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A Study of Quality Control at the Cell Levelin the ATM Network 
-Simplicity of control mechanism vs. efficient utilization of resources-
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In an ATM network, "cells" arrive and go through some nodes successively. Depending 
on their source, these cells have different requirements, which should be satisfied with 
techniques whose control mechanisms are as simple as possible. This paper discusses 
the simplicity of quality control mechanisms at the cell level and efficient utilization of 
resources in the ATM network. The characteristics of arriving cells of a single medium 
are clarified, and the validity of some control methods for mixed traffic is presented. 

1. INTRODUCTION 

Recently, the study of B-ISDN, which is the 
Broadband aspects of ISDN (Integrated Services 
Digital Network) is becoming increasingly wide 
spread. In B-ISDN, it is assumed that the 
information from multi-media sources will be 
unified and managed efficiently, and 
Asynchronous Transfer Mode (ATM)[l] has been 
proposed as the key technology for realization of 
it. 

An ATM network structure has been planned to 
replace existing network, which have certain 
circuit and packet switching shortcomings. As 
this network structure is designed, new 
hardware technology, new protocols, and new 
standards for quality of service should also be 
established[2]. 

The following studies on the new technologies' 
requirements and clarification of their 
characteristics have already been reported: 
numerical analysis of the call characteristics 
with burst arriva1[3][ 4], video signal coding and 
description of its characteristics[5], quality 
design[6][7], the Virtual Path and its 
introduction form[8], and the traffic control 
system[9]-[11]. 

Quality control in ATM networks is also one of 
the most important viewpoints. In ATM, 
information is transferred in fixed-length 
packets called cells. The quality parameters 
required by the sources of each medium are 
delay, cell 1088 probability, and call 1088 

probability. Each medium has different 
parameter values. For example, voice sources 
are very sensitive to delay, but cell loss is 
permissible to a certain extent. On the contrary, 
data sources require strict low-loss probability, 

but instantaneous transmission is not required. 
As mentioned above, the control functions at the 
cell level and call admission level are needed to 
simultaneously satisfy the many qualities 
required from each sources. 

From another viewpoint, two typical approaches 
for network usage can be considered when 
quality control is applied. One is that efficient 
utilization of resources in the network is the 
most important target, that is, highly efficient 
circuit utilization to satisfy quality requirements. 
In this case, the control function which makes 
the best use of the statistical multiplexing effect 
is needed, but this function may be comparatively 
complex. With the second approach, simplicity 
of the control mechanism takes precedence over 
circuit utilization efficiency. One example of this 
is dividing and allocating the transmission line 
bandwidth for the same kinds of sources in 
advance, while required quality is satisfied by the 
hardware technology, for example, high-speed 
switching. 

In this paper, the two approaches mentioned 
above in addition to a third are examined in 
relation to the cell level, in which call admission 
and bandwidth allocation are completed. The 
concrete examples of these approaches are 
compared with simple, no-control methods, and 
the characteristics and the problems are 
compared. Finally, simulation results are used 
to examine the necessity and validity of priority 
control. 

In section 2 of the paper, the outline of the target 
system, presupposition, and model are 
explained. In section 3, the characteristics of 
three kinds of devices are shown. In section 4, 
several control methods are compared to 
determine necessary control condition. 
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2. SYSTEM OUfLINE AND MODEL 

The target system is an ATM node in a 
Broadband communication transport network. 
This node has the following functions: switching, 
cross-connect, multiplexing, and line 
terminating. Here, the following are assumed: 

1. This ATM node is assumed to be a 
subscriber node rather than a transit node. 

2. The total bandwidth of the output link 
means the output line from an ATM node 
and its capacity (transmission speed) is 
d=156 Mb/s. 

3. The cell size including header is 53 bytes. 
4. The speech path in a switch is 

approximated to be non-blocking, and 
therefore, there is no cell delay. 

5. The capacity of the switch buffer is assumed 
to be infinite hereafter unless otherwise 
stated. 

This system is modeled as follows. Cells with 
various characteristics arrive at the ATM node 
through the subscriber line. These arriving cells 
are temporarily stored in a buffer, and then sent 
using a set procedure to the output link 
connected to the next node (Figure 1). There are 
two buffer allocation methods: one is the common 
buffer method, which is modeled as an ordinary 
Single Queue with First In First Out (FIFO) 
discipline, and the other is a method in which 
different cell types have their own individual 
area. This method is based on the Multi Queue 
model. 

3. CHARACTERISTICS OF EACH MEDIUM 

In this section, the characteristics of arriving 
cells of voice, video, and data devices are 
clarified, and the requirements of each medium 
are described. 

From 

subscr i ber 

system 

----:"---!--I-- To next node 

3.1 Voice cell 

For voice calls (telephone traffic), transferring 
information should transparent just as in circuit 
switching. However, since small loses of 
information do not appreciably degrade service, 
low cell losses (to the extent of 10-4 - 10-5) due to 
buffer overflow are allowable. Therefore, a 
maximum end-to-end delay of several msec, 
excluding propagation delay, is permissible for 
Constant Bit Rate (CBR) service. 

Here, the information from one voice source is 
approximated to the well-known regeneration 
process [3]. In this process, the Mean Bit Rate 
(MBR), 'YMl, and Peak Bit Rate (PBR), 'YPt, are 
assumed to be fixed as follows. 

'¥Ml=11.24 khls 
'YPl =32 kb/s 

This PBR corresponds to the case when the 
CODEC at the terminal assembles the cells 
according to the 32 kb/s ADPCM. 
This voice device belongs the quality class which 
is insensitive to cell loss and sensitive to delay. 
The maximum permissible delay in a node is 
assumed to be 1 msec. 
When many voice sources are multiplexed to a 
node, the arrival process is reported to be closely 
approximated by the two-stage MMPP (Markov 

Modulated Poisson Process)[3][ 4]. Figure 2 
shows cell loss probability vs. queue capacity 
calculated by MMPP/EklllN[ 4], where link 
occupancy r is given as follows. 

p = n * '¥Md 0 
n: Number of sources (terminals) 
0: Transmission rate through the line (156 Mb/s) 
The number of' stages of Erlang distribution is 
assumed to be 50. 
It can be seen that when increasing input lines 
cause a loss probability change with a magnitude 
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Figure 1 Example of A TM node construction 
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Figure 2 Queue length vs. loss probability for 
voice cells 



of 10-L, the required queue length changes with a 
magnitude of L. In other words, when input 
lines are increased, the loss probability (for 
example, less than 10-10) can be controlled by 
increasing the buffer capacity. 

3.2 Video cell 

In video communication, many bandwidth 
compression coding methods have been reported 
to reduce transmission line cost. Here, an 
interframe coding with Differential Pulse Code 
Modulation is assumed. With this method, there 
are two elements of burstiness: interframe 
burstiness due to scene changes, and intraframe 
burstiness caused by the difference between the 
active and inactive parts. 
Generally, the information in one frame is 
divided into several cells that are transferred 
from the video source to arrive at a node within 
an allotted interarrival time. End-to-end delay 
specifications are such that the first cell of the 
next frame must arrive at the destination by the 
end of the current frame. Strict cell loss 
probability conditions (around 10-10) are required, 
because lost information degrades picture 
quality. 
Here, the arrival process of the video cell is an 
approximation of the model in Figure 3, to 
investigate how the MBR, PBR, and the length of 
duration of the PBR affect the characteristics. 
The parameters are defined as follows. 

a: Interarrival time of cells in duration of the 
PBR (constant) 

b: Duration of the PBR period 
c: Interarrival time of cells in the remaining part 

of the cycle 
d: e-b 
e: Length of one cycle (mean: 33 ms) 
The length of band d follows the exponential 
distribution. The number of arriving cells in the 
television broadcasting signal follows the Erlang 
distribution of the low stage[5], but is 
approximated to be constant. Originally, cells 
from video sources arrive at the node at the PBR. 
However, CODEC is assumed to have a control 
function that enables some cells in a frame to 
arrive at the PBR, while other cell arrivals are 
distributed throughout the remaining duration. 

Figure 3 Arrival process for a video cell 
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Figure 4 shows the the relationship between 
mean waiting time vs. PBR when the starting 
point of a frame is random for each source. 
When the starting point is the same for each 
source, statistical multiplexing cannot be used, 
just as it cannot be used with STM (Synchronous 
Transfer Mode), and the admissible number of 
sources is uxlJ3.J. Here Cl is the bandwidth (Mb/s), 
J3 is the PBR (Mb/s), LXJ is the maximum integer 
that does not exceed X. Moreover, when the PBR 
exceeds 30 Mb/s, the waiting time increases 
drastically, independent of the MBR. However, 
in Figure 4, the value of the PBR at which the 
waiting time starts to increase drastically 
decreases as the MBR decreases. This shows 
that there is a possibility of using the limited 
bandwidth efficiently when the starting points of 
communications are random. 
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Figure 4 Mean waiting time vs. peak bit rate 
for video cells 

3.3 Dataoell 

In data communication, delay of the msec order 
is permitted. Howev.er, cells are extremely 
sensitive to errors or loss of information. In this 
paper, a file transfer is selected for the data 
communication example and modeled to the 
ordinary MIDI!. 

4. SIMULATION DESCRIPTION AND 
RFSULTS 

In this section, several control methods are 
described, and the results of each method are 
presented and discussed. Here, the three mixed 
traffic from sources described in section 3 are 
assumed to arrive at an ATM node. The delay 
characteristics of the following three control 
methods are compared by means of simulation: 
1) Single-Queue (SQ) method, 2) Bandwidth 
Division (BD) method, 3) Priority Queue Control 
(PQC) method. The arrival process of each 
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medium is the same as in section 3. The 
. parameter values for each source are as follows. 

(Voice) MBR: 'YMl=11.24 kb/s 
PBR: "(pl =32 kbls 

(Video) MBR: 'YM2=10 Mb/s 
PBR: 'YP2=45 Mb/s 

(Data) MBR and PBR: variable 

The values of the voice source are the same as 
the model in se:tion 3. Video cell values are 
chosen on the assumption that the H22 channel 
will be used to achieve the same quality of picture 
as current television. 

4.1 Single-queue method 

This method can be modeled to an ordinary 
single queue. Arriving mixed and superposed 
cells from several kinds of devices are queued in 
a single queue and processed according to a 
FIFO discipline. 
Figure 5 shows the maximum and mean waiting 
time vs. total MBR of each medium, provided that 
the number of video lines are fixed at two (20 
Mb/s) or three (30 Mb/s), and the MBRs of other 
kinds of devices are assumed to be equal to half of 
the remaining MBR. The required delay time (1 
ms) is satisfied only for two video lines and the 
total bandwidth is less than 90 Mb/s. Therefore, 
the multiplicity of highly bursty devices cannot be 
raised with this method, and the quality of 
service is the same for three kinds of devices, 
even if the required delays are satisfied. 
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Figure 5 Waiting time vs. total MBR (SQ method) 

4.2 Bandwidth division method 

In this method, the semi-fixed bandwidths for 
each medium are allocated beforehand (e.g. at 
the ' time of call admission). This semi-fixed 
bandwidth corresponds to a virtual path and is 
used by cells from a single medium. This 
method can be modeled to three separate queues, 

as shown in Figure 6, where the total processing 
capacity of all servers corresponds to the total 
bandwidth of the transmission line (156 Mb/s). 
In this figure, Vo, Vi, and Da means the arrival 
of voice, video, and data cells, respectively. 
Figure 7 shows the maximum and mean waiting 
time vs. bandwidth for video, provided that the 
MBR for each medium is equal and fixed. The 
allocated bandwidth for voice is equal to half of 
the remaining bandwidth. The data cell is 
calculated by MID/I. When the total MBR is 60 
Mb/s, the delay of voice and video can be 
maintained below the required value by 
controlling the bandwidth for each medium. 
However, when the total bandwidth exceeds 90 
Mb/s, the required quality cannot be satisfied, 
regardless of the video bandwidth (figure omitted 
for this example). 
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Figure 6 Queueing model of the BD method 
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Figure 7 Waiting time perfonnance 
for the BD method 
(Total MBR: 60 Mh/s) 

4.3 Priority queue control method 

Several buffers are used in this method, and each 
buffer receives cells from a different medium. 
The priority of these buffers is determined by the 
number of cells that can be served successively. 
This method is modeled to multi queue with FIFO 
discipline, as shown in Figure 8. In addition, 



this method has two sub-methods: the video cell 
exhaustive method and the stratified limiting 
method. 

CH 

v. 

VI --+ 

D. 

v. : Vi: D. = ( M : N ) : 1 

Figure 8 Queueing model of the PQC method 

4.3.1 Video cell exhaustive method . 
In this method, the highest priority is given to 
video cell queue, Q2. Video cells are served 
exhaustively. Voice queue Ql and data queue Q3 
are served according to limiting service 
disciplines. However, this model. differs from an 
ordinary multiqueue, where the server polls 
queues in the order ofQI-Q2-Q3-Q2-Q1-Q2-Q3-... 
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Figure 9 Waiting time vs. N 
in the video cell exhaustive method 
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. Figure 9 shows waiting time vs. the index of 
priority for voice, N. In this case, Q2 is the N
limiting type, and data is the I-limiting type. The 
MBR of each medium is fixed to 30 Mb/s, and the 
total MBR is 90 Mb/s. This figure shows that N is 
not sensitive to the delay of voice cells, and 
consequently, the quality of the voice device is not 
maintained because the video cells are given too 
much preference. 

4.3.2 Stratified limiting method 
In this method, the index of priority, which is the 
number of cells to be served successively, is 
divided into two levels and allocated as follows. 
• The indices of priority for Q1 (voice) and Q2 

(video) are respectively M and N. However, 
when one queue becomes empty, cells of the 
other queue are served successively. 

• Only when both Q 1 and Q2 are empty can one 
cell in Q3 be served (I-limiting type service). 

This service method, i.e. index of priority is 
expressed as (M:N): 1. The larger the burstiness 
of arrival to Q1 and Q2, the larger values of M 
and N. The algorithm for this method is shown 
in Figure 10. 
Figure 11 shows the maximum and mean 
waiting time vs. N, which is the index number of 
priority for video in case of (1:N):l, when the total 
MBR is 90 Mb/s. In the range of lsNS4, the 
maximum waiting time of voice or video is 

almost equal or le-ss than 1 ms, which satisfies 
the required quality. 
Figure 12 shows the maximum waiting time vs. 
the total MBR, for two and three video lines. The 
index of priority is fixed to (1:3):1. It can be seen 
that for three video lines, the delay of all media is 
satisfied when the total MBR is less than 100 
Mb/s. It is presumed that this method can cope 
with the unbalance or change of each medium's 
MBR by changing the value of (M:N): 1, within the 
limits of the MBR. 
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Figure 11 Waiting time perfonnance 
in processing the stratifieq 
limiting method (Total MgR: 90 Mb/s) 
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Figure 12 Maximum waiting time vs. 
total MBR in processing 
the stratified limiting method 

4.4 Comparison of these methods 

The SQ method treats all cells the same, 
regardless of the medium. In this method, cells 
from a highly bursty medium increase the delay 
of cells from other media. Therefore, overall 
quality is satisfied when the total load is not 
heavy (this paper assumes that the server 
efficiency is r~O.6) or when the load of highly 
bursty calls is low. From another point of view, 
this method is efficient when only low bursty 
calls (from a data or voice source) are admitted at 
all times. In the BD method, an appropriate 
bandwidth is allocated to each medium to 
simplify control of mixed traffic. With a large 
bandwidth, the total PBR of each medium can be 
allocated. However, with a smaller bandwidth, 
the appropriate bandwidth must be allocated so 
that resources can be used efficiently. In the 
latter case, calculating the allocated bandwidth 
requires complicated admission parameters 
such as measurement, translation and 
calculation of queue length, the waiting time of 
cells, and determining control actions 
corresponding to these measured values. It is 
thought that obtaining these admission 
parameters by means of advanced technology 
will make this BD method possible. In the PQC 
method, efficient utilization of resources takes 
precedence. When the complexity of control, 
regular observation of queue length, and frequent 
change of index of priority, etc. are 
considerations, this method is valid for a certain 
range of load. However, it has the remaining 
problems of how long the observation cycle 
should be and how should heavy loads be 
handled. 

5 Conclusion 

In this paper, quality control at the output link of 
an ATM node was described and was concluded 

to be necessary for satisfying the quality 
requirements of each medium. Though delay in 
a node is not large compared with end-to-end 
delay, it is difficult to sufficiently reduce node 
delay by using only FIFO control. The priority 
queue control method described here is one of 
several methods, and it can satisfy the required 

. delay to a considerable extent. It was determined 
that a method is needed to control cell loss 
probability. 
In the near future, ATMization of a network will 
be completed and mixed traffic from many kinds 
of sources and with various characteristics will 
arrive at a simple node. Then a control function 
will be needed to handle this situation. In the 
transition period to an entirely ATMized 
network, the control method must efficiently 
utilizes resources. However, in time, a network 
with sufficient resources will be constructed for 
short delays, low loss probability, and simple and 
unified maintenance. Remaining problems to be 
solved are the transition scenario to this 
structure, the relationship to cost structure, the 
quantitative analysis of transmission and 
switching of control, and OAM information. 

ACKNO~DGEMENTS 
The author would like to thank Dr. Yuji Inoue and 
Masatoshi Kawarasaki and Hideaki Arai of N'M' for their 
valuable advice. 
REFERENCES 
[1]CCITT: Broadband aspects of ISDN. Blue Book, Volume 
Ill, Fascicles Ill. 7, Recommendation 1.121, International 
Telecommunication Union, Melbourne (1988). 
[2]Kawarasaki, M., Okada, T., and Sasagawa, M. 
"Perspective of ATM Communication Technique -
Evolution to Broadband Communication Network -," J.of 
IEICE Japan, J73, 6, pp. 806-814 (1988). 
[3]Hefi'es, H. and Lucantoni, D.M. "A Markov Modulated 
Characterization on Packetized Voice and Data Traffic 
Related Statistical Multiplexer Performance," IEEE JSAC 
Vol. SAC-4, 6, pp. 856-868, (Sep. 1986). 
[4]Yamada, H. and Machihara, F. "Analysis and 
Application of Queueing Model with Phase Type Markov 
Renewal Input," Trans. IEICE Japan, J73-B-I, 3, pp. 170-
178 (1986). 
[5]Kishino, F., Manabe, K., and Yasuda, H. "Statistical 
characteristics of video signals for video packet coding," 
PCSJ87 (Sept. 1987). 
[6]Takahashi, K., Yamamoto, Y., and Yamashita, I. 
"Transmission Quality Design for ATM Network," 1988 
Fall Natl. Cony. Rec. IEICE, B-266. 
[7]Yokoi, T. "Performance control for ATM network," 
1988 Fall Natl. Cony. Rec. IEICE, B-267. 
[8]Sato, K., Ohta, S., and Tokizawa, I. "High-speed Burst 
Transport System Based on Virtual Path Concept," IEICE 
Technical Report, IN88-34 (1988). 
[9]Noguchi, K., Ohnishi, K., and Okada, T. "Traffic 
control in the ATM network," 1988 Fall Natl. Cony. Rec. 
IEI CE,SB-4-4. 
[10]Noguchi, K., Ohnishi, K. and Okada, T. "Traffic 
control in a multi-media packet switched network," IEICE 
Technical Report, SE87-74 (1987). 
[ll]Hino, S. and Watanabe, N. "A cell buffer with a 
priority bandwidth allocation for ATM quality control," 
IEICE Technical Report, IN88-39 (1988). 


