) but less than B(t) to

ensure that the client buffer neither overflows nor starves.

In every time slot, we adjusted to minimize high peak
data rate. If the start up delay P>1 time slots, the cu-
mulative data transmitted by the end of the P, time slot
A(P), should be larger than the size of the first frame
L(l) , but smaller than the client buffer size, i.e,
L(1)< A(P)<B. In this range, we can choose the opti-
mal A( P) so as to minimize high peak data rate and re-
duce variability. By the end of the (P+1), ~time slot,
transmitted data A(P)+a(P+1) is more than the sum
of the first two frames, but smaller than the sum of the
buffer size and first frame, i.e.,

L(1)+L(2)< A(P)+a(P+1)<B+L(1). After solving
this inequality, A(P) is constant and we can adjust
a(P+1) for minimum peak data rate and lowest rate
variability. More generally, at the end of the (P+k),
time slot, A(P),a(P+1),a(P+2),---,a(P+k-1) are
constants and a(P+ k) is adjusted to reduce rate vari-
ability and high peak data rate. That is,

k+1

S L) A(Pk-1)+a(P k)< B+2L(i) 0

In Equation (1) a(P+k)=0 can satisfy the inequality
k+1

A(P+k-1)=> L(i)>temp, where temp is constant.
i=1

As temp=0 satisfy the inequality to avoid unexpected
frame loss. We can set temp equal to the sum of the sev-
eral frame sizes to have a safety buffer of prefetched
frames that allows continuous playback during wireless
outages.

Let C, . be the maximum rate at which server trans-

A - B(t)
L)
AW
LA~
TOIOY B0
Buffer Size f———F--------
er dI1ZC a(z)l L(3)
L)
a(l)
L : : L
Sartop at;;yp Pl P2 B3 Time élots

Figure 3. Diagram of video data received and consumed by
client.
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mits over a given interval [a, b] , without overflowing
the client buffer, starting from initial buffer level g, as
shown in Equation (2)

c - Bl)-(P(a)+a)

M arist<b t—a

2

and tg is the latest time t at which client buffer is full
when the server transmits at C_,, over [a,b], starting
with initial buffer level Q.

tg = max {t: B(t)_fD(a)+q)

=C max} 3)
—a
In the same way, C_, is the minimum rate at which
server transmits over a given interval [a,b] such that
the client buffer never starves, starting from initial client
buffer level Q.
D(t)-(D(a)+a)

sces t-a @

C

‘min

and t, is the latest time at which the client buffer is

empty when the server transmits at C_, over [a,b],
starting with the initial buffer level g.
D(t)-(D(a)+
tDZmax{t: ()-(b(2) q):Cmin} (%)
a+l<t<b t—a

video transmission over an interval [a,b] will be feasi-
ble when C_,, >C,_, while computing over [a,b] as

max ‘min

shown in Figure 3.

7. Simulation Results

Here we have compared the unsmoothed video transmis-
sion with the smoothed video transmission, on frame by
frame basis with respect to bit rate peak-to-mean ratio,
standard deviation of bit rate, delay, average delay, jitter
and average Jitter. Transmission scheme is simulated
with 30-minute VBR MPEG-4 QCIF format encodings
from the movie Digital Subtraction Angiography (DSA).
The video stream with range of bit rates is available at
http://traces.eas.asu.edu and their values are shown in
Table 4. In Table 1 we compared the performance of
stream-1 for nine different client buffer size values at
start-up delay of 2 sec. if we slightly increase the start-up
delay value than peak-to-mean ratio, standard deviation
reduces but delay and jitter values increase at small ex-
tent. If we increase the buffer size then peak-to-mean
ratio and standard deviation reduces as shown in Table 1
and Figure 4. In Table 1 we analyzed tradeoff between
different client buffer sizes and network metrics using
optimal smoothing algorithm to optimize m-QoS. It is
cleared that when buffer size increases then peak-to-
mean ratio and Std. dev reduces (i.e. becomes smooth)
while delay and jitter value gets larger.

ETSN



6 S. A. HASSAN, Y. LI

Data Rate sent by server and Frame Index

500 :
! ‘ Unsmoothed Video Stream ‘
T e et
400F ————————— - 4‘ 77777777777 L 7777777777 —
| |
U S P —
Q. ! |
SB00f - _
~ | |
L 2501 B T e -
g 1 1
£ b Vi
8 150 ‘
Il MHI\M LR RS i L M
100 r
(T \ll | r Ol |
N r Ul di m Hil| "W NI 1
I r LA, L l\Mer il
% 500 1000 1500
Number of frames(in thousands)
(a)
Data Rate sent by server and Frame Index
500
) I E— S:”J"PE“S"’,Y'?"P,SF? am @,B,“ff*i' size=512K8 ||
| |
400F - - —————— — — - : 77777777777 l 7777777777 —
| |
U T e —
[oR ! |
S aof - e .
~ | |
L el - e |
g 1 1
© 200 - lmmmmm o oo -
8 150F----------—- : 77777777777 1" 7777777777 —
| |
| |

Number of frames(in thousands)
(©

Data Rate sent by server and Frame Index

500 ‘ ‘
250 —— Smoothed Video Stream @ Buffer size=64KB
| |
400F - - - ———————— : 77777777777 4‘ 777777777777
| |
L R ]
Q. | |
S0 - T
~ | |
O
RS R
x | |
% 200~~~ —————— — e doooee oo
O 150F —————————— - e ]
| |
100f - ————————— S
) il
|errr|r | M Ll il ’h Wl J rMM W\Mrf \r il h er Mr MMJ A Jr M -
Number of frames(in thousands)
(b)
Data Rate sent by server and Frame Index
500
50 E— Smoothed Video Stream @ Buffer size=2MB
,,,,,,,,,,,, —
400 - - - - ——— — — — - : 77777777777 J‘. 7777777777 —
| |
o e e -
o ! |
2300 - o -
~ | |
%250 777777777777 I -
D: | |
% 200F —— === e e -
O 150F —————————— R T —
| |
100f ————————— -~ P L -
| |
50f -~ R —
| |
% 500 1000 1500
Number of frames(in thousands)

(d

Figure 4. Offline optimal smoothing algorithm. (a) Unsmoothed video stream; (b) Smoothed video stream at buffer size of 64
KB; (c) Smoothed video stream at buffer size of 512 KB, (d) Smoothed video stream at buffer size of 2 MB, X-axis shows
frameindex in thousands and Y-axisrepresents data rate in Kbps sent by server.

Our Improvement in Results

After deep analysis of different metrics of general video,
general QoS, medical video and medical QoS require-
ments we come to the main point and compared standard
values of network metrics with values obtained from our
simulation results, we found that value of delay, jitter
obtained from our experiment are in microseconds as
shown in Table 1 while standard value of same metrics
are in milliseconds as shown in Tables 5 and 6, so there
is much more difference between standard and observed
values of different parameters, also data rate values of
peak-to-mean ratio and standard deviation metrics are
very small and optimum from our experiment than the
standard values. In other words we can say that results of
these metrics obtained from our experiment are suitable

Copyright © 2013 SciRes.

for the requirements of medical video and medical QoS,
while standard values of these metrics are very large and
require very expensive tools and complex techniques to
achieve. We used very simple and an efficient technique
named Optimal Smoothing Algorithm to satisfy the
requirements of medical video and medical-QoS. In all
aspects optimal smoothing algorithm performs better.

8. Conclusion and Future Work

We applied optimal smoothing algorithm to optimize
m-QoS, established trade-off between client buffer size,
peak-to-mean ratio, standard deviation, delay, jitter, av-
erage delay and average jitter. Also we compared general
QoS with medical QoS and general video with medical
video in terms of standard values of parameters and
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Table 4. Simulation parameters.

Stream-1 Digital Subtraction

Angiography (DSA) I-P-B Quant scale, 30-030-30

Encoding standard MPEG-4, QCIF (176X144)

Peak-to-Mean Ratio 9.864

Mean_bit_rate (Mbps) 0.901

Peak_bit_rate (Mbps) 8.89
12 frames

1-GOP (Group Of Pictures) [12 x 33 x 10(~3) = 396 ms]

Time of one frame 33ms

Total time of video 30 mints = 30 x 60 = 1800 sec.

Total number of frames 54000

Start_up_delay of P frames 2 sec.
Bit_rate (kbps) 2.691e+07

Average bit_rate
(kbps)-unsmoothed video 2.82¢+05
Average_blt_rat_e (kbps)-smoothed 5 88¢+05
video
Number of clients, C 9

Total_bits 93242776

Table5. General video requirements[17].

S. No Application/Service Delay Jitter Data Rate
Type (ms) (ms) (bps)
1 Video broadcasting <150 <100 15-34M
2 Interactive VoD <150 <150 zs?fgl'esvoigi’
3 Videoconference <150 <400 <64 K
4 Videophony <100 <400 <64 K
5 VoIP <100 <400 8K @ G.729
Table 6. Medical video requirements[18].
S. No Application/Service Delay Jitter ~ Data Rate
Type (ms) (ms) (bps)
1 Video broadcasting 150 - 400 30 32-384K
2 Interactive VoD 150 20 4-6M
3 Videoconference 200 20 64/128 K
4 Videophony 100 10 128Kto10M
5 VoIP 150 (downlink), 20 127K

200 (uplink)

Copyright © 2013 SciRes.

values from our experiments. We observed that our re-
sults are optimal than the standard values of parameters.
Our simulation results show that m-QoS is optimized by
reducing rate variability, high peak data rate and network
metrics. We proved experimentally that optimal smooth-
ing algorithm fulfills requirement of m-QoS. In near fu-
ture, we will develop online smoothing algorithm then
test and verify both offline and online algorithms on
hardware for offline and live medical applications re-
spectively.
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