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Abstract — We study the performance of integrated ser-
vices on a multiaccess integrated bus/ring network called
ACTA (Adaptive Cycle Tunable Access ) network. It is
based on adaptive variation of cycle lengths according to
the network load. The traffic characteristics for multime-
dia are first discussed. We then present simulation study
of the integration of voice/video/data traffic on the ACTA
network. The results show that ACTA network can support
multiple services very well, thus, it can serve as a low-cost
stand-alone multimedia LAN/MAN or a traffic concentra-
tor for ATM networks.

I. INTRODUCTION

During recent years, great advancement has been achieved
in communication and computer technologies. This raises
most people’s expectation on computer and telecommu-
nication networks which can only be fulfilled by a new
generation of high-speed, fully-integrated multimedia net-
work. A multimedia network should have the following
basic characteristics:

1. It can provide large bandwidth to meet the require-
ment of broadband services such as digital video.

2. It can provide real-time data transfer ability to sup-
port many time-sensitive applications.

3. It can support the integration of different kinds of
traffic.

4. It has high performance and fair access even under
heavily loaded traffic.

Many multiaccess bus/ring networks have been proposed
(see e.g., [1] - [7]), such as the FDDI, and DQDB. How-
ever they are not ideal for high speed multimedia network.
The performance of FDDI depends on the round-trip delay
of the token which affects its efficiency. The subsequently
proposed FDDI-II is not an integrated scheme, which leads
to increase cost and complexity of the network. The proto-
col of DQDB cannot be extended to multiple channels, and
its operation is somewhat complicated. Here we introduce
a protocol called ACTA (Adaptive Cycle Tunable Access
). It has been proposed as a high speed multi-channel
bus/ring network [4]. It adjusts the cycle length according
to the network load to achieve optimum performance. It
also has low node complexity, simple processing and can
be implemented easily.

In the next section, we discuss the ACTA protocol. In
section 3, we present the characteristics of traffic source
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models and analyze the MPEG compressed video using
a recently proposed video source model, called Cyclosta-
tionary Autoregressive (CAR) model. Section 4 describes
the simulation model and present the simulation results.
The performance of ACTA networks based on simulation
results is also analyzed.

II. ACTA NETWORK

ACTA protocol is one of the simplest multi-channel pro-
tocols [4]. It has low node complexity and is suitable for
high speed photonic implementation [6]. It requires only
two control bits per slot in the media access, thus it is com-
patible to ATM and many other protocols. A 100Mbps
implementation has been successfully demonstrated in the
CUM LAUDE NET project [5].

A. Network structure

In this paper, the ACTA network is assumed to be a
dual-bus looped back to itself [Fig.1l]. ACTA network
adopts slotted cycle to transmit packets. Fixed size empty
slots are continuously generated from the Head-of-Bus node
in opposite directions. The structure of the node is shown
in Fig.2 . Each node consists of two pairs of recetving
and transmitting modules, one for each bus. There are
three queues for each node to buffer the outgoing packets,
one for each kind of traffic, namely, voice, video and data.
Each node simply monitors the channel and reads in the
slot when the packet’s destination address matches its own

address. For transmission, the channel access procedure is
described in [4]

B. Cycle Utilization

The cycle length is adjusted based on the network load,
that is:

current cycle length x cycle utilization
controlled load L.

The cycle utilization 1s the number of slots used in the
cycle divided by the cycle length, and the controlled load is
a normalized parameter specifying the desired throughput
under heavily overload condition. When the cycle utiliza-
tion is larger than the controlled load, the new cycle length
will increase, and when cycle utilization is smaller than the
controlled load, the new cycle length will decrease. From
a statistical point of view, the maximum utilization is set
by the control load.

New cycle length =
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C. Advantages of ACTA Protocol

First is its simplicity. Unlike DQDB, no request registra-
tion is required for ACTA. Each slot in a cycle requires only
two access-control status bits, thus the protocol can be
made slot compatible with other protocols such as ATM,
and consecutive slots going to the same destination can be
transmitted together, simplifying the reassembly process
for large packets. Second is its high performance. ACTA
is independent of the round-trip delay, with a normalized
throughput > 0.9, and fairness can be maintained fairly
well. Network utilization is high even when only a single
node is transmitting. Also ACTA protocol can adapt to
different traffic load, due to its adaptive cycle mechanism.
This is demonstrated in later section.

I1I. TRAFFIC SOURCE MoODEL FOR ACTA NETWORK

In our simulation studies, we assume there are three
kinds of traffic: data, voice and video. Due to their differ-
ent characteristics, they have been simulated using differ-
ent source models.

A. Data Source Model

Data Traffic here means non-real-time computer-related
services like file transfer, terminal emulation, etc. One sim-
ple model for data service is the Compound Poisson model.
In this model, the packets are generated in batches, the
number of packet per batch follows a poisson distribution,
and the interarrival time also conforms to exponential dis-
tribution. We can control the traffic intensity by changing
the parameter of the source model.

B. Voice Source Model

Voice is the main traffic in telecommunication networks.
In an integrated computer network, it is still important,
but the portion of capacity allocated for voice is much less.

Here we consider the voice as a constant bit rate (CBR) -

traffic, that is 64Kbps PCM voice. Since the transmission
of voice requires strict bounded packet delay, we assign the
highest priority to voice traffic in our simulation.

C. Video Source Model

Digital Video is expected to become a major traffic com-
ponent of multimedia communication. The statistical prop-
erties of video sources have been studied by many people
(see e.g.,[8] - [10]). In this section, we discuss the charac-
teristic of MPEG-1 video source and the recently proposed
CAR model [11].

MPEG is an international standard for video compres-
sion. MPEG standard has already advanced in several
phases. We only consider MPEG-1 which contains the
basic properties of subsequent standards. MPEG-1 de-
fines three types of frames, T (Intraframe), P (Prediction)
and B (Bidirectional prediction). Different types of frames
have different compression ratios, therefore MPEG video
is a kind of variable bit rate (VBR) traffic. The whole
MPEG video sequence is separated into Groups of Pic-
tures (GOP’s). A GOP is expressed as:
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My
TBB..BPBB..B.....PBB..B (1)
1 2 M,

In each of the M; subgroups , there are My frames.
Among these M, frames, there are (Ms — 1) B frames.
So a complete GOP has M;xM, frames as showed in (1),
and it has only one I frame. The I-P-B frame pattern of
an MPEG-1 sequence is usually fixed. The I frames have
a large amount of data which show up as peaks in Fig.3
and arrive periodically . P and B frames have less amount
of data. Thus MPEG-1 video shows both periodicity and
randomness. The randomness is mainly due to the chang-
ing content of pictures.

Based on the measurement of full-featured MPEG-1 se-
quences, it is found that the correlation between two con-
secutive I-frames is also noticeable. Using its mean, stan-
dard deviation and first order coefficient of auto-covariance
function, we set up a first order AR model for the I se-
quence[11]. Also, the data amount of P frames has strong
relation to its previous I frames. When a quantization
scale is selected, the ratio of data amount of P-frame to
its previous I frame is fixed. The amount of data for two
consecutive P-frames are almost the same. With the max-
imum compression ratio, the amount of data of B-frames
in the entire sequence are nearly constant with a small
random variation. Thus we established the Cyclostation-
ary Autoregressive (CAR) model for MPEG video source.
Fig.4 shows the videc data generated by CAR model. In
the simulation, the MPEG-1 video source has the frame
rate equal to 30 frame per second and the average bit rate

is 1.56Mbps.

IV. SIMULATION RESULTS AND ANALYSIS

We have simulated the integrated services which include
voice, video and data traffic and analyzed the throughput
and delay performance of ACTA network based on the sim-
ulation results. The bit rate is assumed to be 100Mbps,
and with only one channel and 64 nodes. During the simu-
lation, all time units, such as simulation time, interarrival
time and delay time are normalized with respect to the
slot duration 7,. All distance units are normalized with
respect to 75 X ¢, where ¢ is the speed of light in the trans-
mission medium. The nodes are uniformly spaced at one
unit apart. The throughput is normalized to the chan-
nel capacity and the maximum value is 1.0. The traffic is
assumed o be uniformly distributed in the network, and
the destination is also uniformly distributed. During each
cycle, each node can send at most N, packets, which is
the quota for the node. In the simulation, Ny is set to be
the same for all nodes to ensure fair bandwidth utilization
among all nodes.

First, we study the performance of ACTA network with
single traffic. For data traffic, the results were given in
[4], which also showed the high throughput and fairness of
the netwcrk. For video, the simulation work was presented
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in [12]. The traffic was assumed to be real-time MPEG-
1 video generated from the CAR model. The.simulation
results and discussion for integrated traffic are presented
next.

A. Pure Voice(uncompressed PCM)

Fig.b and Fig.6 illustrate the performance of pure voice
traffic versus applied loads at various control loads (L.).
As the applied load increases, the throughput increases
and approaches the maximum set by the controlled load
parameter. Generally, the larger the controlled load, the
larger the maximum throughput. However if L. is too
large (say 0.99), the response of the cycle-length adapta-
tion will be very slow, which will reduce the throughput
and affect the fairness. So there is an optimum value for
L.. We recommend the value 0.90-0.95 for L.. Since the
voice traffic has a constant packet rate, and the bit rate
of a single voice channel is very small compared with the
network bit rate , the multiplexing of this kind of traffic is
very desirable. In our simulation, even when the applied
load is 0.83, the average delay is only 1.0 ms. Beyond that
the delay increases rapidly. An experiment was performed
to study the subjective quality of real PCM voice samples
at various loads. Under the above traffic load, we obtained
the delay information of a certain voice channel. The voice
samples were segmented, and a variable delay which corre-
sponds to the simulated delay was added in. The modified
voice which emulated the transmission through network
was then played back. The subjective audible result shows
that even under heavily loaded condition, the voice qual-
ity is still acceptable. So we recommend the maximum
apphied load for voice to be < 0.83.

B. Comparison with Leaky Buckets under MPEG-1 video

Fig.7 and Fig.8 shows the simulation results of pure
MPEG-1 video traffic for various controlled load. Com-
pared with Fig.6, we can see the slope of video delay is
not as steep as voice delay at the critical point. This is
because MPEG-1 source is bursty.

The performance of MPEG-1 video is also compared be-
tween ACTA and constant bit-rate leaky buckets. A leaky
bucket liked controlled buffer is used to buffer a single
MPEG-1 video stream(1.5Mbps). The output bit rate of
the leaky bucket is taken to be 1.5Mbps, 3.0Mbps, 10Mbps,
20Mbps, 50Mbps and 100Mbps respectively. The average
and maximum delays for the various constant bit-rate sinks
are shown in Table 1. In ACTA network with 64 unidi-
rectional MPEG-1 video transmissions (which corresponds
to a normalized throughput of 0.5 or one MPEG-1 video
per node), the average delay is less than 2 ms and the
maximum delay is only 15.2 ms. Thus the average band-
width utilization is better than a 30Mbps constant bit-rate
sink as far as a single node with a single MPEG-1 video
transmission is concerned. Even under heavily loaded con-
dition, say when the applied load is 0.84 (with 112 video
transmissions), the average delay is only 6.6 ms, which is
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still roughly equivalent to a 10Mbps constant bit-rate sink
with one MPEG-1 video transmission. From the curve, we
show that ACTA network can accommodate bursty traffic
very well.

C. Scheduling for Integrated traffic

When integrated traffic is considered, how to schedule
different classes of traffic become very important. It is
necessary to assign a priority to different traffic. There
are several kinds of priority schemes to schedule the traf-
fic, such as dynamic order of priority and static order of
priority [15] [16]. In our simulation model, the static order
of priority scheme is selected mostly due to the charac-
teristic of traffic. Also the static order priority has the
simplest complexity that can ease the design and opera-
tion of the node. Thus it is suitable for high speed network.

D. Voice and MPEG-1 Video

Fig.9 and Fig.10 show the performance of the integra-
tion of voice and MPEG video, with voice having a higher
priority. When the applied load of voice traffic is fixed
and the traffic of video increases, the throughput of voice
is stable, and the delay is kept small. This shows that in
ACTA network, the higher priority traffic is independent
of the lower priority traffic.

E. MPEG-1 Video and Data

Fig.11 shows the simulation result of the integration of
video and data traffic. The applied load of data is kept at
0.4 and video traffic load is varied from 0.24 to 1.3. When
the total applied load does not exceed the network capac-
ity, all the arriving packets are served. When video traf-
fic increases, until the total load approaches the controlled
load, the throughput for data traffic decreases. Finally the
data traffic is kicked out and the whole network bandwidth
is taken by the high priority video traffic. This demon-
strates that the ACTA network can support the static pri-
ority scheme very well.

V. CONCLUSION

The simulation results show that ACTA network can
support integrated traffic very well. Even with 312 pair
of voice calls (the corresponding load is 0.2) and 64 video
transmissions (the corresponding load is 0.48), the average
delay of voice and video is less than 1 ms and 19.4 ms re-
spectively, and the network still has abundant bandwidth

for data traffic. Thus, the ACTA network can be used as
multimedia LAN/MAN or as an ATM traffic concentrator.
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10Mbps 6.40 ms 23.3 ms ° °° Frames 1o 180
3Mbps 22.6 ms 78.5 ms
1_5Mbps 123.9 ms 277.1 ms Fig. 3. Video Data of Real MPEG-1 Sequence: flower garden
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