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ABSTRACT

By constructing a model which takes into account the
frame dependence of multimedia streams, we analyze the
performance of different packet-dropping mechanisms and
find that scalable video combined with the priority
dropping mechanism can bring higher throughput, lower
delay and lower delay jitter. We also find the optimum
system parameters for multimedia transmission. This study
is important for achieving better performance for video
transmission over IP networks.

1. INTRODUCTION

With the growth of the Internet, packet-switched networks
are becoming increasingly important in all aspects of
communications. However, packet-switched networks, in
particular, the widely used IP-based networks, are data
oriented and have some shortcomings for real-time
multimedia transmission. One of the problems is the
dropping of packets when network congestion happens.
For data service, the lost packets can be recovered by
retransmission. But for a real-time multimedia stream, the
retransmitted packets usually expire before received, and
the retransmission itself aggravates the congestion.

Many solutions have been proposed to improve
Quality of Service (QoS) in IP-based networks. One way
is to include the priority-dropping mechanism in the
network protocol. Multimedia frames are encapsulated in
data packets which are assigned different priorities
according to their importance in reproducing the original
information. When congestion occurs, lower-priority
packets are dropped first to ease the demand on network
resources so those higher-priority packets may get through
intact. There are many ways to assign priorities to different
coding blocks. In video coding, protocols like MPEG-4
and ITU-T H.263+ have included scalable encoding for
layered video [1]. In a recent study by Bajaj ef al. [2], it is
found that the performance benefit of priority dropping for
layered video is lower than expected. A potential function
is used in their model to evaluate the performance but it
does not reflect the dependence between frames. A media
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stream is a sequence of highly correlated frames, more
than just the sum of bits. A frame loss can lead to severe
damage to the quality of subsequent frames. We will show,
with the frame-dependence taken into account, that
scalable video combined with priority-dropping
mechanism can bring higher throughput, lower delay and
lower delay jitter in busy networks.

2. SIMULATION MODEL

We use the typical two-layer time-scalable frame structure
shown in Fig. 1. The arrows indicate the dependence
between frames. Each frame is transmitted as one packet.

N is the number of frames in a group beginning with an
I frame. NoB is the number of B frames between two
consecutive base layer frames.
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Fig. 1. Structure of the 2-layer model

We use a quasi-stationary Variable Bitrate (VBR)
source with average frame sizes: S;, Sp and Sp
respectively. N = Nj + Np + Ny where Nj, Np and Ny are
the number of I, P and B frames in a group, respectively.
For the 2-layer structure, Ny = 1 and Ng / Np = NoB. The
average frame size is S,y = (S + Np Sp+ Np Sp) / N.

To find the optimum parameters for scalable video, we
evaluated the encoding schemes shown in Table 1. NoB =
0 represents the unlayered stream. Each frame is encoded
to the same quality. I frames are assumed to have the same
size 1. The relative sizes of P and B frames are derived
from the results of the experimental study of Pegler et al.

[3].

NoB Np NB S] Sp SB Savg
0 24 0 1.00 | 041 0.43
1 12 12 1.00 | 0.60 | 020 | 042
2 . 8 16 1.00 | 0.65 | 0.29 | 043
3 6 18 1.00 | 070 | 034 | 045
5 4 20 1.00 | 0.80 | 0.41 0.50
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Table 1. Five typical encoding schemes for N = 25
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As Coté et al. Pointed out [4], the case of NoB = 1 has
the highest encoding efficiency for typical streams.
However, we will find later in our model, that the cases of
NoB = 2 or 3 have better overall performance.

To model the network, we assume a single server,
single flow system. There is one bottleneck with size b,
Poisson arrival (intensity A frames / sec) and exponentially

- L 1 —
distributed processing time (— sec / unit size). Note we
u

assume the processing time of a frame is proportional to
its size, hence, it takes one second to process one I frame
and less to process one P frame or one B frame because of
their smaller sizes. Actually, p is the bandwidth metric.
The service policy can be uniform or non-preemption
priority dropping. Our model is bursty to some extent for
both arrival and service, which is the nature of the IP-
based network. (A / p)o is the balance point where the
average arrival rate and processing rate match.

In this environment, frame loss occurs only when the
buffer overflows and certain frames are dropped. The data
corruption during transmission is negligible and re-
transmissions are not engaged.

3. SIMULATION RESULTS

We compare four cases:

[U}: Unlayered stream with uniform dropping. NoB = 0 in
this case.

[Li] G = NoB = 1, 2, 3, and 5): Layered stream with
uniform dropping. We use this case to evaluate the
performance of layered video transmitted in a network
without priority dropping support.

[Hi] (i = NoB = 1, 2, 3 and 5): Layered stream with head
dropping (a priority-dropping scheme where frames are
dropped at the head of the buffer).

[Ti] G = NoB =1, 2, 3 and 5): Layered stream with tail
dropping (a priority-dropping scheme where frames are
dropped at the tail of the buffer).

Resr (Effective Frame Rate, frame / sec) is defined as
the rate of frames that are successively received and
correctly decoded (all of the frames that the current
decoded frame depends on for decoding are received). Fig.
2 and 3 show the relationship between R and load for the
four cases defined above.

We see from Fig. 2 and 3 that there exists an optimum
working point where R is highest. For [L;] and [Uj], this
point is below (A / W)o; for [H;] and [T;}, it is above (A /
Wo- Regr of [Li] (i < 3) is higher than or at least close to that
of [U], which means the performance does not deteriorate
if we try to receive the layered video through a uniform
dropping network. Re of [H;] and [T;] is much higher than
that of [U]. The width of the curve increases with NoB;
hence, higher throughput is achieved in very busy
networks. The reason is that when higher NoB value is
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adopted, a greater proportion of the frames can be dropped
without severely affecting the decoding process.
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In order to evaluate the overall - performance, a
performance function P is used. It can be assumed that P is
affected mainly by two factors: the transmission
throughput and the encoding efficiency. Hence, P = (R,
Savg), wWhere Reg represents the transmission throughput
and S,,, for the encoding efficiency. As an example, we

assume P=R_ /S, and get the performance curve

shown in Fig. 4. Obviously H, and H; have the best
performance since the best P they can achieve is higher,



and the range in which they can provide
performance is wider compared to other cases.
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Fig. 4 and 5 show the relationship between delay of
effective frames and load. [L;] generally have slightly
higher delay than [U]. The priority dropping schemes,
especially [H;], have lower delay than [U]..The reason is
that in the priority dropping schemes, the frames dropped
usually have higher delay than the frames received. [H;]
are still better than [T;] because they make smarter
decisions about which frames to drop (shown later).

10

T

[=»}

-~

o

w

g

w

N

average delay of effective frames (multiples of

—

Feeagecaqmana

load of the bottleneck (in logarithm scale}
Fig. 5. Delay ~ Load (N=25, b = 10) for [U] and [L;]
o for [U7; O for [L,); x for [L,]; V for [L,]; ¥ for [Ls]

402

-
[=

0

[uv

~

average delay of effective frames {multiples of #)

)
'
'
'

-
]
@
]

-
1
'
'

load of the bottleneck (in logarithm scale)
Fig. 6. Delay ~ Load (N=25, b= 10) for [U], {H;] and [T}). o for [U];
O for [H,J/[T,]; x for [H)/[Ty]; V for [H3)/[Ts]; P for [Hs)/[Ts]
Solid lines for [H;}; dashed lines for [T;]

The delay and delay jitter for received frames can be
shown with the delay distribution curve which is a slightly
modified version of the probability density function. The
only difference is the placement of an impulse at « to
represent the lost frames. See Fig. 6 and 7.

We choose the case for A/ p = 2.5 which is close to the
balance point (A / ). Since the network is not very busy
with this load, we see from Fig. 7 and 8 that there is no
great difference between the position of the center of the
curves. But there does exist difference between the width
of the curves which represents the delay jitter. {H;] has a
narrower distribution about a higher peak than {U]. The
delay jitter of [T;] is between that of [U] and [H;].

x10°
15 . : ; , . '

-
T
1

Probability Density Distribution of Delay

o5k L5 |
L3
/\U
L2
R
U 1 1 N, Il 1 1
0 500 1000 1500 2000 2500 a0

Fig. 6. Delay distribution curve (N=25, b =10, M =2.5)
for [U] and [L;]
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Fig. 7. Delay distribution curve (N=25, b= 10, Mu = 2.5)
for [U] and [H;]

The reason that priority dropping achieves much higher
throughput, lower delay and delay jitter is that it always
tries to keep the most important information. The
percentage of base layer frames in the received stream is
much higher than that of enhancement layer frames when
the load goes beyond the bandwidth limit.

‘We note that among the two priority dropping schemes
[Hi] and [T;], the former is a better choice since it has
better throughput and delay performance as we showed
above. The reason can be explained with the next examp]e.

(2]~ [m]r] [e]- -[]

n

L
{

I_D

{

©

{

{
L

¢
4
(- [elelels] - []

Head Dropping Tail Dropping
Fig. 8. An example to show the difference between [Hj and [T}

|

O]

{

[IM{ca e Jc el
OB 08O

&
17]
=l
7]

1

®

l

In this example, we have a busy network with NoB = 1,
b =4 and equal frame sizes. The arrival rate is 1 frame per
second. The service rate is 0.5 frames per second. Both
schemes start at the same state with P,, B;, P, and B,
occupying all the vacancies of the buffer. At time (a), P3
arrives. It kicks off B, in [H,] and B, in [T,]. At time (b),
B; comes and fortunately P; moves out at the right time to
make a vacancy for it. Then at time (c), P, arrives and
finds no vacancy. One B frame has to be removed. B, and
B; are removed in [H;] and [T)] respectively. At time (d),
we can see different distributions in two buffers: In the
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[H,] buffer, more P packets are concentrated at the head of
the buffer, while in the [T,] buffer, P packet are
concentrated at the tail. So at time (e), [H,] moves out P,
while [T,] moves out B, which is less important for the
decoding process. At time (f), the [T;] buffer are congested
by P packets while the [H;] buffer still has one B packets
to be kicked off if another P frame arrives. So we say that
head dropping scheme works better than tail dropping
scheme because the former sends out the most important
information as soon as possible which guarantees a better
throughput and delay performance.

We also find that delay increases almost linearly with
buffer size b. A buffer size of around 10S; can provide the
best performance. Larger buffers bring little Ry
improvement but cause longer delay.

4. CONCLUSION

We studied the throughput and delay performance of
different dropping mechanisms for layered and unlayered
video streams. We found that by using priority dropping,
especially head dropping, we can improve overall
performance (throughput, delay and delay jitter).
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