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ABSTRACT

STUDY OF CONGESTION CONTROL SCHEMES 

IN MULTIMEDIA TRAFFIC NETWORKS

by

M ohsen Saleh 

A dvisor: P rofessor T arek  N . Saadawi

In our study, w e are  interested in the access flow control and the bandw idth  control 

w indow  w hich are applied at the cell level during the progress o f  the call. T he flow 

con tro l action, at the cell level, is im plem ented at the input access o f  the m ultiplexer. 

U sing a  suitable congestion m easure, nam ely the m ultiplexer buffer length , the schem e 

dynam ically  contro ls the arrival rate by sw itching the coder to a  d ifferen t com pression 

ra tio  (i. e x c h a n g in g  the coding rate). VBR coding m ethods can be adaptively  adjusted 

to  transm it at a low er rate with very  little degradation in the service quality . 

C om parisons betw een statistical, determ inistic and bandw idth control w indow  allo ­

cations to voice and video traffic  are  presented. O ur objective, here, is to control the 

input bursty traffic at heavy congestion states and to be able to traffic shape the input 

arrival process such that w e can sm ooth dow n its characteristics and force it to be well 

behaved.



Our study analyzes the performance of an access node in 
ATM network with and without flow control using simulation 
methods, and includes the following, multiplexing of homoge­
neous types of traffic as voice or video sources, multiplexing 
of heterogeneous types of traffic as voice and video sources 
and bandwidth management for different classes of traffic using 
deterministic, statistical and bandwidth control window 
allocation to voice and video traffic.

The contribution of this study is to provide a performance 
evaluation of the access flow control algorithm which is applied 
at the access nodes to the integrated network, specifically 
at the input voice and video multiplexers. Also it provides 
a performance analysis of the bandwidth assignment to voice 
and video traffic. The results of the simulation study include 
the optimum values of the multiplexer buffer thresholds that 
satisfy an objective cell blocking probability of 10~4 for 
voice traffic andlO"7 for video traffic and the effects of the 
access control window (the minimum period of time at which the 
controller stays in a given state before it is being triggered 
to another action) on the controller triggering rate and mean 
bits per sample. Also the optimum values of the bandwidth 
control window are presented.
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1. INTRODUCTION

1.1 Background

R ecently , the asynchronous transfer m ode (A TM ) has been w idely recognized as a 

prom ising  solution fo r the im plem entation o f  broadband ISD N  (B -ISD N ) [1-3]. ATM  

is an a ttractive com m unication  transport technique for carry ing  fu ture broadband 

services w ith a broad  spectrum  o f  d ifferen t traffic characteristics, such as peak and 

average b it ra te , statistical d istribu tion  o f  cells in terarrival tim e, etc. In A TM  netw orks, 

all in form ation such as voice, video and data is conveyed using a fixed-size block called 

cell and statistical m ultip lexing is em ployed. S ince A TM  involves a statistical 

m ultiplexing schem e, queueing delay , cell loss, o r o ther degradation o f  quality  o f  service 

(Q O S) m ay easily  o ccu r in cases o f  netw ork congestion. Bursty traffic , such as im age 

data  transfers , has a  particu larly  serious im pact on com m unication  quality  because o f 

statistical load fluctuations. S tatistically m ultiplexing bursty traffic is a very  efficient 

technique to m axim ize the utilization o f  the link capacity. A lso it exploits the variance 

o f  the source statistics to ach ieve an efficiency gain m easured by allow ing a num ber 

o f  sources w hose peak rates a re  g reater than the link capacity . Thus A TM  netw orks 

have the flex ib ility  to  support various services and in troduce new  services easily , and 

a re  efficien t due to the high utilization o f  the netw ork resources [4]. T he gained 

flexibility  in accom m odating traffic sources with w ide range o f  bit rates m ay cause
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serious congestion problem s that will lead to severe b u ffer overflow , cell loss and 

degradation  in the required  service quality . T herefo re , bandw idth  m anagem ent and 

traffic  flow  contro l a re  required to m eet the quality  o f  service (QO S) fo r various service 

types and m ixes (hom ogeneous and heterogeneous).

Q uality  features o f  m ultiplexed traffic with various bit rate and burstiness a re  being 

studied to estim ate the necessary bandw idth allocated to each call. V arious congestion 

contro l approaches have been proposed for A TM  netw orks in o rd e r to ensure that the 

cell transport perform ance (cell loss and delay) rem ains at a satisfactory  level for all 

the  users. M any o f  the congestion control schem es developed fo r existing netw orks 

m ay not be  applicable to ATM  netw orks. T herefo re , a new concept is required  for 

congestion control in an ATM  netw ork. All proposed schem es fall in the class o f 

p reven tive o r  reactive control. P reventive control tries to prevent congestion before 

it happens. T he objective o f  preventive control is to ensure a  priori that netw ork  traffic 

w ill not reach the level which causes unacceptable congestion. R eactive control reacts 

to  the congestion afte r it happens and tries to bring the degree  o f  netw ork congestion 

to an acceptab le level. H ow ever, reactive control is not suitable for a use in ATM  

netw orks [5]. In o rder to traffic engineer integrated voice/v ideo  netw orks, it is first 

necessary to  understand the characteristics o f  the packet traffic  generated  by voice and 

video  sources. In particu lar, it is o f  in terest to know  a way to charac terize  the 

superposition o f  packet arrival stream s generated by a num ber o f  voice an d /o r video 

sources.
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T h e m ost im portan t elem ent o f  a packet-sw itched speech netw ork is the 

packet-speech  m ultip lexer in w hich , packets arriv ing  once the queue has reached a 

certa in  lim it a re  d iscarded , o r i f  em bedded encoding has been used, shortened. All 

p rev io u s m ethods fo r the analysis o f  a  packet-speech m ultip lexer have draw backs. T he 

sim ple  one-dim ensional m odels proposed byM inoli [6 ],[7 ],C o v ie llo  [8 ],[9 ]an d  Seguel 

e t al. [10] a re  too inaccurate to be o f  use, and conclusions based upon them  can be 

very  m isleading. T hese m odels fail because they assum e packet arrivals are uncor­

re la ted , w hereas in fact they are  highly correlated . O ther m odels take these correlated 

arriv a ls  into accoun t and p roduce m ore accurate results [11],[12]. H ow ever, these 

m odels can only accurately  p red ic t the mean and variance o f  queueing delays, which 

a re  o f  no help in estim ating packet loss. T he m ost accurate  m odels look beyond the 

packet-arrival process to the speech-generation, and therefore the packet-generation , 

p rocess [13]-[17]. H ow ever, only  one o f  these [13], [14] has been used to analyze a 

lim ited  queue. U nfortunately , this model requires very  large array  sizes and large 

am ounts o f  com putation , and in p ractice, the technique is lim ited to low -capacity  links 

w ith  sm all queue lim its. R ecent studies have shown that the superposition o f  packet 

sequences generated  by packetized voice sources w ith speech detection exhibit high 

burstiness (relative to a Poisson process) due to inherent correlations between 

successive in terarrival tim es in the superposition stream . U sing the indexes o f 

d ispersion  fo r counts and in tervals, S riram  and W hitt [18] and H effes and Lucantoni
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[19] have investigated the burstiness due to correlations. T hese correlations tend to 

cause significantly  larger queueing delays and packet losses than w ould be  predicted 

by a  Poisson m odel.

W hen voice constitutes a significant portion o f  the netw ork traffic, com pression 

m akes it possib le to have significant additional capacity in the netw ork. T he m ethods 

o f  voice com pression include adaptive differential pulse code m odulation (A D PC M ) 

algorithm s and digital speech in terpolation  (D SI). M any new lo w b it-ra te  voice coding 

techniques are being  developed and subm itted fo r s tan d a rd iza tio n  e .g .,  16 kb /s  low 

delay-code excited linear pred ic tor) w hich can be potentially  considered  for use in 

B -ISD N  in the future. V oice traffic becom es statistical and is bursty when it is 

m ultiplexed using DSI and o ther m ethods for com pression. T herefo re , appropriate  

voice congestion control m ethods are needed. In conventional data packet sw itching 

netw orks, flow control is reserved for the netw ork layer functions. In A T M , flow  control 

is reserved for all control functions at the netw ork, the call and the cell levels. Som e 

o f  flow  control m ethods em ploy block dropping techniques to decrease the voice packet 

size and thereby increase the queue service rates during  congestion periods [20],[21], 

A variation o f  these techniques, called cell discarding (C D ), may be used in ATM  

netw orks. In the CD  schem e, voice cells a re  categorized as h igh-priority  (m ore 

significant) and low -priority  (less significant) inform ation, so that the low -priority  cells 

m ay be discarded during congestion [22],[23].
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In addition to voice and data, video is becom ing an increasingly  im portant 

com m unication  m edium . In video com m unication, a variable ra te  video transm ission 

is em ployed w hich keeps the p icture quality  constant by transm itting  variable bit rates 

accord ing  to the am ount o f  inform ation generated in a  picture. C oding algorithm s and 

im plem entation technologies will evolve further in the fu ture, so m ore efficien t codecs 

w ill be applicab le. V ariable-bit-rate com pression algorithm s transm it at a h igher rate 

during  h igh-activ ity  (m otion) scenes and at a low rate when there is less m otion. It is 

possib le  to m ultiplex statistically  several independent video sources at a speed low er 

than the aggregate peak coding rate. T he law  o f  large num bers indicates that as the 

num ber o f  independent sources increases, the aggregate ra te approaches the average, 

w ithout ad justm ent o f  individual source rates by varying the p icture quality .

T w o d ifferen t bit rate allocation policies seem applicable to ATM  netw orks which 

a re  the average and the peak ra te  allocation. T he basis o f  the peak rate allocation is 

that the sum s o f  m axim um  rates o f  all sources should not exceed the link capacity . 

T hen  congestion due to traffic overload is very unlikely. Peak ra te bandw idth allocation 

(determ inistic) is not efficient. T he usage o f  the peak rate criterion for call acceptance 

low ers the u tilization factor o f  the link to the one o f  a sim ple tim e sharing schem e met 

in a c ircu it sw itching netw ork. T his elim inates the statistical advantage o f  the 

A synchronous T ransfer M ode. T he basis o f  the average rate allocation (statistical 

a llocation) is that the sum s o f  average rates o f  all sources should not exceed the link 

capacity . O bviously a call, w hich w ould violate this criterion , should not be accepted.



6

I f  how ever som e sources are bursty , long delays m ay occu r o r cell loss ra te w ill increase. 

A com bination o f  peak and average ra te  allocation  m ight be used. H ow ever the exact 

m ix is very  d ifficult to define. It suggested that bandw idth  for constan t b it ra te (CBR) 

services should be  allocated accord ing  to their peak  ra te , w hereas variab le  b it rate 

(VBR) services m ight be given less than peak bandw idth . In [24] an effective bandw idth 

assignm ent is presented, w hich assigns a  value o f  bandw idth  betw een the peak and the 

average bit ra te o f  the source. E ffective bandw idth allocation  could be used for efficient 

bandw idth m anagem ent, thus leading to a m ore effective utilization o f  the link. The 

effective bandw idth depends m ainly on the burstiness o f  the source, the burst length 

and the size o f  buffer at m ultip lexer. In [25] a bandw idth  allocation  schem e called the 

(T 1 ,T 2) is presented. It does not consider the issue o f  the optim al bandw idth allocation 

to each type o f traffic, hence the  results could not be used for ATM  netw orks. A 

sim ulation study o f  a  bandw idth allocation schem e called C lass Related Rule (CRR) 

is presented in [26]. The study does not consider the characteristics o f  real tim e voice 

and video traffic, thus the resu lts reported  there could  not be applied  to the real ATM  

traffic case.

1.2 Contributions

In our study, w e are interested in the access flow  control and the bandw idth control 

w indow  w hich are applied at the cell level during  the p rogress o f  the call. T he flow 

control action, a t the cell level, is im plem ented at the input access o f  the m ultiplexer.
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U sing a  suitable congestion m easure, nam ely the m ultip lexer buffer length, the schem e 

dynam ically  contro ls the arrival rate by sw itching the coder to a d iffe ren t com pression 

ra tio  (i. e x c h a n g in g  the coding rate). VBR coding m ethods can be adaptively  adjusted 

to  transm it a t a  low er ra te w ith very  little degradation in the service quality . T he access 

schem e contro ls the input bursty  traffic at heavy congestion states and it is able to 

traffic  shape the input arrival process such that we can sm ooth dow n its characteristics 

and fo rce it to be  well behaved. At the cell level, the statistical behav io r o f  the bursty 

tra ffic , even a fte r the m ixing o f  m any sources, is far from  Poisson, m aking the analysis 

very  d ifficu lt [27]. H ence, our analysis is carried out by sim ulation. A lso sim ulation 

is used to  observe the history o f  som e processes over a period o f  tim e in addition to 

estim ating  certain  param eters. W e define an access control w indow  w hich is the 

m inim um  period  o f tim e at w hich the con tro ller stays in a given state befo re  it is being 

triggered  to ano ther action. A lso we define a bandw idth control w indow  to control 

the scheduling o f  d ifferen t types o f  traffic such as voice and video traffic. V oice and 

video  traffic a re  being m ultiplexed into the outgoing link. Each type o f  traffic is 

supported on a  separate b u ffer and then m ultiplexed on a  separate virtual path. Using 

p ro p e r values o f  the bandw idth control w indow , a path bandw idth to each traffic can 

be allocated such that it guaran tee the traffic required  QOS in term s o f  its cell loss 

rate.

O ur study analyzes the perform ance o f  an access node in ATM  netw ork with and 

w ithout flow  contro l using sim ulation m ethods, and includes the follow ing:
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1. M ultip lex ing  o f  hom ogeneous types o f  traffic as vo ice o r video sources.

2 . M ultip lex ing  o f  heterogeneous types o f  traffic as voice and video sources.

3. B andw idth m anagem ent fo r d iffe ren t classes o f  traffic using determ inistic, statistical 

and bandw idth  control w indow  allocation to voice and video traffic.

T h e  contribu tion  o f  this study is to provide a perfo rm ance evaluation o f  the access 

flow  contro l algorithm  afte r including the access control w indow . A lso it provides a 

p erfo rm an ce  analysis o f  the bandw idth assignm ent to voice and video traffic. T he 

resu lts  o f  the  sim ulation study include the optim um  values o f  the m ultip lexer buffer 

th resholds that satisfy an objective cell blocking p robability  o f  1 0 " 4 for voice traffic 

and 1 O -7 fo r v ideo traffic  and the effects o f  the access contro l w indow  on the contro ller 

triggering  ra te  and m ean b its p e r sam ple. C om parisons betw een statistical, deter­

m inistic and bandw idth  contro l w indow  allocations to voice and video traffic are 

p resen ted . A lso the optim um  values o f  the bandw idth  control w indow  are presented.

1.3 ATM Transport Net works

A TM  is a cell based transfer m ode using asynchronous tim e division m ultiplexing 

technique. An A TM  cell stream  consists o f  a continuous sequence o f  cells, som e o f 

w hich are  designated  em pty and others o f  w hich have been dynam ically  allocated to 

variab le  o r fixed ra te  sources. T h e  princip le characteristics o f  asynchronous transfer 

m ode (A T M ) netw orks are  that they can absorb  b it ra te variations so that links are
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suited to cell traffic  generated by variable rate sources and that they can o ffer high 

efficiencies because num erous variable bit rate sources can share netw ork resources. 

In an A TM  netw ork, the user inform ation is carried in cells w hich are  fixed-size blocks 

and consist o f  a header and an inform ation field. T he header contains a label which 

uniquely identifies a  channel and is used for m ultiplexing and routing . T he inform ation 

field  is transported  transparently  by the ATM  layer. S ince the in terface structure 

contains a set o f  labeled channels (logically bound ra ther than physically  positioned), 

an A TM  can dynam ically  adapt to the changes in the service dem and and allocate the 

resources such as channel bandw idth accordingly [28].

An A TM  netw ork m odel based on the concept called "V irtual Path" (V P) has been 

p roposed , and described in [29],[30]. In this model tw o nodes are connected by a logical 

link  called virtual path. A virtual path consists o f  a  num ber o f  virtual circuits and has 

its ow n bandw idth w hich gives the upper lim it o f  that o f  the virtual circuits enclosed. 

V irtual paths are m ultiplexed in a physical link on a cell m ultiplexing basis. They are 

established o r released dynam ically  based on: 1) long term  service provision; 2) dem and 

fo r alternate  routing in case  o f  netw ork failure; and 3) short term  dem and. T he capacity 

o f  the v irtual paths can be dynam ically  allocated in the sam e fashion.

T he cell header contains tw o subfields which are the virtual path identifier (VPI) 

and the virtual channel identifier (V C I). T he separation o f  a VPI from  a VC1 elim inates 

call-by-call basic processing at each transit node during call establishm ent. D uring the
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call set-up process, the access node identifies the appropriate  path, o r  creates one if  

necessary , and m akes the decision w hether to accept o r reject the call based on the 

cu rren t path bandw idth  utilization conditions. T he cell header functions are show n in 

F ig u re  1.1. T he H eader size is 5 bytes long, both at the U ser N etw ork In terface (U N I) 

and N etw ork  N ode Interface (N N I). T he follow ing fields are identified across the 

U N I, [3 1 ],[3 2 ],[3 3 ],[3 4 ]:

1) G eneric  F low  C ontro l: T his is a 4 bits field w hich is defined at the U N I to assist the 

users in the flow  control o f  their traffic according to a certain class o f  service. It specifies 

the m edium  access control functions, and across the UNI this field is replaced with a 

label field.

2) V irtual C hannel Identifier: T his field is 12 to 16 bits at the U N I, and 16 bits at the 

N N I. T h is field identifies a particu lar end to end sw itched connection. It relates to 

the sw itching functions o f  cells belonging to a certain logical connection. T he value 

o f  the V C I m ay change as the cell traverses the netw ork.

3) V irtual Path Identifier: T his field is 8 to 12 bits at the UNI and 12 bits at the N N I. 

It consists o f  a bundle o f  virtual channels that are carried on the sam e physical m edia, 

from  one end to the o ther. It relates to the cross-connection functions o f  the cells. It 

em ulates the functions o f  the trunk concept in circu it sw itching.

4) Payload Type: It is a 2 bits field. It is used to distinguish netw ork inform ation from  

user inform ation . In netw ork inform ation cells, it provides in-band control m essage. 

In user inform ation cells, it provides service adaptation functions. F or exam ple, it can 

identify  low  p rio rity  cells o r cells that have violated a certain traffic characteristics.
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5) H eader E rro r Check: O ne byte field used fo r e rro r detection and correction on the 

header. It is im portant to perfo rm  this function on the header in o rder to avoid 

m isdelivery o f  cells.

T he functions o f  the header can be sum m arized in the follow ing:

1) T o  identify  the characteristics o f  each virtual channel, w hich in turn provides the 

basis fo r categorizing virtual channels (w ith sim ilar traffic characteristics and class o f 

service) to be cross-connected as a single entity  (v irtual path).

2) T o p rov ide the netw ork m anagem ent functions, such as bandw idth assignm ent and 

distributed control, with a  sim ple tool to em ploy bandw idth control and enforcem ent, 

w hich is accom plished via the v irtual path concept. T he VPI concept p lay san  im portant 

ro le  in bandw idth allocation.

3) T o  im plem ent real tim e physical connection control w ithout the excessive overhead, 

w hich is a crucial design point in the A TM  transport princip le.

1.4 Real-Time Traffic Source Models

R ecently , there has been in terest in supporting  real-tim e com m unication applications 

such as in teractive voice and video applications in an A TM  netw orks. Such real-tim e 

traffic  d iffers from  traditional data  traffic in several ways. M ost im portan tly , real-tim e 

traffic  is delay sensitive and less sensitive in loss w hile data traffic is loss sensitive and 

less sensitive in delay. H ence, it is natural to engineer com m unication netw orks that
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support rea l-tim e traffic , so that delays a re  bounded at the expense o f  som e loss. 

H ow ever, the m agnitude o f  this loss determ ines the quality  o f  service and, hence, it is 

critica l to p red ic t this loss accurately  in o rder to provide an acceptab le g rade o f  service. 

In A T M  netw ork , m ost traffic sources are bursty such as voice and video sources. A 

bursty  source m ay generate  cells at a near-peak rate for a very short period o f  tim e, 

and im m ediately  afterw ards, it m ay becom e inactive, generating  no cells. Burstiness 

is a  p aram eter to describe how densely o r sparsely cell arrival occur. Som e o f  the 

defin itions o f  burstiness include: (1), it is the ratio  o f  peak bit rate to average bit rate 

[35], [36],

(2), it is the average burst length (i. e . ,T h e  mean duration o f  tim e during  w hich the 

traffic  source transm its at the peak rate) [26]. As the burst length gets longer, the 

w orse the netw ork perform ance becom es, nam ely the cell loss probability  becom es 

larger. W ith longer bursts, statistical m ultiplexing becom es less effective, and thus, 

few er ac tive sources can be supported for a given am ount o f  bandw idth. T he burst 

length  is im portan t when it is com parable to the size o f  the m ultip lexer buffer. H ow ever, 

in m ost real-tim e application , the buffer length will be in the order o f  several 

m icroseconds and the burst length will be g reater than the size o f  the buffer. If the 

inpu t source peak ra te is decreased , then it w ill be possible to deliver the required  class 

o f  service w ithout depleting the netw ork resources. At the sam e tim e, the statistical 

m ultip lexing will be m ore effective and the traffic characteristics get sm oother.
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T h e  traffic  generated  by a sing le user for a single service can be e ither C onstant Bit 

R ate (C B R) o r V ariab le  B it R ate  (V BR). A CBR results in an ATM  cell stream  which 

is associated  w ith a particu lar V irtual C hannel Identifier (VC1) and has a predictable 

and uniform  cell rate , w hile the cell stream  resulting from  a VBR service generally  has 

a  nonun ifo rm  cell rate. A m ore accurate characterization o f  VBR traffic can be given 

as fo llow s: the in terarrival tim e betw een successive cell bursts is denoted by the random  

variab le  I, the cell burst length is denoted by the random  variable B, and the time

in terval betw een successive cells during a burst is denoted by D . In general, the

probab ility  d istribu tions o f  I and B depend strongly on the particu lar application being 

m odeled. A single connection has a variable bit rate bounded by the m axim um  bit 

ra te  o f  its physical attachm ent. In order to characterize the effective bit rate, w e need 

to select an appropria te  m odel to specify its characteristics in term s o f  known 

param eters  o r  m etrics. T he tw o-state  m odel captures the basic behavior o f  the source 

associated w ith a  connection . T h e  ra tionale for such a model is that a source is either 

in an  "id le sta te" , transm itting  a t zero b it rate , o r in a "burst state" and transm itting  at 

its peak  b it rate. Such a source m odel has the advantage o f  being both sim ple and

flex ib le  as it can be used to e ith e r represent connections ranging from  bursty to

continuous b its tre a m s  o r approx im ate  m ore com plex sources. Based on this tw o-state 

m odel, the id le and burst periods are defined as the tim es during w hich the source is 

id le  o r  ac tive , respectively . T he peak rate o f  a connection R k and d istribution o f 

id le  and bu rst periods com pletely  identify the traffic statistics o f  a connection. 

A ssum ing the param eters o f  a  connection are  stationary , its peak rate R k and
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utilization p,  i .e . ,  fraction o f  tim e the source is active, com pletely  identify  o ther 

quantities o f  in terest such as m ean and variance o f  the b it rate. F o r exponentially  

d istributed bu rst and idle periods, the source is furtherm ore com pletely  characterized  

by only three param eters, nam ely Rptfllk, P , and b, w here b is the m ean o f  the burst 

period . T he m ean burst period b gives som e indications on how data is being generated  

by  the source. T w o sources, w ith identical mean and peak bit rates bu t d iffe ren t burst 

periods, have d ifferen t im pacts on the netw ork [37], It is o u r b e lie f that the connection 

m etric vector (R k,p ,b ) represents the most significant aspects o f  a  source behavior. 

This m odel can be extended to  handle sources with nonexponential burst and idle 

periods, through the use o f  sim ple approxim ation techniques.

1.4.1 Input Traffic Models for Voice Sources

T he arrival process o f  new voice calls and the distribution o f  their durations can be 

characterized by a Poisson process and an exponential d istribu tion , respectively . 

W ithin a  call, talkspurts and silent periods alternate . D uring talkspurts, voice cells 

a re  generated periodically ; during silent periods, no cells are generated . T he correlated  

generation o f  voice cells w ithin a  call can be m odeled by an In terrupted  Poisson Process 

(IPP) [1 7 ],[3 8 ],[3 9 ],[4 0 ],[4 1 ].In an IPP  m odel, each voice source is characterized by 

O N  (corresponding to talkspurt) and O F F  (corresponding to silence duration) periods, 

w hich appear in turn . As seen in F igure 1.2, the transition from  On to O F F  occurs 

w ith the probability  [3, and the transition from  O F F  to ON occurs w ith the probability
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a .  O N  and O F F  periods are  exponentially  d istributed  with the mean 1/ f ia n d  1/ a ,  

respectively . C ells a re  generated  during the ON period according to a  Bernoulli 

d istribution w ith the rate A., and no cell is generated during the O F F  period.

T he input process o f  superposition o f  N voice sources to the statistical m ultip lexer 

is a  fairly  com plex process and can possess correlations, in the num ber o f  arrivals in 

adjacent tim e in tervals, w hich can significantly affect queueing perform ance. These 

correlations result from  the fact that the aggregate voice arrival rate is a m odulated 

process obtained by m odulating the individual voice source rate by the num ber o f  voice 

sources in their talk spurt, w hich is itse lf a correlated  process. Even if  a com ponent 

voice process is approxim ated as a  renewal process, w ith determ inistically  spaced cells 

during  a  talk  spurt follow ed by an exponentially  d istributed silence period, the 

superposition process is a com plex nonrenew al process. It turns out that the aggregate 

cell arrival process resulting  from  the superposition o f  the stream s from  the voice 

sources is quite com plicated , possessing a burstiness (high variability) that leads to a 

large cell delays in the m ultip lexer under heavy load. Exact analysis o f  system s to which 

this superposition process iso ffe red  is in tractable, especially w hen such system s contain 

fin ite buffers and overload control m echanism s. W hen N independent voice sources 

a re  m ultip lexed, aggregated cell arrivals are governed by the num ber o f voice sources 

in the O N  state. A ssum ing a d iscre te  tim e system , the probability  Pn that n out o f  N 

voice sources a re  in the ON state (n voice cell arrivals in a slot) is given by



T he continuous tim e analogy represen ts the num ber o f  voice sources in the O N  state 

as a  b irth-death  process w ith b irth  ra te A(n) and death ra te |i(n ), as seen in F igure 1.3, 

w here

\ ( n )  =  ( / V  -  n ) a ,  p ( / r )  =  nf i  f  o r O  < n <  N

F o r this continuous tim e case, the probability  P„ that n out o f  N voice sources are  in 

the O N  state is also given by the above equation [40].

A nother com m on approach to m odel aggregate arrivals from  N voice sources is to 

use a tw o-state M arkov M odulated Poisson Process (M M P P) [13],[42], T he M M PP 

is a doubly stochastic Poisson process w here the rate process is determ ined by the state 

o f  a continuous-tim e M arkov chain [13]. In the tw o-state M M P P  m odel, an aggregate 

arrival process is characterized by tw o alternating  states. It is usually assum ed that the 

duration o f  each state follow s a  geom etrical (discrete tim e case) o r an exponential 

(continuous tim e case) d istribu tion , and cell arrivals in each state follow  a Bernoulli 

(o r a Poisson) d istribution w ith d ifferen t rates. T herefo re , four param eters are
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necessary  to  describe an M M PP: the mean duration o f  each state and the arrival rate 

in  each state. N ote that an IP P , a process used to describe a single voice source, is a 

special case o f  the M M P P  in w hich no cell arrives during an O F F  period.

T o  determ ine the values o f  these four param eters, the follow ing M M P P  statistical 

characteristics a re  m atched w ith the m easured data [13]:

(1) the m ean arrival rate,

(2) the variance-to-m ean ratio o f  the num ber o f  arrivals in a  tim e interval (0 ,t,) ,

(3) the long term  variance-to-m ean  ratio  o f  the num ber o f  arrivals , and

(4) the third m om ent o f  the num ber o f  arrivals in (0 ,t2)

1.4.2 Input Traffic Models for Video Sources

V ideo traffic requires large bandw idth. F or instance, in TV  applications, a fram e 

o f  512 x 512 resolution is transm itted  every  1/30 second, generating  5 1 2 x 5 1 2 x 8 x 3 0  

bits p e r second (approxim ately 63 M bits/s), if  a sim ple PC M  coding schem e is used. 

T herefo re , video sources a re  usually  com pressed by using an in terfram e variable-rate 

coding schem e, which encodes only  significant d ifferences betw een successive fram es. 

T his in troduces strong correlation  am ong cell arrivals from  successive fram es.

L ike a  voice source, a video source generates correlated  cell arrivals. H ow ever, its 

statistical nature is quite d ifferen t from  a voice source. T w o types o f  correlations are



18

evident in the cell generation process o f  a video source: short-term  correlation  and 

long-term  correlation . Short-term  correlation  corresponds to uniform  activity  levels 

( i. e , sm all fluctuations in bit ra tes), and its effects last fo r a very short period o f  tim e 

(on the o rd e r o f  a few  hundred m illiseconds). L ong-term  correlation corresponds to 

sudden scene changes, w hich cause a large rate o f  a rrivals, and its effects last relatively 

long (on the order o f  a few seconds) [43]. In subsection 1 .4 .2 . lp io d e ls  w hich consider 

only short-term  correlation  ( i .e .,M o d e ls  for video sources w ithout scene changes) are 

exam ined. In subsection 1 .4 .2 .2 p io d e ls  w hich consider both short-term  and long-term  

correlation  ( i . e . ,  M odels fo r video sources with scene changes) are exam ined.

1.4.2.1 Models for Video Sources Without Scene Changes

T hese m odels are applicable to video scenes with relatively uniform  activity  levels 

such as v ideotelephone scenes show ing a person talking. T w o m odels have been 

proposed . T he first m odel approxim ates a video source by an au toregressive (AR) 

process [44],[45]. T his m odel describes the cell generation process o f  a video source 

quite accurately . H ow ever, because o f  its com plexity , queueing analysis based on this 

m odel is very  com plicated  and may not be tractable. T his model is m ore suitable for 

use in sim ulations. T he second m odel approxim ates a video source by a d iscrete-state 

M arkov m odel [48]. T his m odel is m ore tractab le in queueing analysis than the first 

m odel, and yet describes the cell generation process o f  a video source well.
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Model (1): Continuous-State Autoregressive Markov Model

T he defin ition  o f  an AR process is as follows:

M
A. ( n ) = Y.  a  m O l ~  n i ) + b u i ( n )

m - 1

w here A(n) represents the source bit rate during the nth fram e; M is the model order; 

w (n) is a  G aussian random  process; and am (m = l ,2 , . . . ,M ^ n d  b are coefficients. It is 

shown that the first-o rder au toregressive M arkov m odel,

A. ( n ) = a  , A. ( n  -  1 ) + b  w  ( n  )

is sufficient fo r engineering purposes. Assum ing that w(n) has the m ean n  and the 

variance l ,a n d  that a, is less than 1, the values o f  coefficients a  ,and  b are determ ined 

by m atching the steady-state average E (X )an d  discrete autocovariance C(n) o f  the AR 

process w ith the m easured data. E(A) and C(n) o f  the AR process in the previous 

equation are  given by [46],
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T his m odel p rovides a  ra ther accurate  approxim ation o f  the b it ra te o f  a single video 

source w ithout scene changes. H ow ever, analysis o f  a queueing m odel with the above 

arrival process can be very com plex and m ay not be tractable. T herefo re , this model 

is suitable fo r use in sim ulations.

Model (2): Discrete-State, Continuous-Tiine Markov Process

T he process A ( / )  describ ing the bit rate o f  a video source at tim e t is a 

continuous-tim e, continuous-state process. In this m odel, process A. ( /  ) is  sam pled at 

random  Poisson tim e instances and the states are quantized at these points as seen in 

F igu re  1.4. T h e  process A(t) is approxim ated by a continuous-tim e process A(t) with 

d iscre te  ju m p s at random  Poisson tim es. T his approxim ation can be im proved by 

decreasing the quantization step A and increasing the sam pling rate.

T he state transition diagram  for A(t) is shown in F igure 1.5. T his process A(t) can 

be used to describe a single source as well as an aggregation o f  several sources. The 

aggregated arrival process from  N video sources can transit betw een M +  l levels. T he 

label in each state indicates the data ra te in that state. (A is a constant). T o  determ ine 

values o f  the quantization step A and the transition rates «  and |T, the steady-state mean 

E ( ^ n)> variance C w ( 0 ) ,  and au tocovariance function C w ( 'i:) o f  the process A ( 0  

(describing an aggregate o f  N independent sources) are m atched with the m easured 

data. ('Cis a tim e param eter.) E (A N), C N(0) and C N are given by
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E ( X n )= M A ^ , C n ( 0 ) = M A 2^ (  1 - ^ ) . C W(T) = C A/( 0 ) e x p - ( a  + P)T

T he num ber o f  quantization levels M is chosen arb itra rily , bu t it should be large enough 

to cover all likely bit rates.

T he process in F igure 1.5 can be decom posed into a superposition  o f  sim pler 

processes. It can be thought o f  as a superposition o f  M independent identical O N -O F F  

m inisources, each being m odeled as in F igure 1.6. Each m inisource alternates betw een 

O N  and O F F  states. T ransition  from  ON to O F F  state occurs w ith the rate [5, and 

transition from  O F F  to O N  state occurs w ith ra te a .  (T hus, both O N  and O F F  periods 

are  exponentially  d istributed). T he data ra te  o f  a m in isource in O N  state is A. A 

m inisource does not generate bits during O F F  state (data rate is 0). (N ote that, in 

F igu re  1.5, a label associated with the state represents the data rate o f  a m inisource 

in that state). T he state o f  the aggregated arrival process can thus be represented by 

the num ber o f  m inisources w hich are in ON state.

1.4.2.2 Models for Video Sources With Scene Changes

T hese m odels capture both short-term  and long-term  correlations. T hus, they are 

suitable to describe a  cell generation process from  video scenes w ith sudden changes 

such as videotelephone scenes show ing changes betw een listener and talker m odes or 

scene changes in broadcast TV  [43]. T w o m odels have been proposed . T he first model
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is an extension o f  M odel (2) explained above, and the second m odel approxim ates a 

video source by the d iscre te-state  continuous-tim e M arkov process , M odel (2), with 

batch arrivals.

Mlodel (3) An Extension of Model (2)

T he state transition diagram  o f  the cell generation process from  an aggregation  o f 

N video sources is shown in F igure 1.7. This process can also be used to describe a 

single video source with scene changes. T he label in each state indicates the data rate 

in that state. T here  are  tw o basic data rate levels: a high data rate Ah, w hich represents 

a  sudden scene change, and a low data rate A,, which represents a uniform  activ ity  

level. I f  scene changes do not exist, the process in F igu re  1.7 reduces to the one used 

in M odel (2). T he aggregated  process o f  N video sources can transit betw een 

(M[ +  1)(M 2+ 1 )  levels, w here M ( =  N M , M 2 =  N. H ere, M is chosen arb itrarily .

T o  determ ine the values o f  system  param eters c and d (the transition probabilities 

betw een uniform  activity  level and high activity  level), the fraction o f  the tim e spent 

in the high activity  level ( “ ^ ) and the average tim e spent in the high activ ity  level 

(1 /d) a re  equated with the actual m easured data. T o determ ine the rest o f  the 

param eters in the m odel, i .e . , th e  transition probabilities within the uniform  activity 

level (a and b), and the tw o basic data rates (A, and Ah), the first and second order 

statistics a re  m atched w ith the actual m easured data.
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As in M odel (2), the process described in F igure 1.7 can be decom posed into a 

superposition o f  sim pler processes. T his process can be thought o f  as a superposition 

o f  M , independent identical O N -O F F  m inisources o f  the type shown in F igu re  1.8(a) 

and M 2 o f th e  type shown in F igu re  1.8(b). T he state o f  the aggregated arrival process 

can thus be described as the num ber o f  each type o f  m inisource w hich is in the ON 

state.

Model (4) Discrete-State Continuous-Time Markov Process with Batch Arrivals 

[47],[48]

T he uniform  activity  level is represented  by a d iscrete-state continuous-tim e M arkov 

process as in M odel (2). T his M -state M arkov process can be  decom posed into M 

independent identical O N -O F F  m inisources. Scene changes (high activity  levels) are 

represented by a batch arrival process. T he interarrival tim es betw een scene changes 

(betw een batches) are assum ed to be exponentially  d istributed. T he batch size is 

assum ed to be constant.

1.5 Statistical Multiplexing of Bursty Sources in ATM Networks

T he effects o f  statistical m ultiplexing o f  bursty sources in an ATM  netw ork are 

investigated in [ 4 9 ,5 0 ,5 1 ,5 2 ] ,  T hey investigate how the perform ance (the cell loss 

probability  and the average delay tim e) varies as a function o f  various param eters such
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as the num ber o f  sources, the peak  b it ra te and burstiness o f  the sources. Som e o f  the 

com m on observations in these papers are:

1) T he average burst length is a very im portan t param eter. As the average burst length 

increases, the perform ance degrades, i .e .,  the cell loss probability  and delay tim e 

increase significantly [4 9 ,5 0 , 51, 52].

2) As the peak ra te o f  each source is increased, the loss probability  increases [5 0 ,5 1 ]. 

T his should be intuitively clear.

3) In the case w here hom ogeneous sources a re  m ultip lexed, if  the offered  load ( i .e .,  

the num ber o f  sources x mean bit ra te o f  each source) is kept constan t, the cell loss 

probability  decreases as the num ber o f  sources m ultiplexed increases. T he reason is 

that w hen the num ber o f  sources m ultiplexed increases (keeping the offered load 

constant), the mean bit rate o f  each source decreases. T he mean bit rate is a product 

o f  peak bit rate and the fraction o f  tim e in w hich a source is in the active-state  ( i.e ., 

the state in w hich a source is transm itting  at the peak rate). T herefo re , the reduction 

in the m ean bit rate m eans the reduction in e ither the peak bit rate o r the burst length 

(or both). In either case, the cell loss probability  decreases [4 9 ,5 1 ].

4) In the case w here heterogeneous sources a re  m ultip lexed, h igh-b it-ra te  sources 

dom inate the perform ance; increase in h igh-b it-ra te  traffic causes m ore significant 

increases in the cell loss probability  than an increase in low -b it-ra te  traffic does [52]. 

S im ilar observation is m ade in the case when hom ogeneous sources are  m ultiplexed; 

when high-b it-ra te sources a re  m ultip lexed, the fluctuation in the cell loss is larger than 

it is w hen low -bit-rate sources a re  m ultiplexed [38]. T h is  is due to the fact that, because
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o f  the h igh-b it ra te , the num ber o f traffic sources w hich can be m ultiplexed on one link 

is ra ther lim ited  and not large enough to sm ooth out the bursty nature o f  each call.

5) T h e  cell loss p robability  decreases as the offered load decreases [49 ,52 ], T herefore, 

a  very  effic ien t w ay to low er the cell loss probability  is to decrease the offered load by 

p rov id ing  la rger bandw idth . H ow ever, this is only possib le under the assum ption that 

bandw idth  is neglig ibly  cheap.

1.6 Congestion Control and Policing Function in ATM Networks

R ecent advances in fiber optics and high-speed netw ork technology have opened 

the possib ility  o f  provid ing  integrated  sw itching and transport for a variety  o f  services 

in single in tegrated  broadband netw ork. Integration o f  such services poses serious 

challenges because o f  their w idely d ifferen t traffic characteristics and perform ance or 

quality  o f  serv ice (Q O S) requirem ents. New  congestion control strategies are now 

necessary  to m ake such integration possible. In existing low -speed netw orks, data 

sources have trad itionally  been statistically m ultiplexed by taking advantage o f  their 

low  activ ity  factor (ratio  o f  ac tive to idle period) and short burst lengths. Any overload 

resu lting  from  statistical m ultiplexing could be successfully sm oothed out with a 

m oderate am ount o f  buffering  at each node. D uring severe overload , link-by-link  flow 

control m echanism s could easily thro ttle the sources. H ow ever, integration o f 

h igh-speed data sources w ith long burst lengths relative to the tim e constants o f  the 

netw ork  pose a serious problem . Since such sources are  likely to have a low activity
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factor, a large num ber o f  sources m ust be m ultiplexed together for efficient use o f  the 

netw ork  resources. I f  several such sources becom e active sim ultaneously, their 

com bined arrival ra te  can exceed the capacity  o f  the link, leading to blocking and 

consequent loss o f  cells, unless there are  adequate control m echanism s to regulate 

these sources effectively  [53].

1.6.1 Reactive Congestion Control Schemes

W hen congestion occurs at the netw ork , reactive control instructs the source nodes 

to thro ttle  their traffic  flow  by giv ing  feedback to them . A m ajor problem  with reactive 

control in high-speed netw orks is slow feedback. T herefo re , by the tim e that feedback 

reaches the source nodes and the control is triggered , it may be too late to react 

effectively .

T here is a possib le im provem ent technique to overcom e the difficulty  caused by 

slow  feedback. I f  reactive control is perform ed betw een netw ork users and the edge 

o f  the netw ork as in [54], the effect o f  propagation delay may not be significant since 

the distance feedback inform ation propagates is short. H ow ever, this lim its the reactive 

control to the edge o f  the netw ork. In general, the reactive control in an ATM  

environm ent is not effective.

1.6.2 Preventive Congestion Control Schemes



2 7

Preventive control tries to prevent the netw ork from  reaching an unacceptable level 

o f  congestion. T he m ost com m on and effective approach is to control traffic  flow  at 

en try  poin ts to the netw ork ( i .e . ,a t  the access nodes). T his approach is especially 

effective in A TM  netw orks because o f  its connection-oriented transport. W ith 

connection-oriented  transport, a decision to adm it new traffic can be m ade based on 

know ledge o f  the state o f  the rou te which the traffic w ould follow  [55].

P reven tive control fo r ATM  can be perform ed in two ways: adm ission control and 

bandw idth enforcem ent (policing). T he adm ission control determ ines w hether to 

accept o r  reject a new connection at the tim e o f  call set-up. This decision is based on 

traffic characteristics o f  the new  connection and the curren t netw ork load. The 

bandw idth enforcem ent m onitors individual connections to insure that the actual traffic 

flow  conform s with that reported  at call establishm ent. Bandwidth enforcem ent 

schem es m ay be used with traffic  shaping (sm oothing). T he purpose o f  traffic shaping 

is to th ro ttle  cell inputs into a  netw ork  in order to avoid burst cell transm issions. Burst 

cell transm issions are avoided, fo r exam ple, by separating successive A TM  cells by an 

idle tim e. T he shaping function could either be perform ed by the access control at a 

user-netw ork  in terface o r a t a  data  source by buffering  and injecting cells into a  netw ork 

at a  slow er speed. Since traffic  shaping reduces netw ork congestion by suppressing 

inputs to the netw ork, it may be ab le  to support a g reater num ber o f  calls than a netw ork
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w ithout one. W ith traffic shaping, the service quality  is degraded in a graceful way. 

H ow ever, en tire  transm ission o f  traffic m ay be unnecessarily  slowed dow n since cells 

a re  injected into a netw ork at a  slow er speed even when the netw ork load is light.

H oltzm an has proposed a new  and very d ifferen t approach to preventive control 

[56] and applied his approach to adm ission contro l. In adm ission con tro l, the decision 

to accept a new connection is m ade based on the predicted netw ork perform ance. If 

there is som e uncertainty in the param eter values o f  the incom ing traffic, the netw ork 

m ay underestim ate the im pact o f  accepting a new call, and congestion m ay result. 

H o ltzm an’s approach tries to p reven t the netw ork congestion by taking uncertainties 

in traffic param eter values into account.

1.6.3 Policing Function

In cases w here statistical cell m ultip lexing characteristics are evaluated based on 

param eters declared by the user, netw orks m ust m ake sure cells from  the source are 

transm itted according to the declared param eters. W hat is m ore, if  the declared 

param eters a re  violated, the netw ork m ust restric t cell transm ission in order to assure 

cell transfer quality for the o ther sources. A traffic shaper/en fo rcer m onitors (or 

polices) each virtual connection to ensure that its traffic  flow  into the netw ork conform s 

to the traffic descrip to r (including param eters such as average and peak transm ission 

rates, and m axim um  burst lengths), w hich could be specified at call setup. If  the u se r’s
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traffic  does not conform  to the traffic descrip tor, som e action has to be taken against 

the violating traffic. G enerally , the accuracy  o f  evaluating cell m ultip lexing charac­

teristics increases as the num ber and types o f  param eters used in evaluation  increases. 

Such pro liferation  o f  param eters, how ever, not only com plicates the im plem entation 

o f  a  policing function, it also im poses d ifficulties on param eter declaration . T o be 

cost-effective, the policing function m ust be  sim ple because it w ill be applied to every 

virtual circuit. T o  m inim ize the num ber o f  param eters that m ust be declared , it should 

be clarified  w hat param eters a re  needed to effectively  estim ate the m ultip lexing delay. 

M oreover, as already m entioned, the param eters should be easy to declare. In 

sum m ary, the param eters should satisfy the fo llow ing m inim al set o f  requirem ents. 

They should:

1) be sufficient to estim ate the statistical characteristics, such as m om ents o f  cell arrival 

p rocess, that are necessary to evaluate  the m ultiplexing delay;

2) be easy to declare;

3) perm it easy m onitoring and restric tion as necessary.
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2. Simulation Analysis of A Communication Link 

with Statistically Multiplexed Bursty Voice Sources

2.1 Introduction

R ecent advances in fiber-optics, sw itching and coding com pression techniques 

have m ade it possib le  to accom m odate integrated m ultim edia traffic on a high speed 

com m unication  link. T h e  in tegrated  m ultim edia traffic ( such as v ideo , voice, im age 

and data  ) is transported  and sw itched using the sam e interfaces and sw itching fabrics 

[57-60]. T he expected m ultim edia traffic covers a very w ide spectrum  o fb it- ra te  and 

tim e-dom ain characteristics. It ranges from  low  bit-rate , random  ( Poissonian ), 

non-real tim e data-file  transfer up to very  high b it-rate , bursty  and correlated  real tim e 

video and voice in teractive sessions [61-65].

Statistical m ultip lexing exploits the variance o f  the source statistics to achieve an 

efficiency gain m easured by the num ber o f  sources w hose peak bit rate is g reater than 

the link capacity . S ince the link capacity  is highly u tilized, there is a potential fo r serious 

congestion problem  and cell loss especially at high loads. T he characteristics o f  the 

bursty  traffic com plicate the congestion problem  even m ore. Bursty traffic tends to 

generate  b it-rate  at o r near its m axim um  for a short durations (burst) follow ed by 

longer periods o f  low o r no transm ission. A bursty voice source can be characterized
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by th ree main param eters: peak bit-rate , average b it-ra te  and duration  o f  the burst. 

T h e  b it-ra te  process resulting from  the superposition o f  a num ber o f  voice sources 

exhib its very  high fluctuations over short tim e periods. T his scenario  leads to m ajor 

congestion  problem s unless an appropriate  flow  control schem e is m aintained. A lso, 

the  im plicit periodicity  in video o r voice traffic patterns causes strong dependency and 

correlations am ong the cells in terarrival tim es arriv ing  at the m ultip lexer and queued 

fo r transm ission over the link. T he cum ulative correlations am ong the queued cells 

cause the  queueing process over the m ultip lexer b u ffer to deviate substantially  from  

that o f  the sim ple Poisson-like one leading to the form ation o f  very  long queues even 

a t m oderate loads (60%  to 70% ).

T h e  inherent correlations in the aggregate  arrival process from  R input voice 

sources, m ake it a com plex nonrenew al process, hence approxim ations a re  used. T here 

has been a considerable am ount o f  w ork in the literature in this area, and several 

m athem atical m odels w ere proposed and analyzed. O ne approxim ation  is to represent 

the aggregate arrival process by a continuous tim e phase process, w here the state o f 

the chain represents the num ber o f  active source [66], A nother possible representation 

o f  the aggregate  arrival process is by a tw o state M odulated M arkov Poisson Process 

(M M P P). T he M M P P  is a doubly stochastic Poisson P rocess w here the ra te process 

isrepresen ted  by the state o fa  tw o state continuous tim e M arkov chain . T he param eters 

o f  the M M PP is then m atched to som e o f  the statistical m om ents o f  the arrival process. 

R ecently , there has been a significant developm ent in the area o f  stochastic m odeling



4 0

o f  m ultim edia traffic sources. A C om pound-Phase type M arkovian R enew al Process 

w as in troduced w hich m odels a w ide class o f  phase type processes w ith batch arrivals, 

and o f  w hich the M M P P  is a special case. A Batch M arkovian A rrival P rocess was 

in troduced  to m odel a variety  o f  the versatile M arkovian Point Process.

In [67], [68] £  m athem atical analysis o f  such arising queueing problem s w ith access 

contro l was presented and alluded on the efficacious o f the d ifferen t possible 

approxim ations.

T he aggregate arrival process is fed to the buffer with fixed size N . T he arising 

process is o f  the form  o f  )lG I/D / 1/K with state dependant arrivals w hich is too general 

to solve. T hree  d ifferen t approxim ations w ere used, one is to model the arrival process 

w ith the M M P P  w ith state dependant arrivals and approxim ate the determ inistic 

service tim e by an exponential d istribution  w hich w ill lead a continuous tim e Quasi 

B irth D eath queueing process that can be solved using M atrix-G eom etric techniques 

[68]. In the A TM  m ultip lexer, the buffer size is lim ited to small values (in the o rder 

o f  m icrosecs.) and feedback control signal is used to throttle the input peak rate , hence 

no build up o f  lengthy queues a re  allow ed and the correlation effects o f  the cells 

in terarrival tim es becom es less significant, thus this approxim ation overestim ates the 

p robability  o f  cell loss . A nother m ore c loser approxim ation , is to model the
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determ inistic  service tim e by an Erlang distribution with r-stages, In [68] six stages 

w ere  used to lim it the size o f  the resulting m atrices. T herefo re , the Poisson 

approx im ation  w as used based upon the above m entioned reasons.

U sing the A4/D/1/K m odel, the probabilities o f  num ber o f  arrivals  during  the 

determ inistic  service tim e D w ere given as:

a ,  = ( \ ,  D y e ' K,° / i \ , i > 0

b 4 = ( \ 2 D ) ' e “ >l20/ i !  . i >  0

c , = ( \ 3 D y p ~ K3° / i . '  , i >  0

W here  denotes the average arrival rate from  N sources

T he threshold levels at w hich the flow  control is activated w ere presented w here 

K2 >  K l .  W hen the num ber o f  cells in the buffer reaches K l ,  (i.e . congestion level 

K l) ,  the num ber o f  bits per sam ple drops from  4 to 3 bits per sam ple. W hile at K2, 

the feedback control signal causes the num ber o f  bits per sam ple to d rop  from  3 to 2 

b its per sam ple.

( / / . I )  

( / / . 2 ) 

( / / .  3 )

T he steady state transitional p robability  m atrix was given in term s o f  the three 

p robab ilities that w ere given in (II. 1), (II .2) and ( I I .3) and the mean bits per sam ple
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w as given as:

Kl K 2 N-  1

U sing the M M P P /M /1 /K  m odel, the arrival process is the tw o state M M P P  w here 

the arrivals a re  state dependant. T he infinitesim al generator m atrix Q  is o f  size (2N x2N ) 

w here N is the b u ffer size. T he m atrix was solved using m atrix-geom etric techniques, 

w hich w ere m odified to suit the overload control case.

U sing the M M P P /E r/l/K  M odel, the service tim e is approxim ated by a 6-stage 

E rlang  d istribu tion , A lso the infinitesim al m atrix was solved using m atrix-geom etric 

techniques.

T he approxim ations encountered  with the m athem atical analysis, often lim its the 

scope o f  the results rendering sim ulation tools m ore pow erful and accurate to use.

2.2 Feedback Access Flow Control of Voice Traffic

Figure 2.1 show s the schem atic diagram  o f  the access control schem e. It controls 

the bursty  arrival p rocess at the input m ultip lexer via a feedback control signal that
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th ro ttles the arrival process during  over-load periods. T he schem e uses the buffer- 

length as an indication o f  possib le congestion. T he m otivation behind this choice is 

that the voice-cells a re  blocked only when the buffer is full. T herefo re , it is a good 

aprio ri indication o f  possib le congestion. As the num ber o f  cells in the buffer reaches 

a first threshold level (K l) , a feedback control signal sw itches the input source-coders 

to  a  h igher coding rate (i.e .,d ec reas in g  the num ber o f  b its/sam ple). W hen another 

congestion threshold (K2) is reached a sim ilar action is taken thus reducing the input 

b it-ra te  fu rther m ore. F or exam ple, consider A D PC M  with original coding rate o f  4 

b its/sam ple. A t K l threshold level, the coding rate is sw itched dow n to 3 b its/sam ple. 

W hile at K2 threshold level, it is sw itched fu rther dow n to 2 b its/sam ple only.

In real-tim e, it is im portant that the access-control schem e be robust against the 

instantaneous and rapid statistical fluctuations o f  the buffer-length  queueing process. 

O therw ise, there will be frequent control signals triggered by those instantaneous 

fluctuations. To reduce the con tro ller triggering  rate, a param eter called control 

w indow (W u) is introduced. T he buffer-length  is m onitored, and a control signal is 

generated  accordingly , only at the tim e-epochs that m ark the beginning o f  each control 

w indow  W u. T he control signal is then fed-back to the coders and m aintained 

unchanged for the duration o f  the control w indow  irrespective o f  the buffer-length 

p rocess. At the follow ing tim e-epoch (m arking the next W c), the buffer-length  is 

m onitored and the process is repeated. F o r exam ple, if  the b u ffer occupancy at one 

o f  those tim e-epochs is g reater than K l , th e n  the contro ller is activated and as a result
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the coding rate is reduced to 3 b its/sam ple. T hus, the control w indow  is the m inim um  

period  o f  tim e at which the con tro ller stays in a given state befo re it is being triggered 

to  ano ther action. T he set o f  threshold levels (K l,  K2) depends upon the traffic 

characteristics and the user required  Q uality O f Service (Q O S). T he (QO S) is defined 

by a set o f  u ser’s service requirem ents such as cell b locking p robability , mean delay, 

and voice quality . The voice quality  is defined as the m ean num ber o f  b its/sam ple 

o ver the m ultip lexer buffer. F o r exam ple a 4 b its/sam ple is considered to be an 

"excellent" quality for the voice traffic using A D PC M , w hile it is regarded as a "poor" 

quality  below  3 .5  mean b its/sam ple.

In o u r w ork, we use sim ulation analysis to gain insight to the perform ance o f  the 

com m unication  link under the above-m entioned conditions. T he sim ulation analysis 

allow ed us to study the system  perform ance at specific tim e-epochs that m ark the 

beginning o f  a control tim e-w indow  (W c). T he rationale behind the introduction o f 

the param eter (W c) is to sim ulate the perform ance o f the access control schem e in 

real-tim e life. In real-tim e, it is too d ifficult to em ploy an access control schem e that 

can follow  the instantaneous and very  rapid changes o f  the buffer-length  stochastic 

process.

T he advantages o f  this schem e are several. F irst, it prevents congestion from 

happening since it decreases th e  num ber o f  cells w aiting in the buffer. Second, it is 

applicable regardless o f  the type o f  coder used. It is good fo r V ariab le Bit R ate (VBR)
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coders as well as Fixed Bit Rate (FBR) ones, although the trend is to em ploy VBR 

codes due to their perceived gain over FBR codes. T h ird , it provides the m eans for 

the m axim um  possib le shaping o f  the input arrival process w ithout the need to design 

com plicated  tim e-w ave shaping algorithm s to regulate the traffic  burstiness. It fo llow s 

then that the bandw idth allocated to the input call can be  decreased. H ence, the 

statistical m ultiplexing gain is enhanced and a significant im provem ent in the 

th roughput is achieved. T he price to be paid is a slight degradation in the voice quality  

m easured by a decrease in the mean bits/sam ple. As w e will show in latter section, 

this degradation is very graceful versus the input load.

2.3 Simulation Model

T he arrival process for each voice source is represented by a sim ple tw o state 

d iscre te  tim e M arkov chain, w here the tim e that the process spends in each state is 

approxim ated  by an exponential distribution. F igure 2 .2  represents a single voice 

source m odel. T he voice source alternates between talkspurt (ON ) periods and idle 

(O FF) periods. D uring the talkspurt period, a fixed num ber o f  cells are generated 

w hereas no cells a re  generated during the idle period. Each period is exponentially  

d istribu ted  with m eans T A and T, respectively. T he ratio o f  the O N period to the sum 

o f  both O N  and O F F  periods is called the activity factor. T he average b it-rate o f  the 

voice source equals the result o f  the product o f  its peak bit-rate by its activity  factor. 

T h ree  d iffe ren t sets o f voice traffic statistics are designated in o rder to study the effect
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o f  d iffe ren t burstiness param eters on the link ’s perform ance. Bursty sets (1) and (2) 

have equal activity  factors yet d ifferen t burst lengths, nam ely set (2) has longer O N , 

O F F  periods than set (1). Bursty set (3) has larger activity  factor than burstiness set

(1) and set (2). All sets have the sam e peak bit-rate but d iffe ren t averages.

T he com m unication  link is represented by a  server with serv ice tim e equal to 

L /C  w here L is the cell length in bits and C is the com m unication  link capacity  in bits 

p e r seconds. T he bursty voice sources access the link v ia asynchronous statistical 

m ultiplexing on a first com e first serve (FC FS) basis. T he server serves one cell per 

transm ission tim e which is the unit tim e. C ells arriv ing  during busy server intervals 

a re  queued in the buffer o f  length M cells. T he length o f  the buffer (M ) is chosen to 

lim it the m axim um  perm issib le delay per voice-cell.

T he sim ulation program  used in this study was w ritten using S im scrip t 11.5 and 

im plem ented on Sun w orkstation. T he program  contains two main parts, the first is 

the pream ble at w hich, all g lobal variables and processes are defined , the second is 

the main at w hich, the program  starts sim ulation by calling all rou tines and executing 

processes in a p roper sequence using the tim ing routine. T he flo w ch art o f  the program  

is shown in F igu re  2 .3 . As shown in the figure, the program  reads the input data 

param eters that include the num ber o f  input voice sources, the mean talkspurt period, 

the mean silence period, three d ifferen t cell interarrival tim es (T l ,  T 2 and T 3) that 

incorporates the three possib le  sam pling rates fo r each source ( i .e .,  4 , 3 or 2
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b its/sam ple), the tim e length fo r sim ulation, the cell service tim e and the buffer length. 

O nce the input data  have been read , the program  initializes all variables to  their 

app ro p ria te  values, creates a server along with a buffer associated with the server and 

enables all the N arrival voice processes.

In the sim ulation , tw o types o f  processes a re  defined for each voice source. One 

process is defined to generate cells, called cell arrival process, w hile the o ther serves 

the generated  cells and is called cell service process. N voice cell arrival processes are 

defined w here  N is the num ber o f  sources (or load). Each consists o f  consecutive 

ta lkspurt (active) and silence periods, which in-turn are generated using the built-in 

exponentia lly  distributed random  variable generator. T he arrival process generates 

cells only  in the talkspurts periods w here the in terarrival tim e betw een the cells is the 

cell generation  tim e. T he m ean silence period is the mean in terarrival tim e between 

the talkspurts.

A ccording to the access contro l schem e, each o f  the N voice sources generates 

cells w ith a  coding rate that corresponds to 4 bits per sam ple as long as the buffer 

occupancy  level is in the underload interval ( i .e .,  the num ber o f  cells in the buffer is 

less than the  first threshold K l) .  In this case, the in terarrival tim e betw een cells, T l ,  

is equal to the cell length in bits divided by the source peak bit-rate in bits per second. 

W hen the buffer occupancy level is bounded betw een the threshold levels K l and K2 

(transitional interval from  the underload to the overload period), the coding rate drops
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to 3 b its /sam ple  thus decreasing  the source peak b it-rate  correspondingly , therefore 

increasing the in terarrival tim e betw een cells to T 2. As the buffer occupancy reaches 

the overload interval ( i.e .,th e  num ber o f  cells in the buffer increases beyond the second 

threshold K2) the coding ra te drops further from  3 to 2 bits per sam ple hence the 

source peak bit-rate is reduced fu rtherm ore and the in terarrival tim e between cells is 

increased to T 3.

Each generated cell requests the service process for service, if  the server is busy, 

the cell is queued in the buffer. An arriv ing cell will get blocked if  the buffer is full. 

I f  the server is idle, the cell keeps the server busy for a tim e equal to the service tim e 

then it relinquishes the server. All the sim ulation events are scheduled by a tim ing 

m echanism  o r routine as show n in F igu re  12. T he tim ing routine scans the event set 

in o rder to p ick up the next event to be executed. It rem oves the m ost im m inent process 

notice from  the fu tu re  process set, updates the sim ulation tim e to the process tim e 

indicated , and passes control to the routine for this process. U pon com pletion o f  this 

p rocess, the tim ing routine again turns to the fu ture process set to determ ine the next 

p rocess rou tine to be executed. T his sequencing continues until all process notices in 

the fu tu re process set are exhausted . W hen this happens, control is returned to the 

statem ent directly  afte r the start sim ulation statem ent. T his process continues until 

the sim ulation tim e expires.
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In S im scrip t I I .5 , the global variables w ere used to represen t the num ber o f 

generated  cells and the num ber o f  blocked cells during the sim ulation tim es. T he 

blocking probability  was m easured by evaluating  the ratio  o f  the num ber o f  blocked 

cells to total the num ber o f  transm itted cells during the sim ulation run tim e. W e run 

several sim ulations with d ifferen t seeds to evaluate the link perfo rm ance with and 

w ithout access control and under d ifferen t burstiness sets. A fter the sim ulation tim e 

expires, the program  term inates the sim ulation and calculates the final ou tpu t results 

in the final report routine. By using S im graphics package, all in teresting perfo rm ance 

can be plotted via a routine called T race-p lo t which traces the values o f  the tim e 

dependent param eters. Som e o f the perfo rm ance evaluation results are  the histogram  

o f  the num ber o f  cells in the buffer with and w ithout access con tro l, the optim um  values 

o f  the thresholds K l and K2 that g ive us the desired value o f  the b locking p robability , 

the mean b its/sam ple and the control triggering rate. T he follow ing section provides 

a detailed sim ulation analysis o f  the link perform ance with and w ithout control.

2.4 Simulation Results and Discussions

In this section w e discuss the sim ulation results obtained from  this study. 

A ssum ing A D PC M  coding technique at 4 b its/sam ple, then the source peak bit-rate 

is 32 kbps. As the first threshold level K l is reached, the source peak b it-rate  is reduced 

to 24  Kbps. As the second threshold K2 is reached, the source peak b it-ra te  drops to 

its final overload value o f 16 kbps. T he cell length is fixed and is chosen to be 53 bytes
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(w ith an overhead o f  5 bytes) to suit the A TM  application standards. T he com m uni­

cation link  capacity  is set to be equal the T l  interface rate o f  1.544 M bps. Then the 

cell in terarrival tim es, T l ,  T2 and T3 are equal to 12ms, 16ms and 24m s respectively 

and the cell service tim e is equal to 0 .256  m illiseconds. In order to lim it the m axim um  

delay  o f  the voice cells to 5 m illiseconds which is the m axim um  acceptable value for 

vo ice quality , the buffer length (M ) is set to 20 cells. T o  study the efficacious o f the 

access-control schem e with d ifferen t bursty traffic, w e use three possible burstiness 

sets. B urstiness set (1) corresponds to a mean talkspurt period o f  352 m illiseconds and 

a  m ean silence o f  650 m illiseconds, therefore the average burst length is 352m s and 

the activ ity  factor is 0 .35 . B urstiness set (2) corresponds to a mean talkspurt period 

o f  1200 m illiseconds and a m ean silence period o f  2200 m illiseconds with an activity 

factor o f  0 .3 5 . Burstiness set (3) corresponds to a mean talkspurt period o f 450 

m illiseconds and a mean silence period o f  550 m illiseconds with an activity  factor o f 

0 .4 5 .. W e evaluate the link perform ance under d ifferent o ffered  loads ranging from 

80 (load o f  56% ) to 150 (load o f  100% ) input voice sources. Each sim ulation is run 

fo r a period  o f 5 m inutes w hich is sufficient to evaluate blocking probabilities in the 

o rd e r o f  10'4 and o u r confidence interval is 95% .

F ig u re  2 .5  represents the histogram  o f the num ber o f  cells in the buffer for 

burstiness set (1), set (2) and set (3) at heavy load. F o r burstiness set (1), with 150 

sources, a link utilization o f  100% is achieved, since the link utilization equals the 

num ber o f  voice sources m ultiplied by the ratio o f  the average b it-rate  to the link
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capacity . S im ilarly  the m axim um  loads supported are  130 and 120 for burstiness set

(2) and set (3) respectively. T he link is congested and the b u ffer is full 3 3 .9 % , 37.9%  

and 38 .6%  o f  the sim ulation tim e for burstiness set (1), set (2) and set (3) respectively. 

T h is  leads to unacceptable blocking probabilities w hich causes a severe degradation 

in the delivered voice quality. C om paring burstiness set (1) and set (2) w here the ON 

period  has been increased to 1200 m illiseconds fo r set (2), w e observe that, using 

burstiness set (2), there has been a significant degradation in the perform ance o f  the 

system  ( the link is congested and the buffer is full 37 .9%  o f  the sim ulation tim e). 

S im ilarly  com paring burstiness set (1) that has activity  factor o f  0 .35  and set (3) that 

has activity  factor o f  0 .4 5 , we notice that, using burstiness set (3), the perform ance o f 

the system  has significantly  degraded ( the link is congested and the buffer is full 38.6%  

o f  the sim ulation tim e). It is easy to expect this results since the link has been overloaded 

w ith a h igher average rate, in burstiness set (3), than the average rate o f  burstiness set 

( 1).

F ig u re  2 .6 sh o w s the cell blocking probability  versus the num ber o f  voice sources 

fo r the three burstiness sets w ithout control. As shown in this figure, our objective 

value o f  cell blocking probability  o f  1CH is satisfied for all burstiness sets when the 

num ber o f  voice sources is equal to o r less than 1 0 0 ,9 0  and 80 sources for burstiness 

set (1), set (2) and set (3) respectively. W hen the num ber o f  voice sources increases
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the cell blocking probability  increases. T he difference in cell b locking probability  

betw een burstiness set (1), set (2) and set (3) is that set (2) has m ore burstiness than 

set (1), and set (3) has m ore burstiness than set (1) and set (2).

In o rd e r to find the optim um  sets o f  the control threshold levels (K l)  and (K2) 

fo r each arrival characteristics (burstiness set), we postulate an optim ization problem . 

W e set an ob jective b locking probability  o f  1CH as an acceptable rate for delivering 

voice traffic with high quality . W e obtain the optim um  values o f  all the sets (K l,  K2) 

by running the sim ulation program  fo r 5 m inutes (i. e. T he average duration o f  a voice 

call) using d ifferen t seeds. T ab le 2.1 show s all optim um  values o f  (K l ,  K2) for each 

burstiness set. T he m axim um  load that can be supported by the control schem e is 150, 

130 and 120 sources fo r burstiness set (1), set (2) and set (3) respectively. T he notation 

(*) im plies that the required  QOS is achieved with no control threshold . F or burstiness 

set (1) the optim um  values for K l and K2 are 11 and 17 to support 120 sources. For 

the sam e num ber o f  sources, K l and K2 are 1 and 2 fo r burstiness set (3). S ince the 

threshold  levels K l ,  K2 have dropped to such small values for burstiness set (3) we 

conclude that it is not possib le  to support those 120 voice sources for burstiness set

(3). T he reason is that a t such sm all threshold levels the average num ber o f bits per 

sam ple over the buffer length w ould drop  significantly  leading to a degradation in the 

voice quality below  acceptab le levels.



It is easy to see from  F igure 2 .7 , that as the access schem e is applied , a dram atic 

sh ift in the buffer length has happened. T he peak o f  the graph has shifted tow ards the 

zero  b u ffer occupancy level. T he perform ance o f  the system  has im proved alm ost 

equally  in all cases using the access control schem e. It is evident from  the curve that 

the access control schem e has greatly  reduced the m ean num ber o f  cells in the buffer, 

hence reducing the blocking probability  significantly and thus avoiding congestion . It 

then becom es possible to support certain num ber o f  voice sources at a less am ount o f 

allocated  bandw idth w hich we call the bandw idth gain. N ot only  that, but the statistical 

m ultip lexing gain has also im proved significantly since it has becom e possible to support 

m ore voice sources w ithout increasing the allocated bandw idth . F or exam ple, w ithout 

the access control the m axim um  num ber o f supported sources to achieve the required  

QOS ( b locking probability  and mean bit/sam ple) are 100, 90 and 80 for burstiness 

set (1), set (2) and set (3) respectively as seen in F igure 2 .7 . W hile using con tro l, the 

num ber o f  supported sources increases to 150,130 and 120 respectively as seen in table 

2 . 1.

T able  2 .2 sh o w s th e  optim um  values o f ( K l ,  K2) for th ree chosen values o f  control 

w indow (W c), nam ely 20m s, 100ms, and 300m s. As seen in F igure 2 .8 , for all values o f 

W c, the con tro ller triggering rate increases as the load increases up to 140 sources, 

a fte r w hich it saturates at heavy load situations. F o r all d ifferen t cases o f  W c, as the 

control w indow  increases the con tro ller triggering rate decreases. H ow ever, the quality
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o f  the voice (i. e .,M e a n  B its/Sam ple) has been reduced as show n in F igu re  2 .9 . For 

exam ple, a t 130 sources, the m ean b its/sam ple is 3 .8bits with no access control w indow , 

yet it d rops to 3 .3  bits when the control w indow  is 300m s.

In F igu re  2 .1 0 , it is clear that the individual blocking probability  seen by each 

source varies significantly. In the N o-C ontrol case, although the average blocking 

p robability , as calculated over the buffer length, was 6 x I O ’ 4 fo r 120 sources, this 

value has been satisfied for only 80 sources. T he rem aining 40 sources had encountered 

blocking probability  g reater than 6 x 1 0 " '1. T his problem  persisted  even when the 

access control schem e was applied  in F igure 2 .11 . In this case, our QOS objective was 

a  blocking probability  o f  1 0 ‘ 4, w hich had been satisfied for only 60 sources out o f  the 

120 sources. It is clear that the access control algorithm  treats sources w ith the sam e 

characteristics unequally . T o  rectify  the problem , w eapp lied  the access control schem e 

only to  the sources that had encountered  a blocking probability  m ore than 1 0 " '.  W e 

call this control schem e "C ontrol (B)" and the original control schem e "C ontrol (A )". 

As w e can see, in the case o f  C ontrol (B), the perform ance im proved significantly  with 

only 16 sources not m eeting the required QOS.



Controller

Voice
Code

control signal

Voice
Coder

Voice
Coder Multiplexer

Buffer
(Server

Figure 2.1 Voice multiplexer with feedback control



Talkspurt
period

ta

Silence Talkspurt
period periodT

Figure 2.2 Single voice source model



57

s ta r t  
fo r  e a c  
s o u r c e

r e a d  In p u t  I 
d a t a

Cell Arrival Process In it ia liz e
v a r i a b l e s

| a c t i v a t e  i 
I C e ll  a rr iv a l i 

| p r o c e s s  n o w t

Cell Service Process

i
To all so u rc e s t h r o u g h

t i m in g  r o u i i n e

/ s l m u i a t l o n - v .  
v. t im e  — ‘~  

x-taacrioo/
W

n o  n

yesi
y e s

y e s

w a it  In te r a r r tv a l  I

t i m e  a n d  I(
g e n e r a t e  a n  i 

a c t i v e  p e r i o d  I
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Number of 
voice 

sources

K1
Bursting

K2 
ss set{1)

K1
Burstine:

K2 
ss set(2)

K1
Bursting

K2 
ss set{3)

80 * * Hr Hr Hr Hr

90 * * Hr Hr 14 Hr

100 Hr Hr 15 Hr 8 14

110 15 Hr 10 15 3 4

120 11 17 4 5 1 2

130 8 15 2 3
- .

140 6 12
- - -

150 5 10
- - - -

Table 2.1: Optimum values of K1 and K2 for three 
different burstiness sets Blocking prob.=0.0001
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Number of 
voice

sources

K1

Control per

K2

od = 20 ms

K1

Control per

K2

od = 100 m:

K1

Control per

K2

od = 300 mii

100 * * 17 * 10 16

110 12 18 10 16 8 14

120 10 16 8 15 6 12

130 7 14 6 12 4 8

140 5 10 5 10 3 6

150 4 8 3 4 2 3

Table 2.2: Optimum values of K1 and K2 for 
different control periods 

Burstiness set (1)
Blocking prob.=0.0001
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3. Simulation Analysis of An ATM Access-Node with Statistically Multiplexed 

Homogeneous and Heterogeneous Traffic

3.1 Introduction

It is expected that video will be a m ajor source on ATM  netw orks, which will 

place a very large bit rate requirem ent on the netw ork. D ue to statistical variations 

in the bursty  traffic, congestion may occur in the link w ith a num ber o f  sources sharing 

the sam e link. C ongestion can seriously degrade the quality  o f  serv ice which is the cell 

loss and delay. T herefo re traffic  control is necessary to avoid congestion .

In this chapter, w e study the perform ance o f  a statistical m ultip lexer w hose inputs 

consist o f  a superposition o fpacketized  video sources and a superposition  o fpacketized  

voice and video sources. A lso, w e study the perform ance under an access flow control 

schem e and bandw idth assignm ent. T he basic objective o f  a bandw idth  m anagem ent 

and traffic control schem e is to allow  fo r high u tilization o f  netw ork  resources, w hile 

sustaining an acceptable quality  o f service for all users.

3.2 Feedback Access Flow Control of Video Traffic

In ATM  N etw orks, C ongestion occurs when various sources com pete for the 

netw ork resources and these resources do  not m eet the dem ands. D ue to the stochastic 

nature o f  the traffic , long bursts o f  cells can get form ed even w hen the netw ork resources
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are  underu tilized . T he call acceptance rule in A TM  netw orks is based upon the 

availab ility  o f  bandw idth to support the call along its connection path. As the traffic 

gets m ore bursty , m ore bandw idth  is required  to support the call a t the sam e QO S, 

else  congestion  occurs. It is then ex trem ely  im portant to enforce a congestion control 

schem e a t the cell level that can dynam ically  in teract w ith the call level control such 

that the traffic  gets sm oother, and the bandw idth allocated is utilized to the m axim um  

extent.

In [6 9 ] ,the m odel represents the arrival rate A ( / ) b y  quantizing the bit rate into 

uniform  d iscre te  levels, and the ra te variations over tim e are  approxim ated by a 

continuous tim e process w ith d iscre te  ju m p s at random  Poisson tim es. T hus the state 

space ( / l )  o f the chain represen ts a quantization level o f the original sam pled process, 

m easured in b its/p ixel. T he ( M + l )  states scan the range o f  the variations. The 

param eters  a  and P a r e  the transitional rates o f  jum ping  from  one quantization level 

to the o th er and these param eters w ere evaluated in [45] and the results are,

C , ( 0 )  E ( \ R )
A  = ----------- + ------------ { I I I  A )

E ( \ aQ  M

( I I I . 2 )

a  = 3 . 9  -  [3 ( I I I  . '3)

W here E  ( A R) and C  A> ( 0 )  a re  the average and the variance o f  the aggregate 

arrival process from  R  identical and independent sources. Each source transm its a
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random  process with mean / T ( A ) a n d  au tocovariance function C ( t )  = C ( 0 ) p ' 3'9'1- 

x  is the source fram e num ber n divided by a fram e rate o f  30 fram es/sec. T he 

m ultip lexer buffer has a fixed buffer length N cells and is fed by the process described 

by the system  o f  equations in (III. 1-III.3). T he system  equations w ere w ritten in the 

m atrix  form  P Q  = 0  w here P is  the steady state probabilities vector, Q  is the transitional 

rates m atrix . T he m atrix Q contains subm atrices o f  dim ension M .  T hese m atrices can 

be  o f  extrem ely  large sizes, yielding num erical d ifficulties in solving them . F o r exam ple, 

if  the num ber o f  sources are  10 video sources, and the buffer size is 100 cells, then the 

dim ension o f  the m atrix Q  is 10,000 w hich is im possible to solve using d irec t matrix 

m anipulations. M atrix-geom etric techniques are used to solve the above system , the 

solution uses an iteration refinem ent technique w hich is needed to be slightly m odified 

to suit the overload control in this case.

T he approxim ations encountered with the above m athem atical analysis, often 

lim its the scope o f  the results rendering sim ulation tools m ore pow erful and accurate 

to use. In our study, we use S im scrip tII.5  sim ulating language to gain insight to the 

perfo rm ance o f  the com m unication link. T he sim ulation study covers a hom ogeneous 

case w here N video sources a re  m ultiplexed and a heterogeneous case w here a mix o f 

voice and video sources are m ultiplexed.

F igures 3. l an d  3 .2 sh o w th e  schem atic diagram  o f  the access control schem e that 

applied to video m ultip lexer and voice/v ideo  m ultip lexer respectively. It contro ls the 

bursty  arrival process at the input m ultip lexer via a feedback control signal that throttles 

the arrival process during over-load periods. T he schem e uses the buffer-length  o f  the
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m ultip lexer as an indication o fp o ss ib le  congestion. T he m otivation behind this choice 

is that the  arriv ing  packets a re  blocked only  w hen the buffer is full. T herefore, it is a 

good aprio ri indication o f  possib le congestion. As the num ber o f  packets in the buffer 

reaches a  first threshold level (Kl ) ,  a feedback control signal sw itches the input 

source-coders to  a h igher coding rate (i.e . , decreasing  the num ber o f b its/sam ple). 

W hen ano ther congestion threshold  (K2) is reached a sim ilar action is taken thus 

reducing the input b it-rate  fu rther m ore. F or exam ple, consider A D PC M  with coding 

ra te  o f  8 b its/sam ple. At threshold level K l ,  the coding rate is sw itched dow n to 6 

b its/sam ple. W hile at threshold level K2, it is sw itched fu rther dow n to 4 b its/sam ple 

only.

3.3 Bandwidth Allocation to Voice and Video Traffic

ATM  netw orks are capable o f  supporting  a w ide range o f  connections with 

d ifferen t bandw idth requirem ents and traffic characteristics. W hile this environm ent 

p rovides increased flexibility  in supporting various services, its dynam ic nature poses 

d ifficu lt traffic  control p roblem s when trying to achieve efficient use o f  netw ork 

resources. O ne such problem  is the issue o f bandw idth  m anagem ent and allocation. 

B ecause all connections are  statistically m ultiplexed at the physical layer and the bit 

ra te  o f  connections varies, a challenging problem  is to characterize, as a function o f 

the desired  quality  o f  service (Q O S), the effective bandw idth requirem ent o f  both 

individual connections and the aggregate bandw idth usage o f  connections m ultiplexed 

on a given link. T he basic ob jective o f  a  bandw idth m anagem ent is to allow  for high 

utilization o f  netw ork  resources, w hile sustaining an acceptable quality o f  service for
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all connections.

In [7 0 ],th ree  d ifferen t types o f  traffic, video, voice and data  are being m ultiplexed 

in to  the outgoing link. C ells belonging to each type o f  traffic a re  queued in a separate 

b u ffe r and then m ultiplexed on a separate virtual path. T he con tro ller reads the input 

traffic  characteristics and its required  QOS and, based upon the bandw idth  availability , 

e ith er accepts the call o r  rejects it (CA C algorithm ). As the num ber o f  queued cells, 

in each buffer, reaches a certain  threshold, the access control a lgorithm  throttles the 

inpu t b it-ra te  bycom pressing  the coding rate. A ta c e r ta in  desired  bandw idth utilization 

(e .g . 0 .8 ) , the threshold levels required  to support the voice calls at the voice buffer 

a re  qu ite  d ifferen t from  those required  at the video buffer.

T he con tro ller allocates the bandw idth to users sharing the sam e virtual path 

accord ing  to  a predeterm ined  rule which is based upon explo iting  the statistical 

m ultip lex ing  gain. T he bandw idth required , is less than the peak rate and g reater than 

the average rate by som e bandw idth allocation factor. T his factor is function o f  the 

arrival statistics, the required  QOS ( i.e .,  cell loss rate, delay) and the num ber o f 

m ultip lexed calls per each virtual path. T his bandw idth is ju s t enough to guarantee 

the call its QOS w hich is determ ined by an acceptable cell loss rate and m axim um  

perm issib le  delay. T he delay is easily guaranteed by lim iting the b u ffe rs’ size. W hereas, 

the cell loss rate is guaranteed by the am ount o f  allocated bandw idth.

T he scheduler schedules transm ission o f  cells, from  each queue, such that the 

bandw idth  allocated to each type o f  traffic, and hence the virtual path capacity , equals



73

the value driven from  the bandw idth allocation table.

T h e  scheduling o f cells from  separate queues, is controlled  via the Bandwidth 

C ontrol Period  (BCP) rule. T he BCP, is a tim e-fram e that is used, by the scheduler, 

to contro l the access to the link by scheduling both types o f  traffic (video and voice) 

such that they are alw ays guaranteed their corresponding  allocated bandw idth . T he 

con tro ller selects the required bandw idth to support each type o f  traffic according to 

its required  Q OS. T his inform ation is then used by the scheduler to in itialize a value 

fo r the BCP, w hich specifies a clock frequency to control the sw itching speed o f  the 

scheduler. T h e  contro ller m onitors both the arrival statistics and the b u ffe rs’ lengths 

to m aintain the required QOS and avoid congestion. W henever the con tro ller detects 

a  change in the arrival statistics (o r a possible congestion) then it updates the BCP 

value such that the QOS is alw ays m aintained for each type o f  traffic. H ence, the 

assigned bandw idth to each virtual path will be also updated to accom m odate any new 

changes in the traffic characteristics. F o r exam ple, an increase in the num ber o f 

accepted voice calls would im ply a corresponding increase in the bandw idth allocated 

to the vo ice-traffic virtual path , a t the expense o f  a decrease in the bandw idth allocated 

to the v ideo-traffic virtual path. T he BCP value, w hich is the sum o f  the tw o w indow s, 

could still be the sam e (in case there is no change in the queueing process perform ance) 

o r it could be updated to accom m odate any traffic variations that m ay lead to an 

increase in the num ber o f  queued video (or voice) cells. T he BCP rule provides sim ple 

m eans to control each virtual path capacity in response to such traffic variations, by 

sim ply changing the w idth o f  the access-control tim e-fram e. The perform ance o f  the 

queueing process (in term s o f the cell loss rate) im proves when the BCP value decreases
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( i .e ., th e  sw itching tim e from  one queue to the o ther is sm all).

T he arrival process resulting  from  the superposition o f  M video sources depends 

upon the contents o f  the scene and the type o f  video coding algorithm  im plem ented. 

T he m odel that is used here assum es single m otion activity  scenes. T he aggregate 

video arrival rate is also m odeled by a C ontinuous-T im e D iscrete-S tate M arkov C hain, 

w here the state o f  the M arkov chain represents a certain  quantized b it-rate  level o f  

the b it-ra te  arrival process. H ence, the state o f  the M arkov chain, 

( l a )  , I g ( 0 . 1 , .. N u) , scans all possible changes in the b it-rate  process from  zero to 

the m axim um  possib le b it-rate N v. T he param eter Nv, is equal to the m axim um  num ber 

o f  quantization  levels that represent the b it-rate  process. T he M arkov chain 

transition-ra te  m atrix , representing  the video arrival process, has a dim ension o f 

(N v+ 1 ) .  T his m odel, yields an extrem ely  high num ber o f  states, thus leading to 

num erical d ifficulties. F o r exam ple , consider the m ultiplexing o f  10 video sources, 

then the num ber o f  the M arkov chain states will be 100 d ifferen t states covering all 

possible b it-rates transm issions.

T he infinitesim al generato r fo r the queueing process for each o f  the voice and 

video queues w ere presented . T he p roblem , here, is to solve tw o separate queues each 

o f  the type P H /P H /1 /K , fo r the cell loss probability . T he solution o f  the these m atrices 

involve num erous num erical calculations using m atrix geom etric techniques.

In o u r study, w e use sim ulation to analyze a bandw idth control schem e for 

integrating packetized voice and video traffic in an access node in ATM  netw ork. In
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this schem e, voice and video a re  queued separately to facilitate dynam ic bandw idth 

sharing  and m utual overload pro tection . It guarantees bandw idth to voice and video 

traffic  by reserving N1 and N 2 queue length lim its for transm itting  voice and video 

packets (cells) respectively. W hen one queue is exhausted , the transm ission is 

im m ediately  m oved over to the o ther queue if  it is not em pty. O ur sim ulation results 

show  that the schem e enables it to m eet the d isparate  perfo rm ance requirem ents for 

vo ice  and video traffic and to increase the efficiency o f  transm ission bandw idth usage.

In F igu re  3 .3 , three bandw idth  allocation algorithm s to voice and video traffic 

a re  show n. F igure 3 .3 a  show s a statistical bandw idth allocation to voice and video 

traffic . In this algorithm , a transm ission bandw idth is shared betw een the voice and 

video  traffic  w here the voice and video cells are treated equally  on a first com e first 

serve (F C FS ) basis. F igure 3 .3 b  show s a determ inistic bandw idth allocation to voice 

and video traffic. In this a lgorithm , a transm ission bandw idth is determ inistically  

subdivided fo r video and m ultiplexed voice traffic. Peak bit ra te (PBR) bandw idth is 

determ inistically  allocated to v ideo  traffic, and the rest o f  the bandw idth is allocated 

to m ultiplexed voice traffic. F ig u re  3 .3csh o w s a bandw idth control w indow  allocation 

to voice and video traffic. In this schem e, voice and video are queued separately to 

facilita te  dynam ic bandw idth sharing. T he scheduling o f  cells from  separate queues, 

is contro lled  v ia  the optim um  values o f  the bandw idth control w indow s. W hen one 

queue is exhausted , the transm ission is im m ediately m oved over to the o ther queue if  

it is not em pty . T he bandw idth control w indow , is set to be the scheduler m axim um  

sw itching period o f  tim e required  to support both types o f  traffic (voice and video), 

such that their respective cell loss rates and delays a re  delivered.



7 6

3.4 Simulation Model

T h e sim ulation program  used in this study is w ritten  using S im scrip t II .5 and 

im plem ented on Sun w orkstation . T he flo w ch art and the tim ing routine are  the sam e 

as given in F igure 2 .3  and F ig u re  2 .4  respectively that w ere  shown and explained in 

the previous chapter.

T he com m unication link is represented by a server w ith service tim e equal to 

L /C  w here L is the packet length in bits and C is the com m unication link capacity  in 

bits p er seconds. T he bursty sources access the link via asynchronous statistical 

m ultiplexing on a first com e first serve (FC FS) basis. T he server serves one packet 

p er transm ission tim e w hich is the unit tim e. Packets arriv ing  during busy server 

intervals are queued in the buffer o f  length M packets. T he length o f  the buffer (M) 

is chosen to lim it the m axim um  perm issib le delay per packet. An arriv ing  packet will 

get blocked if  the buffer is full. If  the server is idle, the packet keeps the server busy 

fo r a tim e equal to the service tim e then it relinquishes the server.

T w o types o f  processes a re  defined for each source. O ne process is defined to 

generate  packets, called packet arrival process, w hile the o ther serves the generated 

packets and is called packet service process.

3.4.1 Statistical Multiplexing of Video Sources

In the case o f hom ogeneous sources, we defined N packet arrival processes w here
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N  is the num ber o f  video sources. W e assum e video sources generating  30 fram es/sec. 

W e m odel the b it rate o f  a single video source during the nth fram e by a first o rder 

au to reg resive  M arkov process. A first-o rder au toregresive M arkov process R(n) is 

generated  by the regressive relation:

A ( / z )  =  a X ( n -  1 ) +  b w ( n )  ( I I I  . 4 )

W here w (n) is a sequence o f  independent G aussian random  variables and a & b are 

constants and their values a re  determ ined in [70].

3.4.2 Statistical Multiplexing of Voice and Video Sources

In the case o f  heterogeneous sources, w e defined N1 packet arrival processes for 

vo ice sources w here N1 is the num ber o f  voice sources and N2 packet arrival processes 

fo r video sources w here N 2 is th e  num ber o f  video sources. Each video source generates 

b it ra te as given in the previous section. Each voice source alternates betw een active 

and silence periods w hich are generated  using the built-in exponentially  distributed 

random  variab le  generator. T h e  voice arrival process generates packets only in the 

active periods w here the in terarrival tim e betw een the packets is the packet generation 

tim e. T he m ean silence period is the mean interarrival tim e betw een the active periods.

A ccording to the access control schem e, each v ideo /vo ice source generates 

packets w ith a coding rate that corresponds to 8/4 bits per sam ple as long as the buffer 

occupancy level is in the underload interval ( i .e .,  the num ber o f  packets in the buffer
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is less than the first threshold K l) .  In this case, the in terarrival tim e betw een packets, 

T1 is equal to the packet length in bits divided by the source peak b it-rate  in bits per 

second. W hen the buffer occupancy level is bounded betw een the threshold  levels K l 

and K2 (transitional interval from  the underload to the overload p eriod ), the coding 

ra te  fo r v ideo/voice drops to 6/3 b its/sam ple thus decreasing the source peak bit-rate 

correspondingly , therefore increasing the in terarrival tim e betw een packets to T 2. As 

the b u ffer occupancy reaches the overload interval ( i .e .,th e  num ber o f  packets in the 

b u ffer increases beyond the second threshold K2) the coding rate for v ideo/voice drops 

fu rther from  6/3  to 4 /2  b its/sam ple hence the source peak b it-rate  is reduced 

fu rtherm ore  and the in terarrival tim e betw een packets is increased to T 3 . T he blocking 

p robab ility  is m easured by evaluating the ratio o f  the num ber o f  blocked packets to 

the total num ber o f  transm itted packets during the sim ulation run tim e. W e run several 

sim ulations with d ifferen t seeds to evaluate the link perform ance with and w ithout 

access control and the confidence interval was 95% . Som e o f  the perform ance 

evaluation  results are the blocking probability  with and w ithout access contro l, the 

optim um  values o f  the thresholds K l and K 2 an d  the mean b its/sam ple. A com parison 

betw een statistical, determ inistic and bandw idth control w indow  allocations to voice 

and video traffic are  presented.

3.5 Simulation Results and Discussions

In this section, w e discuss the sim ulation results obtained from  this study. For 

each voice source, we set the m ean o f  the talkspurt period equals to 352 m icroseconds 

and the mean silence period equals to 650 m icroseconds. A ssum ing A D PC M  coding
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techn ique fo r the voice sources at 4 b its/sam ple, then the source peak bit-rate is 32 

kbps. A s the first threshold level K l is reached , the source peak bit-rate is reduced to 

24 kbps. A s the second threshold  K2 is reached , the source peak b it-ra te  drops to its 

final overload  value o f  16 kbps. T he video source m odel used in our study, generates 

30 fram es per second, each fram e contains 512 x 512 pixels. Using first o rder 

au to reg ressive  continuous-state, d iscre te-tim e M arkov process w hich is given in the 

p rev ious section, we generate  each video source rate. T he values o f  the constants a 

and b a re  0 .8 7 8 an d  0 .1 1 0 8 respectively, leading to an average bit rate o f  3 .9 M bits/sec 

and a  peak bit ra te o f  10.6 M bits/sec for each video source. T hese values are adopted 

from  the w ork  done [70]. T h e  com m unication  link capacity  is assum ed to  be 150 

M bits/sec  ,a n d  the cell length is the ATM  standard o f  53 bytes. T he buffer length is 

set a t 20  cells for both voice and video queues, which lim its the m axim um  acceptable 

delay  to 5 0 11 secs.

F ig u re  3 .4  shows the statistical m ultiplexing gain o f  independent video sources 

w ithou t and with the access flow  contro l. It show s the blocking probability  for 

m ultip lex ing  one to five video sources at the sam e utilization value o f  80% . T his result 

ind icates that the blocking probability  o f  video sources drops dram atically  as the 

num ber o f  m ultiplexed sources increases. This dem onstrates that statistical m ulti­

p lex ing  can efficiently  absorb tem poral variations o f  the bit rate o f  individual sources. 

In the case o f  video traffic, the access flow  control is m ore effective than the voice 

tra ffic , ( see o u r w ork in [71], therefore only one threshold for the video buffer is used. 

T o  see the effect o f  the threshold on the b locking p robability , w e set this threshold 

value  to 10 cells. W hen the access flow  control is applied , m ore dram atic reduction
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in b locking  probability  is obtained as the num ber o f  m ultiplexing sources increases.

F ig u re  3 .5 show s the blocking probability  fo r m ultiplexing 32 (load o f  80% ) to 40 

(load o f  100% ) video sources. At 32 video sources, the blocking probability  is below 

the required  value fo r QOS w hich is 1 0 ~ 7. As the num ber o f  v ideo sources increases, 

the blocking probability  increases to reach a value o f  0.01 at 40 video sources. From  

the figure , it is c lear that the access flow  control is applied from  33 to 40 video sources 

w hich represen t 100% utilization o f  the link. T he access flow control activates only 

one threshold  level for the v ideo  buffer to satisfy the required  QOS w hich is I O ’ 7 o f 

b locking p robability . T he optim um  values for the threshold level K are  show n in Table 

3 .1 . It is also shown the percentage o f  tim e for activation o f  the threshold  level for 

each num ber o f  video sources. At 33 video sources, this percentage o f  tim e has very 

sm all value w hich is equal to 0 .0 1 % . As the num ber o f  video sources increases, this 

percentage o f  tim e increases and reaches a value o f 2%  at 40 video sources. It is clear 

from  F igu re  3 .5  that as the access flow  control is applied , all the b locking probabilities 

have been dropped to the required  value o f  1 0 ~ 7. T he p rice to be paid is a slight 

degradation  in the service quality  m easured by a decrease in the mean b its/sam ple as 

show n in F igu re  3 .6 . T his degradation is very graceful versus the input load.

F igures 3 .7 an d  3 .8 s h o w th e  statistical m ultiplexing o f  d ifferen t num ber o f  voice 

sources w ith one and three video sources respectively. As shown in these figures when 

the vo ice and video cells a re  treated equally , the blocking probability  o f  video is w orse 

than that o f  voice. W e applied the access flow  control using two threshold levels (K l, 

K2) for the com m on m ultip lexer buffer and w e set these values o f  the threshold levels
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to 6 a n d  12. It is clear from  F igu res 3 .7 an d  3 .8 th a t as the access flow  control isapp lied , 

a  dram atic reduction in blocking probability  is obtained at each num ber o f  m ultiplexed 

voice sources. In the case o f  one video source, if  the video blocking probability  is 1 O " 7 

and the voice blocking probability  is 1 0 " 4 , the num ber o f  m ultiplexed voice sources 

is 1000 sources, but afte r applying the access flow  control this num ber is increased to 

11300 sources. In the case o f  th ree video sources, if  the v ideo blocking probability  is 

1 O ’ 7 and the voice blocking probability  is 1 0 ~ 4, the num ber o f  m ultiplexed voice 

sources is 8000 sources and becom es 8800 after applying the access flow  control.

C om parisons betw een determ inistic and statistical bandw idth allocation to voice 

and video traffic  a re  shown in F igure 3 .9  and 3 .1 0  fo r one and three video sources 

respectively. F o r statistical bandw idth allocation in both cases, if  the video blocking 

probability  is 1 0 " 7 and the vo ice blocking probability  is I 0 “ 4, the num ber o f 

m ultiplexed voice sources decreases about 10% in com parison to determ inistic 

bandw idth allocation. C om paring the two figures, it is easy to see that if  the peak 

b it-rate  o f  the m ultiplexed video sources is the sam e, the num ber o f  m ultiplexed voice 

sources is insensitive to the num ber o f  m ultiplexed video sources.

F igure 3.11 show s the values o f  the total bandw idth control w indow s assigned to 

voice and video traffic for m ultiplexing voice sources with one and three video sources. 

T he bandw idth control w indow  is equal to the m axim um  total time spend in both 

buffers to support the given video and voice calls under the required QOS and is given 

in units o f  cell transm ission tim e. As the num ber o f  voice sources increases, the total 

bandw idth control w indow  decreases. In the case o f  three video sources, the values o f
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the bandw idth control w indow s decrease in com parison to the values assigned in the 

case o f  one video  source. Table 3 .2show s the optim um  values o f  the bandw idth control 

w indow s that assigned to voice and video buffers at d ifferen t load values to guarantee 

the traffic  requ ired  QOS in term s o f  its cell blocking probability  o f  1 0  ”7 fo r video and 

1 0 " 4 for vo ice and attainable quality .
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Num ber of 
Video Sources

Value of the  
Threshold Level

" K "

Percentage of 
Tim e for Activation  
of Threshold Level

33 16 0.01%

34 15 0.0123%

35 14 0.0315 %
i

36 13 0.26 %

37 12 0.53%

38 11 0.82%

39 10

l

1.12%

40 9 2%

Table 3.1 Optimum Values of The Threshold Levels to satisfy The 

Required Blocking Probability of 10 

For Different Number of Video Sources
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Num ber of 

Voice Sources

1 Video Source 3 Video Sources

Assigned 

Window  
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Buffer

Assigned  

Window  

To Voice  

Buffer

Assigned  

W indow  

To Video  

Buffer

Assigned 

Window  

To Voice 

Buffer

6000 6 10 6 8
j

7000 5 9 5 7

8000 4 8 4 6

9000 3 7

i

|

3 5

10000

i

I

2 ! 6
j

|

2 4
i

i

Table 3.2 Optimum Values of Bandwidth Control 

Windows for Voice and Video Buffers 

at Different Loads
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4. Conclusions and Future Work

We have applied simulation methods to evaluate the 
performance of voice, video and voice/video multiplexers with 
an access flow control algorithm and a bandwidth control window 
assignment. The basic principle of the simulation is to operate 
simultaneously N independent voice or video packet generation 
and service processes. The accuracy of the results from a 
simulation run are a function of the length of the simulation 
and the correctness of the source and multiplexer models. We 
adopted an empirical approach to establish the accuracy of the 
simulation by running the simulation programs for incrementally 
longer periods of time until the differences in the simulation 
outputs of interest converged to appropriately small values. 
Because the aggregate process resulting from multiplexing 
homogeneous and heterogeneous traffic is very complex, we used 
simulation analysis to gain some sight of the multiplexer 
behavior. Also we used simulation to obtain the distributions 
(histograms) of the multiplexer buffer length at different 
load which are difficult to obtain analytically and we obtained 
the all optimum values of the threshold levels of the multiplexer 
buffer and the optimum values of the control windows for the 
access control scheme and bandwidth allocation algorithm.
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We summarize our contributions in the following points:

1) The optimum sets of the thresholds values (Kl, K2) were 
obtained to satisfy the QOS for voice and video traffic in 
terms of its blocking probabilities and mean bit/sample at 
given buffer size.

2) The access control scheme with different access control 
windows are presented and the optimum sets of (Kl, K2) for 
different access control windows were obtained. Also, we show 
the effect of the access control window on the triggering rate 
of the controller.

3) Using the bandwidth control window assignment, a bandwidth 
can be allocated to voice and video traffic such that to 
guarantee the traffic required QOS in terms of its cell blocking 
probability and attainable quality. The optimum values for 
the bandwidth control windows, which were assigned to voice 
and video buffers at different loads, were obtained.

The problem of flow control in ATM networks needs more 
work to achieve a novel scheme. Therefore, our future work 
will include further studies in flow control algorithms and
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new models for real time traffic. Also, we will study dynamic 
routing and bandwidth allocation of real time traffic which 
are issues need to be resolved.
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