214 International Journal of Control, Automation, and Systems, vol. 6, no. 2, pp. 214-222, April 2008

ATM Rate Based Traffic Control with Bode Principle

Yuanwei Jing, Hui Zeng, Qingshen Jing, and Ping Yuan

Abstract: Bode principle is applied to carry out traffic control for rate based ATM network,
which guarantees the higher buffer utilization, buffer overflow-free, and well utilization of
bandwidth. The principle confirms the relationship between the threshold of buffer queue and the
network bandwidth, as well as the relationship between the threshold of buffer and source input
rate. Theoretic warrant of the buffer threshold is proposed. The reference range of source input
rate is provided in theory, which makes the source end respond to the change of network state
rapidly and dynamically, and then the effect of time delay to the traffic control is avoided.
Simulation results show that the better steady and dynamic performances of networks are

obtained by Bode principle.
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1. INTRODUCTION

No matter from the point of networks or the users, a
general network is necessary to be set up to transmit
both low speed signals and high speed signals, and to
be suitable for delay character of voice signals, bit
error character of data signals, and bit error and delay
character of image signals. Such network is the
broadband integrated services digital networks (B-
ISDN). In 1988, the asynchronous transfer mode
(ATM) was confirmed as B-ISDN information trans-
mission mode.

ATM is an oriented connection technology of high
speed exchange and multiplexing, which provides five
classes of services: constant bit rate (CBR), variable
bit rate (VBR), available bit rate (ABR), unspecified
bit rate (UBR) and guaranteed frame rate (GFR). GFR
is a new ATM service designed specially to sustain IP
trunk sub-network. CBR and VBR are the protected
services.ABR uses the remained bandwidth of VBR
and CBR. ABR application appoints a peak cell rate
(PCR) and minimal cell rate (MCR). The network
distributes resource properly to guarantee that all ABR
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applications can receive MCR capacity. Unused
capacity is shared in all ABR source with a fair mode,
and ABR guarantees the fair capacity distribution.
ABR becomes the most suitable service of traffic
control for its fewer cells loss rate and more fair
resource share [1-4].

Traffic control is divided into two classes: rate
based traffic control and credit based traffic control.
ATM traffic management criterion adopts traffic
control based on rate. The traffic control is to restrict
sending data rate at the level no more than processing
rate of receiver, which needs the buffer for data.

If the sending data rate exceeds the applied
bandwidth, so-called “leaky bucket” mechanism is
adopted for buffer processing, i.e., if user messages
exceeds the storage capacity of the leak bucket, parts
of them will be lost or delayed. The main algorithms
of “leak bucket” mechanism include the leaky bucket
and the token bucket algorithms. The leak bucket
algorithm regulates that the node sends a packet to
network every fixed time, and guarantees that the
packet rate flowing to communication sub-network is
a constant. For input packets, if queue is not full, then
the packets will be parked at the queue tail, otherwise
it will be lost.

In practical application of token bucket algorithm,
if burst traffic is coming, the corresponding output
rate is increased to guarantee that there is no data loss.
Only packets with token can be sent. If the rate of
input packets exceeds the rate of token, and all tokens
are consumed out, the algorithm informs the host
computer to wait to input packets. And then the input
traffic matches communication capacity. Token bucket
algorithm makes output equipment have the ability of
processing the burst traffic, and responds to sudden
increase of input more quickly.

The basic idea of “leak bucket” is to force packets
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to be sent with a predicted rate. The method is to
regulate the average rate of data transmission.

At present, ATM network traffic control is a hotspot
problem, and a lot of good results have made with
methods of control theory. The researches of ABR
traffic control start from binary feedback. The merit is
simple to execute. However, they suffer serious
problems of stability, exhibit oscillatory dynamics,
and requirement of large amount of buffer to avoid
cell loss [5]. After that, explicit rate algorithms are
considered and investigated broadly. Most of the
existing explicit rate schemes lack of two fundamental
parts in the feedback control design: the analysis of
the closed-loop network dynamics, and the interaction
with VBR traffic [6]. The control design problem is
formulated as a standard disturbance rejection
problem where the available bandwidth acts as a
disturbance for the network system [7,8]. Reference
[9] designs a PD controller for ABR traffic control of
ATM network. It is easy to execute with lower
computational burden, and better system stability is
obtained. However, only simple network model is
discussed in [9], and it is localized for complex
network models. Reference [10] designs a variable
structure controller for ABR traffic control, which
aims at binary traffic control. The sliding mode
variable structure algorithm restrains the oscillations
of ACR and queue, and smoothes the delay jitter. The
reliable implementation mechanism for QoS in ATM
networks is provided.

The basic idea of the methods mentioned above is
the traffic control based on rate feedback, which
belongs to closed-loop control method. However, in
practical “leak bucket” mechanism, open-loop idea is
applied to avoid congestion from start. Hence, in order
to close to network applications, it still has great
practical signification for open-loop control research.

In the paper, open-loop idea is combined with
closed-loop idea to set up system model, and Bode
algorithm is adopted to carry out the traffic control.
Bode algorithm has broad application in engineering.
So, Bode algorithm with open-loop idea is applied to
ATM ABR research.

Three main results are obtained in this paper. First,
network does not need the real time control, which
lightens the network control burden, and satisfies the
performance index. In the references, no concept of
non-real time is provided. Second, the relationship of
network bandwidth and buffer threshold is given. In
some references, the buffer threshold is given directly,
and no standard about it is explained and the relation
with network bandwidth is not illustrated. Third, the
relationship of buffer threshold and input rate breadth
is supposed. In most references, input rate is regulated
by comparing buffer queue length with threshold.
However, source can not obtain the needed input rate
of network in time for the existence of network delay,

and then effective control can not be carried out.

ATM rate based traffic control with Bode principle
is discussed in the paper. Theoretical results different
from others are achieved. Simulation results show that
Bode principle with dynamic buffer threshold can
sustain the higher throughput, less cell loss rate and
max-min justice of rate distribution in dynamic
environment effectively.

2. MODEL DESCRIPTION

In ABR communications of ATM network, storage
and transmission packet exchange service is adopted.
Cells and packets are sent to networks from source,
then stored in switch nodes. At each node, a FIFO
buffer is designed for all output links. The buffer is
shared in all VCs coming by the link. Finally, cells
and packets are sent to the destination. In order to
adequately utilize the assigned bandwidth without
buffer overflow, the queue length of output link buffer
is controlled in a limited range, by comparing queue
length with buffer threshold to reflect congestion
condition and decide source sending rate.

An oriented connection grouping exchange net-
work with simple structure [11] is described in Fig. 1.

In Fig. 1, S, D, SN denotes the source, the destina-
tion and the switch nodes, respectively, VC; denotes

the virtual circuit, and L; denotes the links.
The network traffic model is described as [8]

dy; ()
yél( LS - 1,0, 1)
i=1

where y; is the buffer queue length of link L, u;

is source rate through the buffer of link L, 7, is

the time delay of source rate to the buffer of link L;, m;
is the number of VC through the buffer of link Z;, f;

is transmission bandwidth of VC;, and

Wj(t)a

L=
! min[ Y uy (t - ;), w; (O], if y,(6) =0,

i=1

if y,(1)>0,

where wi(#) is transmission bandwidth of links.

R
O—PH——G———®

Fig. 1. Oriented connection exchange network.
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3. SYSTEM DESIGN

In ATM networks, time delay exists necessarily, and
it brings some disadvantage influence to networks. So,
time delay must be considered in ATM network
control. In general, time delays are divided into four
classes: (1) Transmission delay - the required time of
transmitting all bits of data packet; (2) Propagation
delay - the required time of 1 bit from source to desti-
nation; (3) Processing delay - the required time of
processing the data packet, before source or switch
nodes send data packet and the data packet is sent to
application; (4) Queuing delay - the time of waiting in
any queue of routing process.

Cell transmission delay is much less than pro-
pagation delay, and then the feedback for congestion
control is slow. The needed transmission capacity of
the application sustained by ATM network changes in
a great range, from thousands bits per second to
hundreds of millions bits per second, and the
communication capacity changes very quickly. So,
simple congestion control methods are difficult to be
applied successfully {12].

The better control effectiveness can be achieved by
combining the open-loop and the closed-loop control
methods. The basic idea is to force the packet to be
sent with a predicted rate. The method is to adjust the
average transmission rate, which belongs to open-loop
method. While the closed-loop method is a traffic
control based on rate feedback, by comparing buffer

queue length with threshold to adjust source input rate.

The system model is shown in Fig. 2.

In Fig. 2, G(s) is the series leading correction item
which compensates the system delay. The traffic is
viewed as a deterministic and variable fluid flow, and
the network queuing process is continuous in time.
The transfer function of original system is

-Ts

u(s) s

2

where 7 is the round-trip time delay of network.
Because

e ™/ = costw - jsinzw, 3)
we have

y(s) _Costw— j sin 7w @)

u®),_, jo

SO
u(t) G.(5) = ‘ - 1 1)

Fig. 2. ABR traffic control system.

Frequency analysis method is a typical method of
applying frequency character to study control systems,
which can describe the system frequency characters
directly. The analysis method is simple and the
physical conception is clear. To improve the system
stability and instantaneous performance, and to re-
strain noise, the physical essence and the solution
approach can be seen definitely from system fre-
quency characters. The frequency characters are des-
cribed by curves commonly, including gain and phase
character curves.

In Bode principle, the phase margin » and the

gain margin / are used to describe system stability.
Phase margin means that if system phase lag increases
y again for frequency ,, then the system is

critical stable. The mathematical description is
7:”+AG(Ja)c)H(]wc) (S)

According to the definition of phase margin, there
is

Vs V4
y=7— 7 arctan tantm, = 5 arctan tan zw,, (6)

where @, the is cut-off frequency which can be

obtained from equation IG( joYH(ja, )| =1, or

\/cos2 T, + sin? T,
20log

=1.
[4
Therefore,
o, =1. )
When system phase margin is between

7/6~m/3, the better performance is got according
to engineering experience. Note that arctantan

96(-—%,%) for any angle 6. If the system phase

margin is equal to or larger than the expected phase
margin y*, then, we suppose

y*< % — arctan tan 7w, < g— (8)

From (8), we have

kﬂ+%£m}c$kﬂ+%—y*,k=0,1,2,--~. C))
Noting (7) yields
kﬂ+%Sr£kﬂ+§—y*,k=0,1,2,---. (10)

If inequality (10) holds, the phase margin requirement
is satisfied.
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Other index indicating system stability is the gain
margin 4. It means that, if the coefficient of transfer
function of open-loop system increases to /4 times of
the original one, then the system is critical stable. For
h, we have

1
GG )H (joo,)| (an
= —2010g|G( jo)H(jo, )\,

20logh = 20log

where o, satisfies the following equation

g
d t = 12
5" arctan tanzw, = —7, (12)
1e.,
— T 1
arctantan 7@, =5 (13)
Therefore
V4
rwg=1ﬂ+5, [=0,1,2,---. (14)
Then,
I+ l)7r
wg =—2—, 120,12, (15)

T

From (11), the gain margin satisfies

20logh = ~20log|w,| = 20log—= (16)
[+
( 2)7r
From (10), we can get
k+ Ly . h+i-Lyp
6 < < 2 T (17)

(l+%)7r _(l+%)rr_ (l+%)7r

Based on the discussion above, we can see that, if
(10) holds, the gain margin requirement is satisfied.
So, time delay lies in a limited range, the gain and
phase margins are satisfied, which is not considered to
dispense with emendation and compensation.

For ATM network, non-real time network traffic
control lightens the burden of network and satisfies
the performance index at the same time.

Theorem 1: For ATM network with time delay, if
(10) holds, then the expected gain and phase margins
are satisfied, and it is not considered to dispense with
emendation and compensation.

For the case that the time delay range dose not
satisfy performance index, the series leading
correction is processed. The transfer function of series

leading correction is G, (s)=(1+aTs)/(1+Ts), where
a, and T are parameters in revised transfer

function which can be achieved by expected
performance index.

Suppose that the cut-off frequency is a):, and the
max leading angle frequency is ,. Obviously,
there should be

~L(@,) = L.(w,) =10loga, (18)
1e.,
=20 log(i*) =10loga. (19)
a)c

It is easy to see from (19) that a=(a):)2. To

guarantee system response speed and make use of
phase leading character of networks adequately, let

*
®,, = @,. Then, we have

ro—1__1 (20)

oda

Therefore, the revised system transfer function is

(1+aTs)e™  (1+s)e™
(1+Ts)s (1+Ts)s

G(s)= 2n

4. PERFORMANCE INDEX ANALYSIS

4.1. Stability
The source input traffic of the network system is
supposed to be step-changed, i.e., u(f)=al(t) where

o is a constant larger than zero, and I(¢) is a unit step
signal. The transfer function of input and output is
y(s) (+aTs)e™
u(s)  s(l+Ts)

(22)

Under the time domain transformation, the queue
length corresponding to source input is

1
y, () =al(l- a)Te_?(H) +(t-17)-(1-a)TU(t-7)

1
cofa-DT(-e T )y (t— It - 7).
(23)
f0)=

BI(t—T)), where S is a constant larger than zero,

And, if the worst disturbance input is

and #>T,. The system transfer function under the
disturbance is

y(s) _ L 24)

f) s
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By transforming (24) to time domain, we get
yr@)=-pe-1). (25)

From (25), we can see that y/(#) <0. Therefore, the
buffer queue length is

YO =y, ) +y ()< y,?)
—l(t—‘r)
=a[(a-DT(1-e T )+(-0)I(t-1)
<af(a-DT +(t-1)]. (26)

With 727, the buffer threshold is supposed to be

0. To guarantee that the buffer is not overflow and
the system is stable, we must have

yy<al(a-DT + (@t -1)]<r". 27)

That is,

rO

oL (28)
(@a-DT+(t—1)

The inequality relationship between the average
gain of input rate and the buffer threshold is given in
(28). If only source sending rate is less than the value,
buffer is no overflow. In general references, only
system stability is proved, but the supposing principle
of buffer threshold is not given, or controller output is
used to be source sending rate. For the round-trip time
delay, however, the source end can not receive the rate
value in time. The given inequality relation (28) can
pass such problems.

Theorem 2: Suppose the source input rate is step-
changed, i.e., u(f)=al(t), and the system is in the

J@&)=pI(t-T)). If the
inequality (28) is satisfied, then the buffer queue

worst disturbance, i.e.,

length is less than threshold #°, and the system
stability and quick response are guaranteed.

4.2, Utilization of buffer and links
The buffer queue length is

YO =y,0)+yr@)
“Liery
=af(a-)TA-e T H+(@-0){-1)
—-p-T)). (29)

If the buffer queue length is closer to the threshold,
the buffer has the higher utilization ratio. Then, to get

the higher utilization ratio, suppose y(t):r0 (in

order to deal with outburst data flow, only a part of
buffer capacity is generally taken as the buffer

threshold. So, it is naturally to let y(z) = r? ), that is,

O —afta-DT=e T Y-l 1) (30)
- B -=Tp).
Rewriting (30) and by (28), we have
B-T)

1
—(f—-

—af(a-1T(—-e T

rO

<
(a-DT +(t—1)

7) 0
Y+ (@-)(t—-1)-r

x[(a—l)T(l—efT(t T))+(t—r)]—r0 (31)

1
—{t=7)
o @ T,
(a=-DT +(t—71)

*l(r—‘r)
_ (@a-Dre T 70

C (@-DT+(@-7)°

where 127, so

1
——(t-1)
_ (a-Dre T 0
TP 32)

The relation between available bandwidth and
buffer threshold is given by the above inequality, then
buffer is used adequately, and buffer threshold is
confirmed by network bandwidth resource, the higher
communication link bandwidth is guaranteed.

Theorem 3: Suppose the network system is under
the worst disturbance, i.e., f(r)=pgI(t—-T;). If (32)

holds, then, for any ¢e[0,4+), the system has

higher buffer utilization and communication link
bandwidth utilization.

4.3. Buffer utilization situation

Suppose that the buffer utilization ratio is 4. To
get the buffer utilization ratio under a specified per-
formance index, the value range of A is discussed.
Consider the following equation.

A4 —af(a-DT-e T" k-l -1) 33)
=B -T).

Substituting (32) into (33) yields

1
A > af(a-1T-e T Y+ (=it —7)
R (34)
_(a=DTe 0,0

(@a-DT+(t-71)
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From inequality (28), we see that, even though o
(@a-DT+(t-1)

the equality (33) still holds. So, we get

gets its maximum value, i.e., o

-1
As__(a-DT (35)
(a-DT+(t-1)
Buffer utilization situation can be got in theory after
determining each parameter. The higher buffer
utilization ratio is achieved for 7>7.

4.4, Relationship between frequency and time indexes
Bode principle is applied broadly in engineering.
The frequency domain index is used in Bode principle,
which has some relation with the time domain index.
In practical application, the time domain index can
reflect performance indexes directly. So, the relation
description between the frequency domain and time
domain in Bode principle is still worth to be studied.

M, =—— (1<m, <138), (36)
siny

o =0.16+0.4(M, —1), (37)

=Kz (38)
a)c

K =2+1.5(M, —1)+2.5(M, ~1)%, (39)

where M, is the oscillation performance, o is the

overshoot, ¢, is the transient time.

5. SIMULATION RESULTS

Consider the network system shown in Fig. 1. The
bandwidth of each link is supposed to be 100Mbit/s.
The buffer queue length is controlled to guarantee that
the link congestion dose not occur, and the adequate
and fair bandwidth utilization is obtained.

Let 3" 257/18, @, =227radls, 7=2, t=25,
T, =245 Then a=(w,)?=5.14, and T=1/a=
0.195. The worst case of the change of ABR

bandwidth is considered in simulations. The actual
ABR communication bandwidth of link L,,, is

given as
f()y=1007(¢)+10001(z —3)—1000(r - 5)
+1000/(¢ —7)-10507(t —10).

It is shown in Fig. 3.
From (10), we know that if 7 isin

kr+r/6<t<km+rm/2-57/18,

1.e.,

1200 4 T

1000 -

@
=1
=]

f{y=ABR bandwidth/cellms ™1
= =3}
8 =]

[N
Q
=]

%

0 5 10 15
t/ms

0

Fig. 3. Step change ABR communication bandwidth.

3.14k +0.523 <7 <3.14k + 2.27.

In such case, the performance index is satisfied
without network control.

In the case =2, it dose not satisfy the condition.
In other words, it is necessary to control the network
system. The transfer function is

_1+aTs_1+s_ 1+s
1+7s 1+Ts 1+0.195s

G.(s)

Then, the revised system transfer function is

78 =75

l+als ¢ 145 e
1+Ts s 1+0.195s =&
Since 7" = ;/(a)g) +¢,,, where

G(s)=

* VA *
y(w,)= 3 arctan tan 7@,

=2 -8972/200=11x/200,

. . 4.14
@, = arcsin =arcsin——=477/200,
6.14

a+1

we have

¥ =y(@r)+ @, =117/200+477/200
= 587/200> 57/18.

The expected phase margin is 7* >57/18. Hence,

the system requirement is satisfied.

Fig. 4 shows the gain and phase characters. The
gain in delay loop is 1, and it dose not influence the
gain margin. Since the transfer function contains delay,
the phase curve is not equal to the phase margin. From
Fig. 4, however, the revised phase increases more than
27 /9, and the phase margin has linear relation with
the phase curve. Then, the phase lag is considered to
be revised effectively.

In general, the low frequency segment of open-loop
frequency character represents the system stability;
the intermediate frequency segment represents the
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Bode Diggram

Magnitude (dB)
: [=]

Phase (deg)
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Freguency (radfsec)

Fig. 4. Gain and phase character curve of unrevised
and revised.

system dynamics; and the high frequency segment
represents the system complexity and the noise
restraining performance. Therefore, the design of
control systems with frequency method is to add a
suitable emendation equipment, which makes the

open-loop frequency character have an expected shape.

In other words, the gain in low frequency segment is
large enough to guarantee the requirement of stability
error; the intermediate frequency segment holds
adequate wide bandwidth to guarantee the suitable
phase margin; and the gain of high frequency segment
should be decreased as fast as possible to reduce the
noise influence.

From Fig. 4, we can see that the revised gain
margin is increased. The intermediate frequency
segment holds adequate wide bandwidth, therefore,
the phase margin of the system is guaranteed. The
gain of high frequency segment is lower, hence, the
noise influence in networks is eliminated preferably.

In practical application, the time domain index can
reflect some performance index directly, such as the

transient time, etc. When 7/* >57/18, according to
the relationship between frequency and time domains
in Bode principle, we can get

1 1 1

M, =—=— = =1.3,
siny sin5z/18 0.766

and
0=0.16+04(M,-1)=0.16+0.4(1.3-1)=0.28,
where 1< M, <1.8. Then, the maximal overshoot is
28%. From
K =2+1.5(M, —1)+2.5(M, 1) =2.675,
‘ _ Kz _2.675x3.14 _ 37,
@, 2.27

(44

we see that the transient time is 3.7s. The network has

better performance seen from time domain index. If
the index is not satisfied, then the object requirement
can be obtained by adjusting the parameters.

Next, we discuss the system stability, the buffer
utilization and the communication link utilization
situation. From Fig. 3, we know that the available
bandwidth is f=1100. According to (32), we have,

1100 < 0.8x0.077

<271 0 _0.94740,
(0.8+0.5)x 0.05

Then, we get ¥ >1161. The buffer threshold of link
L., is supposed to be #® =1170. From (28), we
have

r° 1170

a< = = 900.
(a-DT+({-1)] 1.3

We may suppose o =860. According to (35), the
buffer utilization ratio is 4>90.5%. In Fig. 6, the
buffer utilization ratio is 4 >94.1% >90.5%. Then,
not only the higher buffer utilization is obtained but
also the reliability of theory is shown.

Fig. 5 shows the unrevised buffer queue length. If
the time delay exists in the needed emendation range,
and no emendation is made, then the buffer queue
length will exceed the threshold. From Fig. 5, we can
see that, the buffer threshold is 1200 cells, and the
queue length is more than 2500 cells, then serious
network congestion happened.

Fig. 6 shows the revised buffer queue length. From
Fig. 6, we see that, no buffer overflow occurs, and the
higher buffer utilization is achieved. Therefore, the
leading correction and compensation makes network
get better stability and dynamic performance.

Fig. 7 shows the comparison of the buffer queue
length under different control methods. PID and P
methods are used to compare with Bode principle. In
Fig. 7, the blue curve is result of PID method of
closed-loop model, whose transfer function is

3000

2500 - B

2000 -

1500 B

y(t/zceli

1000

500+ 1

0 .
0 5 10 15
vms

Fig. 5. Buffer queue length (unrevised).
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1200 T T

1000 F

800 |

600 -

y(tizcell

400 + R

t/ms

Fig. 6. Buffer queue length (revised).

4000

— PID
— bode
— P

3000 -

2000 \/\

1000 |
VF

-1000 - %

-2000 - ;
u] 5 10 15

tms

Y(ti/cell

Fig. 7. Buffer queue length under different contro}
methods.

Gpip(s) =(4.85% +3s5 +0.6)/(4s* + 4s).
PID

The parameters are adjusted by Ziegler-Nichols
method. The response speed is quite quick. The
excessive adjustment is, however, serious and the
buffer is overflowed. The black curve is the result of P
control method. The system dose not overflow, but the
response speed is slow and the buffer utilization ratio
is low. While Bode principle adopted in the paper
guarantees overflow-free and higher buffer utilization
ratio. Then, the better control effectiveness is gotten.

From the above analysis, we know that the source
input rate has relation with buffer threshold, and the
relation is got under the condition of assuring system
stability. Hence, the system stability and the minimal
cell loss are guaranteed. Otherwise, the maximal link
utilization of network is got from theoretical analysis
and simulation results.

Round-trip time is variable, which is considered in
the design, and the necessary control range of time-
delay is given. So, stability of virtual circuit with long
and variable round-trip time can be guaranteed. From
algorithm design and performance analysis, we can
see that not only the system is stable, but also the

better dynamics and adaptability to the environment
change are achieved. The network parameters, such as
the network bandwidth, the time delay, and the
performance index, are variable. If the bandwidth
varies, then other parameters can make corresponding
varies to guarantee the system stability and dynamic
requirement,

ABR service defines the fair capacity share, and the
fair bandwidth allocation among ABR flow can be
realized theoretically [7]. Otherwise, the proposed
method is simple and flexible in algorithm analysis
and design.

Bode principle adopted in the paper satisfies the
standard of high performance ABR traffic control
algorithm. In theory, not only network stability and
dynamic performance are proved, but also the higher
buffer utilization and lower cell loss are ensured. In
practical application, the algorithm is more suitable
for engineering technology personnel, which is simple
and flexible in implementation.

6. CONCLUSIONS

The main function of traffic control is to protect the
network and its users to realize the expected network
performance, such as cell loss ratio or transmission
time-delay and etc. The other function is to optimize
network resource utilization to obtain higher network
utilization ratio. In the paper, Bode principle is
adopted to deal with the problem of ATM network
traffic control. Not only effective utilization of buffer
capacity and link bandwidth are guaranteed, but also
network parameters are considered, which is favorable
for network management and maintenance. Therefore,
the study has broad application prospect and research
importance.
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