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ABSTRACT

In this paper, we propose a new source traffic smoothing algorithm, that can be effectively used in various live
video applications such as video conferencing, where the sender and receiver buffer sizes are usually fixed prior to
transmission. For these applications, we describe the necessary constraints imposed by the delay bound, and by the
sender/receiver buffer sizes. Then, based on these constraints, a new source traffic smoothing scheme is designed in
such a way as to smooth maximally the transmission rate, while controlling so that the buffer overflow and
underflow rates may be avoided.

Experimental results show that the proposed method has led to low loss rates at the moderately small buffer
sizes. Then, the smoothing performances of the proposed scheme are investigated in terms of the buffer sizes and
the delay bound. Finally, based on simple queueing results, the performances of the proposed scheme are
evaluated. Through these experiments, it is confirmed that the proposed method is effective in reducing both

short-term and mid-term burstiness of the transmission rate for visual conferencing applications.
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I. Introduction

VBR(variable bit rate) video coding and transmi-
sston are known to be advantagcous in various points
of views such as an constant image quality due to the
evenly distributed distortion and an efficient bandwidth
utilization due to the statistical multiplexing. Recently,
as one way to provide VBR-coded services, some
literatures have dealt with source traffic smoothing
methods|1-5}, which are based on the introduction of
delay and rate buffering between the video encoding
and decoding processes. The main purposes of source
traffic smoothing are to transmit coded-data by con-
serving VBR characteristics of the original video se-
quence itself and to alleviate the network load with-
out wastling excessive bandwidth.

Several transmission techniques of a pre-coded
video source such as VoD applications have been
addressed in [6-9). In these applications, by capitalizing
on prior knowledge of the coded-frame sizes for the
entire video, these techniques can smooth traffic on a
large time scale by prefetching frames into a buffer in
advance of bursts of large frames. In contrast to
pre-coded video applications, interactive video applica-
tions, such as video conferencing, typically have the
coded-data

buffer sizes in the sender and receiver sides.

limited knowledge of sizes and  finite

As a result, live video service applications require
dynamic techniques that can reacl quickly to changes
in coded-frame sizes and the available buffer sizes.
For live VBR vidco services, in {l]. Reitbman and
Haskell studied constraints on buffer sizes and trans-

mission rales. But, they focused on the encoder rate
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control to prevent overflow and underflow at the
encoder and decoder. In [2], a lossless smoothing
scheme is suggested not to yield a bursty traffic by
using the continuous service property and the delay
bound. His scheme 15 not restricted by the butfer
And in [3-5].

schemes have been dealt with VBR video coding and

sizes. several VBR traffic smoothing
transmission on an ATM network.

In this paper, we consider an adaplive source
tratfic smoothing algorithm that can be effectively
appheable for wvideo conferencing applications with
the finite and small buffer sizes. The proposed
smoothing algorithm is based on the constraints that
are imposed by the delay bound, by the sender/re-
cetver buffer sizes. By using these constraints, we pro-
pose an adaptive source traffic smoothing algorithm
which minimizes the overflow and underflow rates
due to finite buffer sizes, while ensuring that the
transmuitted data s being maximally smoothed.

Il. System Model and Notations

The approach of this paper is specified at an
inlerface node where the user will be in a position to
control the instantanceous transmission rate and buffer
the

control is

occupancies under a given delay bound. In Fig. 1,
situation in an adaptive (ransmission rate
shown as a simplified block diagram. Let s(7) be the
number of generated bits in the interval [(7 —1)4¢, 748),
where At

uncoded frame interval. It s assured that s(7) is uni-

is the duration corresponding to one

formly fed to the sender buffer during this time

nterval. Additionally, the size of decoding data pack-
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age is assumed to be same as the generated-data size

by encoding per frame.

B, 4-ly

* - .
: e | Decoder

..I Central Controljer }

Fig. 1 An overview figure for an adaptive source traffic

smoothing.

Similarly, let 7(7) be the number of bits that are
uniformly transmitted into the network in the interval
[(7—14¢t, jd4t). The value of r(7) depends on the
nature of the sender and receiver buffer fullness as
well as the delay bound. Let us define D4¢ as the
allowable delay bound with which a specific coded-
frame data can be stayed in the sender buffer[l]. It
means that the sender side must terminate trans-
mitting a specific coded-frame data within DA¢ into
network, after the first bit of that data is generated.
We assume that the network itself is transparent to
transmit video service, i.e., the network is considered
to be a source of no delay and no loss. Under this
assumption, the receiver must wait, at least, D4¢
before starting to decode. As expressed in [1], based
on the above definitions and assumptions, the sender
and receiver buffer fullness at time j4¢, B,(7) and 0

< B.(j) < B¥* can be expressed as

j J

B(H=Ls@)-X 7@  forj>0 (1)
=1 1=1

Br(j)=é r (@), for j<D
i=1
J i-D

B()=L r()~Y st), forj>D 2)
1= =1

From (1) and (2), two different forms of B,(7) can
be written for 7 > D as follows

www.dbpia.co.kr

7
B ()= ¥ s@)-Byj)forj>D (3)
i=j=D+1
J
B,(N= Zn r(1)—B,(j—D)for j> D (4)
i=j=D+]

We note that in order to guarantee lossless smoo-
thing, the conditions of 0 < B.(j) < B5* and 0 < B,
(7) < B* must be satisfied for all j, where B(/)
and B,(j) represent the sizes of sender and receiver
buffers, respectively. Hence from (3) and (4), we ob-

tain simple boundaries of partial sums over DAt

intervals.

Z S(l) < B‘:S'IZF +B:xze (5)
i=j—D+i ’

Z 7(1) < B\szze +Brszze (6)
i=j-D+1 ’

It means that overall buffer size(B* + B5*¢) must
be large enough to absorb the variability of data

generated, or transmitted during the delay bound.

I. Proposed Source Traffic Smoothing
Algorithm

3.1 Constraint on the Receiver Buffer Size

If the receiver buffer size is sufficiently large, the
selection range of #{(j) can be wide. But, in the real
case that the receiver buffer size is small and fixed,
the maximum value of 7(7) is restricted by the over-
flow prevention condition of the receiver buffer.
From (4), since B,(7) < B** musl be satisfied for all
7, that is,

)
> r@)—-B,(j-D)< B¥* forall j )
i=j-D+1

must be maintained. Hence, the maximum value of

7{7) is bounded as follows,

r"““(j)zmax{Bj‘ZP+BS(J'—D)— Z]: (@, 0} (8)

i=5-D+I
or by using (1) in (8),
573
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™% (7) = max Bf""+BS(j—l)—_ é s@, 0 (9
i=j D+

3.2 Constraint on the Delay Bound

Fig. 2 shows the queueing structure in the sender
buffer at time (f—1)4¢. The coded-frame data that
waits for transmission in the sender buffer, can not
wait longer than the delay bound(D4f). In other
words, the time interval for cach batch of coded-
frame data, between the time of the first bit entering
into the sender buffer and the time of last bit
departing the buffer must be less than DA{, as speci-
fied in section 2, i.c.
(-0

. S J
(G—-14t +—r—(7)— At—b;. At < DAt (10)

where the new symbols arc defined as follows.

J:this value is an integer less than D and represent
the queueing length at time (7 —1)4¢ in the sender
buffer(see Fig. 2).
s(7—J):the first data size which will be transmitted
at (j—1)4t and the remainder of s(;—.J)
which was not transmitted before (7 —1)41.

b;j_;At:this value represent the instantancous lime
when the first bit of has begun entering into
the sender buffer.

s(¢) r{j)

sG-1) sg-2) SG-4)

Fig. 2 Queueing structure in the sender buffer.

The departing time of s{(7—J) may be the trans-
mission starting time of s(; —J +1). As soon as the
transmission of s{(7 —J) is terminated, in order to tra-
nsmit s(7 —J +1) continuously at the same rate, r(5),

the following inequality must be simultaneously satis-
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fied as follows.

, s(=J) stj=J+1)
(-4t + o) At + 0

—=b;.; 1Al < DAL
()
By extending this procedure to p frame data, a lower

inequality for () can be formally defined as

: s(7=J)
Ry e e (2)
-
»
sG=N+Ls(G—J+d)
s — i=1 _
G = Ry Jl<sp=<-1
, (13)
Bs(j~l)+_zs(j—1+i)
VI‘I (]’ 1)) = i=J X J< p (|4)

D+b; ., —j+1

where if p is equal to, or greater than J, §(7'—J +1)
is a value which is estimated by using the chara-
cleristics of pseudo-periodic patterns in the MPEG-
coded video sequence. The coded-data size estimation

method is presented at subsection 3.4, in detail.

3.3 Constraint on the Sender Buffer Size

In deciding the transmission rate, it is required that
the sender buffer overflow and underflow are avoided.
For thesec purposes, we describe the constraints
imposed by sender buffer size. (1) can be recursively

writlen as
B(j)=B.Gi—1) +s(DN—r(j), for 7 >0 (15)

Since 0 < B((7) < B¥* must be satisfied for all 7,

the following inequalities can be written by
B.(G-1) +s ()~ B <r() < B,(G—1) +s () (16)

To obtain an identical transmission rate for the
incoming h(t intervals, the following inequalities
should be simultaneously satisfied.

Bt
BG-N+ Y s +R)-Bi=<h-r()< B, -1
k=0

www.dbpia.co.kr
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B
+Y s(G+h, A1 (17)
k=0

For convenience of explanation, from (17), let us
define the upper bounds and the second lower bounds
of »(7), which are a function of lookahead interval 4,

respectively.

B(G—1) +Th s (G +h) - Bo
; ,

712(7, h) = max
(18)

B.(G—1D) +X s (j +k)

7 (19)

U, =

where {g(j +£k), k=0, 1,--} are estimated values by
using the proposed method described at next subsection,
in detail. It is noted that as % increases, the effect of
the sender buffer size disappears gradually. In the
case that BS* is not sufficiently large, »*2(7, k) tends
to be more dominant than »%'(j, &) as h increases.
But, in some applications with a sufficiently large
sender buffer size, 7%' (7, &) is always greater than »%?
(7, h) for all p and A.

3.4 Simple Coded-frame Size Estimation

In this paper, it is assumed that {s(; +4), k = 0}
are not known at time (/—1)4¢. Accordingly, to
efficiently predict the coded-frame sizes for future
frames, k-step linear predictor is used[13]. That is, s(/
+k) is predicted by using a linear combination of the
previous values of s(y) and denoted by. 5(]’ + k).
Thus, L-th order linear predictor has the form:

L-1

s +k) =L wl)- s(G -0 (20)

where w(/), [ =0, 1,---, L—1, are the linear prediction
filtering coefficients. The optimal linear predictor in
the mean square sense is one that minimizes the mean
square error. The {w()} .o y...-) is found by
adaptively solving the Wiener-Hopf equations. Since
I, P, and B frame types have different statistical

characteristics, we separate them and predict s(; +4£)

based on the each frame type.

3.5 Adaptiver {j ) decision algorithm

Fig. 3 shows one typical example for rate bounds
described in the above subsections. First, the data
which waits for transmission within the sender buffer
have to satisfy the delay constraints as well as the re-
ceiver buffer constraints (Step I and Step 2). Second,
the data which will arrive at the sender buffer does
not have to give rise to overflow or underflow (Step 3
and Step 4). In this order, a general purpose
7(7) decision rule is designed by using (8), (12), (13),
(17) and (18).

the queuing dat i the cocoder butler re estimated data for coming intervals

LR

Decoder buffer consirant —— ™
Delay bound consiraim e i

Encoder bufter constraints

———— iy by

Fig. 3 typical examples for rate bounds.

Step 1:1f there exists p satisfying r™*(7) <»!' (7, p)

as p increases from 0 up to J—1, let us denote

P=p, ™" (j) = max {r“(j, ). p=0,~--,p——l}

else ™" (7) = max {r"‘ U, . p=0,~--,J——l}

and go to Step 2.

Step 2: Let us define 7Y (7, k) = min { U (7, h), ™ (5) } ,

575
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Lo W =max { rU (G T R0, PG R, ()

167G, D> 7Y, D, 7(7)=#""(7) and stop.

else go to Step 3.

Step 3:Find the largest integer H(< GO Psize) such
that max; <<, 75 (7, W) < min, 4oy 7V (7, B).

If H=GOPsize, go to Step 4.

else

if max, cpep 7 G, > VG AHH A, v =max, Lo (L R

else 7(/)=min <, 7V (7. B)

and stop.

Step 4:7(7 —1) < max, < 4= vorg= 77 (7, B, #(7)
=max) <p = gopsie 7 )

else if max, <, < gopsi ¥ (7, B <v(j—1)

< miny < pccorsze ¥ U, () =r(7—1)

else 7(7)=min, << cops-e ¥ (7, A)

and stop.

In Step 1 and Step 2, if »™*(7) <#"'(7, 0), the re-
ceiver buffer will overflow and then some data will be
lost. On the other hand, the sender buffer overflow
and underflow are incurred, mainly, due to the inac-
curate estimated data size or the obrupt scene change.
Sender buffer overflow lead to data loss, while sender
buffer underflow gives rise to a bursly or somc

dummy data transmission (Fig. 4).

rUG.h)
—=rtGh)
rate
3
T
o SRS —-=rtGh)
pr— ; -i
b
] l l ! -
T T T ¥
H h
(a)
576

rate
Y
TR UG gy
E—--IJ‘(j,h)
| | ] l
T T T T >
H h
(b)
rate
R e -

GOPsize h

(c)

Fig. 4 Rate decision bounds for Step3 and 4.

IV. Experimental Results and Performance
Evaluations

The trace used in our experiments is a “Star-wars”
and the GOP pattern is given by “IBBPBBPBBPBB™.
For more details about the encoder parameters, refer
to [14].

4.1 Smoothing Loss Rates and Buffer Size
This paper determines the sender buffer size, and
the receiver buffer size, B%* and the receiver buffer

size, B, as flows,

B =g - max{ i s(7) }

Vi VYi=j-D+1

7
35 = g, - maX{ Y s }
\"S) i=j-D+1

www.dbpia.co.kr
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where a, and «, represent the multiplicative factors,
which are introduced to investigate the smoothing ef-
fects that arise when the sender buffer size and the re-

ceiver buffer size change.

D=3 -o—
s ) D=4 —+-
B;IR-O- B,a= 1.2BT):“ D=5 -@--
le-2 T T T T T
% lesp
L SBO
b
4
€ led k
=]
@
£
le-05 ¢
le-06

0.5 0.55 0.6 0.65 0.7 0.75 0.8

Oy

SBO : scnder buffer overflow

RBO : receiver buffer overflow

Fig. 5 Smoothing loss rates for different delay bounds: o,
+a,=1.2.

Simulation experiments have been performed using
the proposed method for various buffer sizes. Fig. 5
shows the loss probabilities incurred by the sender
buffer overflow or the receiver buffer overflow for
different pairs of (o, «,), with fixed at BS*¢ + BS' =12

™" . The small values of a; gives mainly rise to over-
flow at the sender buffer, while the large values of «a,
to overflow at the receiver buffer. From these results,
it is observed that loss probabilities can be minimized,
if overall buffer sizes are slightly larger than the left
term of (5) and the appropriate pairs (o, «,) are selec-
ted in a; <1 and «, < 1. Contour plots of the loss
characteristics are  obtained from computer
experiments as shown in Fig. 6. Points along the dif-
ferent curves are those pairs of (g, a,) which results
in a fixed percentage of data overflowing the sender

buffer or the receiver buffer. Since these figures are

www.dbpia.co.kr

representing the probability of buffer overflow as the
z-axis coming out of the page, it is shown that con-
tour lines decreases steeply in height as a, and a,
increase, simultaneously. The steepest decreasing lines
determine the optimal buffer size relationships that
minimize loss probabilities, for a fixed overall buffer
size. And it is shown that the larger the delay bound
is, the larger the sender buffer size is required, relative

to the receiver buffer size.

0.65 —T—

lossless
.. smoothing
region |

0.60 |-

ar 0.55

0.50

045 ) ] ] I i i
035 04 045 05 055 06 065 0.7

\ =.
0.60 |- b P
| 2x10

0.55

1y
0.50

0.45

0.40
035 04 045 05 055 06 065 0.7

oy

(b)

Fig. 6 Contour plots of the loss charactersitics and the
steepest decreasing lines: (a) D =3. (b) D =S5.
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From the above observations, it is confirmed that
the proposed algorithm can be used in smoothing and
transmitting for VBR-coded MPEG services, in cases
that overall end systems have extremely small buffers.
On the other hand, in this paper, smoothing loss is
mainly caused by the inaccurate coded-data size esti-
mation due to abrupt data size changes, such as fast
moving frames, scene changes etc. Hence it is
expected that if these informations are provided from
the encoding side a priori, both loss probabilities and

buffer sizes can be significantly reduced.

4.2 The Characteristics of Smoothed Traffic

In this subsection, the performance characteristics
of smoothed traffic are investigated as functions of
buffer sizes and the delay bound. The comparative

smoothing schemes are listed as

(i)SLD:This is a sliding window smoothing scheme
without adopting any coded-frame size esti-
mation method for the incoming frames. For
more details, see |3, 4]

(ii)) PROP_S: The proposed »(7) selection rule is used
and this scheme adopts a simple repetition of one
GOP interval for the coded-(rame size estimation.
That is, an estimating value for the coded-frame
size of the incoming frame is simply replaced as
the coded-frame size generated by the most re-
cently encoded frame with the same coding type.

(iii)) PROP_M : The proposed 7(j) sclection rule and

the proposed coded-data size esti-
mation method described in section 3.4
are used.

(iv) PROP_I:The proposed 7(7) selection rule is used

and, in this scheme, we assume that all

coded-frame sizes are known a priori.

4.2.1 The effects of buffer sizes
e The coefficient of variation(COV)
The coefficient of variation is introduced as a

measure to ‘investigate and evaluate the temnoral

variations of the transmission rate[2, 12, 4]. Fig. 7 (a)
shows the characteristics of COV as a function of a,
where is determined by the steepest decreasing lines
that are approximated in Fig. 6. The COV of the
smoothed traffic decreases slightly as the buffer sizes
increase, particularly, in D=5, But, beyond some
critical buffer size, the performance is independent of
the buffer size, because the delay bound becomes the

main limitation on the ability to determine (7).

0.72 T T T T T T T T
5 070 oy D=3 N
5
5
> 0.68 |- T
Gt
(=3
i
£ oe6 | g
2
5 D
o . =4 i
§ 064 Jh+1+"""""“‘*-+-++--+-+-+'+'+-++~+-+~+-+-+~+
3
o .
0.62 Bg g - D=5
9980900000006 6G60
0.60 i ! i i I L ] ! )
04 0.5 0.6 0.7 0.8
Q‘E
(a)

PAR(peak-to-average ratio)

(b)
. 6 Characteristics of COV and PAR for buffer sizes: for
a given ag, a, is obtained by the steepest decreasing

Fi

Ly

lines which are approximated in Fig.6.
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» The peak-to-average ratio(PAR)

As shown in Fig. 7(b), the PAR is steeply decaying
for the changes of buffer sizes. It is shown that as the
sender and receiver buffer sizes increase, the PAR
tends to decrease and get closer 1o a constant value
which is independent of the buffer sizes. It is noted
that the PAR is significantly dependent on the buffer
sizes in regions that overall buffer sizes are extremely
small (x,< 0.6). Because the burstiness of the trans-
mission rate 1n these regions is significantly
affected by the abrupt coded-frame size changes such

as scene changes.

4.2.2 The effects of delay bounds
For experiments of the proposed scheme i.e. (ii)-
(iv), we use a;=0.8, «,=0.65 and for the sliding-

window scheme u; = 1.0, a, = 1.0, respectively.

® The coefficient of variation

Fig. 8(a) shows the COV performances of each
smoothing schemes as a function of delay bound. As
expected, the temporal variations of the smoothed
traffic monotonically decay as the delay bound
increases. For each delay bound, the sizes of COV are
in order that ‘PROP_I'<‘'PROP M’ <‘PROP S’ <
‘SLD’. Particularly, it is noted that, for low delay
bound regions (D < 4), performance difference between
the proposed estimation and the ideal one is small,
but as the delay bound increases these differences
become large since the estimated coded-frame sizes of
incoming frames may not be relatively exact,

compared to low delay bound regions.

® The peak-to-average ratio

The superiority of ‘PROP_M’ over ‘PROP_S’ is
more obvious for the PAR-metric in Fig. 8(b), since
‘PROP_M’ estimates the incoming data sizes more
exactly than ‘PROP_S'. Even with D=3, ‘PROP_M’
reduces the peak rate by 51.7% over the original
video traces. For comparison, ‘PROP_I’ reduces the
peak rate by 57.2%, while ‘PROP_S’ the peak rate by

'PROP_] ———
PROP M —-4—--
PROP.S - ¥z Y

) SLD RRRE SR
0.85 T T T T

080 | . .

0.75 | 4

0.65 |-

COV(coefficient of variation)

055 | Te— o

050 i 1 1 | L

D(delay in frame)

(a)

6.5 T 1 T I T

a5 |

PAR(Peak-to-Average Ratio)
[+
=)
¥

40

35

D(delay in frame)

(b)

Fig. 8 Charactersitics of COV and PAR for delay bounds:
a5 = 0.80, o, =0.65 are used for the proposed scheme
and a5 = 1.0, a, = 1.0 for the sliding-window scheme.

47.7%. Accordingly, for practical visual conferencing
communications (in this paper, D <7), it can be
concluded that the proposed algorithm is remarkably
effective in removing the short-term and mid-term

burstiness in the underlying video stream.
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4.3 The Performances Comparison for Different
Service Strategies
4.3.1 The piece-wise CBR renegotiation perfo-
rmances
Fig. 9 shows a conceptual multiplexing overview
for piece-wise CBR services. It is assumed that if 7(7)
is calculated at time (F—1)4¢ and a rate increase or
decrease would happen, renegotiations are initiated.
Simply, we assume that a rencgotiation process takes
no delays. There is always a possibility that a rene-
gotiation for a new bandwidth request can fail due to
the likelihood that the aggregate cell arrival rate
exceeds the service rate of the transmission link. In
this paper, we estimate the renegotiation failure prob-
ability by wusing Chernoff’s approximation and

Bahadur-Rao’s refinement [15-18].

*  Transmissin Link

n : no. of sources

¢ : channel capacity

Fig. 9 Conceptual multiplexing overview for piece-wise
CBR services.

Fig. 10 shows the results of renegotiation failure
probabilitics in terms of c(channel capacity) and n
(number of multiplexed sources). These graphs show
that increasing of the delay bound reduce the
renegotiation failure probabilities. It is also known
that as the number of sources and channel capacity
increase, the temporal smoothing effects disappear
due to statistical multiplexing (spatial averaging) in

networks.

4.3.2 The effective bandwidth

Fig. 11 shows a discrete-time queuc model with

PROPI ——
PROPM —-—--
PROP S ..................
SLD -e--e-e-
0.1 T 1 T 1
D=3, n=1
)
&
s> 001} E
2
&
x ..
o 1
80
@
5 0001 | E
25
0.0001 L L . L
25 30 35 40 45 50
Normalized channel capacity(Kbits/frame), ¢/n
(a)
1 T T T T
le-01 | .
o
£
® 1le-02 |- -
=
5 1e-03 | ]
o
50
GJ
S le04 | e
[
le-05 E
le-06
19 35
Normalized channel capacity(Kbits/frame), ¢/n

(d)

Fig. 10 Rencgotiation failure probabilities for piece-wise
CBR services: (@)D =3, n=1. (b)D=5 #n=S5,
where o, =0.80, a, = 0.65 arc used for the proposed
scheme and 2= 1.0, «, = 1.0 for the shding-window

scheme.

constant service rate in ATM networks. The large
deviations effective bandwidths (simply called “effective
bandwidth”, or also “equivalent bandwidth™) estimate
statistically the network throughput required to trans-

mit the vidco service under a cell loss proba-
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bilities(CLP) with switch buffer(B). For more details
refer to [15-18]. By simplifying the results of {17], for
multiplexed transmission rates with #(7) {7 =1, N}

the effective bandwidth(C, /) is computed as

N
log 3 exp{r(j) - 0/N}
i=1

Cerr = 0
where 0= -l%%ﬂ . B is a switch buffer size and

CLP is a tolerable cell loss rate as depicted in Fig. 11.

CA RN

( “'/V
—e Effective
Bandwidth

)

B :switch buffer size
CLP : cel] loss probability

Fig. 11 Concptual overview for effiective bandwidth allo-
cations.

If switch buffer size is small(B=1Kbits, CLP=
107%), large bandwidths are required for each scheme.
In this case, the graphs of effective bandwidths are
similar to Fig. 8(b). The intervals with a lot of cells
have a great influence in the loss probability although
they are not frequent. Because, in the case that buffer
sizes are small, short-term burstiness of transmission
rate is dominant in deciding the effective bandwidth.
Even with D=3, the effective bandwidth drops by
16.4%, 25.5%, 29.8% and 38.4% for ‘SLD’, ‘PROP_S’,
‘PROP_M’ and ‘PROP_I’, respectively, compared to
unsmoothed original traffic.

On the other hand, for a large buffer size(8= 100
Kbits, CLP =1077), long term burstiness of smoothed
traffic appears. Increasing of switch buffer size dra-
matically reduces the network bandwidth require-
ments for transmitting the video stream, since the

buffer sizes allocated in the networks links can absorb

easily short term bursts. Accordingly, the graph pat-
tern is very similar to that of COV. For comparison,
unsmoothed original traffic requires the transmission

of 20.0 Kbits per frame interval.

PROP] ——
PROP M —-4—--

PROP_S -8
SLD Rt b
60 T T T T T
. B=1Kbits, CLP=10"*
55 |- e B

50L

40#

Effective Bandwidth(Kbits/frame)

35
3 4 5 6 7
D(delay in frame)
(a)

X T T T T
’a" 16 | B=100Kbits, CLP=10" | -
o S
&
3| x ]
E 15| .
5 .
2 %,
2+ i
[~
@
e 14 -
g
S -4

13
3 4 5 6 7
D(delay in frame)
(b)

Fig. 12 Effective bandwidths for delay bounds:(a) B=
1 Kbits. (b) B=100Kbits, where a;=0.80, a,=0.65
are used for the proposed scheme and a; = 0.80, o,
=0.65 are used for the proposed scheme and o

=1.0, a, == 1.0 for the sliding-window scheme.
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V. Conclusion

For the purpose of transmitting efficiently a VBR
MPEG-coded video data and alleviating nectwork
management load, an adaptive source traffic smoothing
method is proposed. Different from the conventional
methods, the proposed scheme is based on the physi-
cal constraints imposed not only by the delay bound,
but also by the sender buffer size and the receiver
buffer size. By using these constraints, the proposed
algorithm is designed in such a way as lo smooth
maximally the transmission rate, while contro-
lling so that the buffer overflow and underflow may
be avoided. Through computer experiments, it is
shown that the proposed method is effective in reduc-
ing short-term and mid-term burstiness of the trans-
mission rate. Particularly, by developing more exact
coded-data size estimation method, it is shown that
the proposed method has reduced significantly the
burstiness as well as the temporal variation of the
transmission rate.

From the practical implementation point of view, it
is expected that the proposed method can be
effectively used in live video applications that the
overall buffer sizes are small, or asymmetrically
placed. Furthermore, the proposed scheme can be
applied for an important set of emerging multimedia
applications, such as live videocasts of course lectures
or television news that lie between two extremes of

interactive and pre-coded video services.
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