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Variable bit rate video codecs constitute new and potentially very significant sources of traffic for an A 1M 
,based broadband integrated services network. We consider the characteristics of such traffic and, with the 
aid of recently developed techniques for analysing queues with correlated input, we evaluate a number of 
possible trade-offs between codec output, link and buffer dimensions and realized perfonnance. 

1. INTRODUCflON 

,We adopt the point of view that the future broadband 
integrated services network will be based on the A TM 
'technique and that a large proportion of its traffic will be 
'communication type video (Le. videophone or 
videoconference) using variable bit rate (VBR) codecs. To 
correctly design and dimension such a network, it is 
essential to have a clear statistical characterization of the 
nature of VBR codec output. However, no unequivocal 
characterization can be achieved today since codec designs 
are far from being stabilized. It is rather a question now of 
detennining what desirable characteristics this output 
should have from the network point of view. 

Although the integrated network will carry a variety of 
different traffic types, we confine our attention to the cell 
arrival process resulting from a superposition of 
independent, statistically identical video sources. We 
consider the queues arising when such a correlated stream 
of cell arrivals is offered to an ATM multiplex. The 
objective is to derive models and obtain numerical results 
enabling an evaluation of possible trade-offs between codec 
design options and network performance characteristics. 

Literature on VBR video coding has proliferated over the 
last two or three years and a number of statistical analyses 
of codec output have been published : early studies on 
video frame differences [Sey 65, Has 72] have been 
complemented by more extensive analyses on video 
sequences of various types produced by codecs employing 
the latest rate reduction techniques [e.g. Ver 89, Nom 89, 
Hua 89]. Queueing models for a multiplexer handling VBR 
video sources have recently been developed [Mag 88, Sen 
89]. A more complex (and more accurate) model of VBR 
video output is proposed in [Ram 90] and used in a ' 
simulation study of multiplexer queue perfonnance. The , 
evaluations in the present paper are based on models of 
queues with correlated input processes introduced in [Nor 
91] and [Sim 9Ob]. 

We frrst present, in Section 2, the basic characteristics of 
VBR video output as observed on experimental codecs. 
Mathematical models of this output are described in Section 
3 and the queueing analysis for a multiplex offered such 
traffic is presented in Section 4. To quantify the identified 
trade-offs, in Section 5, we present numerical results for a 
specific choice of output characteristic parameters. 

2. VBR VIDEO CODEC OUTPUT CHARACfERISTICS 

The overall codec bit rate depends on the temporal 
resolution (frames/sec) and the spatial resolution 
(pixels/cm2) and can vary from some tens of kilobitslsec for 

:a low quality videophone application to hundreds of 
megabits for High Definition TV. To reduce the amount of 
,data to be transmitted, various compression coding devices 
,are employed resulting in an essentially variable bit rate 
signal. 

2.1 Frame to frame variations 

Since the pictures of successive frames generally differ 
marginally, it is economical to transmit only the realized 
changes with respect to a base picture predicted from 

,previously received data. This is the principle of interframe 
coding. I ntraframe coding exploits the redundancy of plain 
areas within a given picture and motion compensation is a 
means of identifying the displacement across the screen of a 
given coded object [Bru 89]. The amount of data per frame 
can vary substantially according to the degree of movement 
and detail in the transmitted scene [Ver 89, Nom 89, Hua 
89]. 

Let An be the amount of data in the nth frame. 
Characteristics of a typical video sequence are sketched in 
Figure 1 : 
, a) a sharp peak occurs when the scene changes but 
variations are relatively slight for the same scene; 

b) the precise fonn of the stationary distribution of An, in 
fact, depends on the type of sequence (videophone, 
videoconference, entertainment) but is typically bell shaped 
as sketched here [V er 89] ; 

c) the autocorrelation function decreases very rapidly over 
,the first few frames but the rate of decrease then slows 
down. 

2.2 Within frame variations 

Each video frame is not generally coded as an entity but is 
divided into blocks of pixels. The amount of data needed to 
code each block is variable depending again on the degree 

, of movement and detail. Unfortunately, little has yet been 
reponed in the literature on the nature of these variations 
although some information on the autocorrelation function 
of data by block is provided in [Hua 89]. 
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· Figure 1. Characteristics of VBR video source output 

The way data is emitted within a frame depends on the 
· codec hardware implementation. Three possibilities are 
represented in Figure 2 : 

a) frame data are emitted at some peak rate for a fraction of 
the frame duration; 

b) data are emitted at a rate chosen to occupy the entire 
frame duration; 
c) data are emitted as they are generated, data unit by data 

unit. 

· 2.3 Acceptable cell loss rate 

· With interframe coding, the effect of a single cell loss may 
be propagated through a significant number of frames 
before the predicted base image is again error free. This 
'leads to a requirement for a very low cell loss rate in the 
network, of the order of 10-10• 

.In fact, some data within a frame (e.g. those signifying the 
start of a new frame or block) are more important than . 
others in the sense that their loss would have much more , 
serious consequences. If these data are transported with a 

· very low loss probability (10-10), it may be possible to 
tolerate a greater cell loss rate (of 10-6 , say) for the 
remainder. 

· A coding scheme may be specifically devised to compensate 
for a high loss rate. Such a scheme is the two-channel 
.coding discussed in [Chi 88]. One channel transmits a 
signal obtained by interframe coding with a coarse digital 
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Figure 2. Data emission alternatives for VBR codecs 

quantization ; the second channel carries the difference 
between this and the desired fine grain image. The impact of . 
losses in the second layer is not great since the first channel 
contains the essential information and errors are not 
propagated beyond the frame in question. Error rates of up 
to 10-1 can be tolerated in the lowest priority channel [Yas . 
89]. The drawback is a greater overall bit rate for the same 
quality compared to single channel coding since the second 
:Channel does not exploit the temporal redundancy of the 
video sequence. 

3. MODELLING TIlE ARRIVAL PROCESS 

We consider the queue arising when a superposition of 
homogeneous VBR video sources is offered to an A TM 
multiplexer. 

3.1 Burst scale and cell scale congestion 

When analysing queues with correlated input of the type 
considered here, it proves useful to distinguish congestion 
occuring in different time scales [Nor 91]. For the present... 
case we distinguish congestion at burst scale, due to a 
number of cells arriving within a frame duration in excess 
of multiplex capacity, and congestion at cell scale, due to' 
cell arrival intensity peaks occuring at certain moments 
within a frame duration, even when the overall rate per 
frame is less than capacity. 

Burst scale congestion depends on the way the arrival rate 
varies above and below multiplex capacity. There exists a 
trade-off between allowed multiplex load and buffer size. 
As long as the offered load is less than 1, it is th~retically 
possible to dimension a buffer to meet the reqUIred loss 
standard. The penality is, of course, that the delay may 
become excessively long. 

It has been argued that, because of the long delays, it is not 
worthwhile to dimension buffers to absorb burst scale 
congestion [Ver89]. In this c~, link u~zation ~oul~ be 
restricted to a level such that, In the flwd approxtmatton, 
cell loss would be within the required limit with no buffer. 
The maximum link utilization can then be determined 
simply from the stationary distribution of the cell arrival 
rate per frame. A buffer would be provided uniquely to 
absorb cell scale congestion. 



3.2 Burst scale arrival process 

To evaluate burst scale congestion, we can use the fluid 
approximation: the arrival rate is assimilated to the intensity 
·of a fluid flow (of work) which feeds a reservoir (the 
queue) emptying at constant rate. Denote by An the average 
combined cell rate of a superposition of S video sources in 
discrete time unit n (e.g. n might be the number of frame 
durations) and let At be the combined moving average cell 
rate per frame at time t. We assume the stationary 
distribution of {An} and {Ad is Gaussian with mean A and 
variance tz· 

To facilitate queueing analysis, we assume that the input 
process has a geometric (or, in continuous time, 
exponential) autocorrelation function. A discrete time 
process with geometric autocorrelation and Gaussian 
stationary distribution is the first order autoregressive 
p~ess: 

(3.1) An+l =aAn + (l-a)Wn 
. where the W n are independent Gaussian random variables · 
of. mean A and variance ~2(1+a)/(l-a), [Mag 88]. The 
autocorrelation function is : 
·(3.2) a(r) = ar 

The continuous time equivalent of this process is the 
Omstein-Uhlenbeck diffusion process [Sim 9Oa]: 
(3.3) dAt = 11 (A-AJdt+~ ~dWt 
where Wt is the standard Weiner process. The 
autocorrelation function here is : 
(3.4) a(t) = exp {-11t}. 

33 Cell scale arrival process 

We consider the cell arrival process assuming burst scale 
congestion is negligible. In other words, we assume that 
the mean cell arrival rate within a duration of one frame is 
less than the multiplex capacity c. Required buffer capacity 
then depends significantly on the form of the output (cf. 
Figure 2). 

For output of the form shown in Figure 2a), the bursts 
from individual sources typically contain several hundred 
cells and it is appropriate to use a fluid model for the 
composite arrival process. 

In the case of output in the form of Figure 2b), the 
instantaneous arrival rate is always less than C (by our 
assumption). The only queue here is, therefore, that due to 
the simultaneous arrival of individual cells from a number 
of different sources. The cell arrival process is a 
superposition of randomly phased periodic processes, the 
period of a given source in frame n being a random variable 
varying like lAu. 

For want of reported data, we are unable to say much about 
the output process corresponding to Figure 2c). As a first 
approximation we assume individual cells are emitted at 
instants unifonnly distributed within the frame duration. 

4. QUEUEING ANALYSIS 

, The queueing models used for the present evaluation are 
mainly derived in [Nor 91] and [Sim 9Ob). In this section, 
we simply outline the principal results. 
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4.1 Benes results 

The basic result for a queue with discrete or fluid input 
relates the stationary distribution of the work in system at 
an arbitrary instant, taken for time 0, to the distribution of 
the amount of work arriving in intervals (-1,0), for DO. Let 

o 
X(t)= J Au du - t 

-t 
be the "excess work" arriving in (-t,O), let Vt be the work 
in system at time -t and let v(x) be the distribution of Vo. 
We then have the Benes result [Nor 91] : 

(4.1) v(x) = JPr (X(u + du) < x S;X(u) and Vu = O}. 
u>o 

For many fluid systems, we have Pr {V u=O} -1 and the 
following bound is a good approximation: 

(4.2) v(x)S; JPr{X(u+du)<xS;X(u)}. 
u>o 

4.2 Omstein-Uhlenbeck input process 

Bound (4.2) has been evaluated explicitly when the fluid 
input rate is modelled as an Omstein-Uhlenbeck diffusion 
process [Sim 9Ob]. The result is too long to reproduce here 

· but an asymptotic equivalent, for large x, is derived in [Sim 
9Ob] : 

e _y2 Y 
(4.3) v(x) = _ r;::--- exp { - ~x} , 

yv 21t ~ 

where 'Y= (C-A)/T.. In the numerical example of Section 5.1, 
(4.3) proves accurate for delays greater than 40 ms. This 
formula illustrates the effect on delay of the different 
parameters. Note, in particular, that delays increase linearly 
with 11-1• 

4.3 Cell loss process 

It is necessary when testing the impact of errors on image 
· quality to know how these errors occur in time. In the case 
where we choose not to absorb burst scale congestion, the 
· temporal behaviour of the process At determines the cell 
loss process. 

A simple model of the error process would be to suppose 
that the state of a frame, errored or error free, evolves as a 
Markov chain. We deduce transition probabilities from the 
autoregressive model (3.1). Let PH = Pr {frame n+l 
errored / frame n errored}. Then : 
(4.4) Pll = F(y)l(I- N(y» 

· where 'Y = (C-A)/~, N denotes the standard Gaussian 
distribution and 

(4.5) F(z) = 100 exp { - x
2
/2} (1 _ NI z - ax ):kix 

z V2i \~) 

4.4 Fluid on/off sources 

In [Nor 91], we derived an approximate evaluation of v(x) . 
for a superposition of S on/off fluid sources based on 
bound (4.2). This model is appropriate for buffer 

· dimensioning for cell scale congestion with output as in 
Figure 2a). 
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Since, in the absence of burst scale congestion, X(t) is: 
negative for t greater than one frame duration, we need 
consider only the data arriving in two consecutive frames . . · 
To facilitate the analysis and taking account of the high 
correlation between the content of successive frames, we 
assume the sources emit exactly the same amount of data in 
each of these frames. We further assume that every source 
emits exactly the same amount of data and conjecture that 
this constitutes a worst case for buffer requirements when 
dimensioning for a given load. The details of this analysis 
are too long to be reported here [Gui 90]. 

4.5 Superposition of periodic sources 

To evaluate cell scale congestion when within-frame bit rate 
variations are smoothed out, as in the example of Figure 
2b), we have the lDi/D11 queue model: a superposition of 
randomly phased periodic sources offered to a single 
deterministic server. Expression (4.1) leads to an accurate 
approximation for the distribution v(x) for sources of 
different periods [Vir 89]. For S sources of the same period 
D, we have the exact result: 
(4.6) 

v(x)= '" (S)(n-X)n(I_~)S-nD-S+X. 
~ n D D D-n +x 

x<nSS 

For given load and a given number of sources, empirical 
evidence suggests that delays are greatest for a 
superposition of sources with the same period [Nor 91]. 
This observation allows us to use the above expression to 
derive a conjectured upper bound on buffer requirements 
when output is as in Figure 2b). 

Given that the number of cells arriving within a frame 
duration is less than C, the cell by cell output of form 2c) 
can also be modelled as a superposition of periodic sources: 
. it is clear that the queue at an arbitrary instant, due solely to 
uniformly distributed cells arriving within the last frame 
duration, is the same as in a homogeneous lDJDI1 queue 
where the source period is the frame duration. We can 
therefore again use (4.6) for buffer dimensioning. 

5. PERFORMANCE RESULTS 

To quantify the trade-offs discussed above we use a 
specific model of a video source : we take the mean and . 
standard deviation of the videophone data reported in [V er 
89] : m=4.3 Mbit/s and a=2.9 Mbit/s; frame duration is 40 
ms ; from the graph of the autocorrelation function (Fig 13 
in [Ver 89]), we deduce an exponential rate of 11=3.19 s-l, 
valid for a lag of 10 frames. We consider link capacities of 
150 Mbit/s and 600 Mbit/s. 

5.1 Buffer size and link ocupancy 

Buffer Oms 20ms 40ms 200ms 1 sec 
caDacitv 

C=150 17 20 21 26 32 

C=600 96 108 113 127 136 

Table 1. Maximum sources for 1O-
10

overflow probability. 

We use the fluid queueing model of Section 4.2 to 
investigate ·the trade-off between the number of sources 
which can be multiplexed and the size of the multiplex 
buffer. Table 1 gives the number of sources compatible 
with different buffer capacities (expressed as the maximum 
waiting time) for a buffer overflow probability of lQ-lO. An· 
appreciable gain in efficiency is clearly possible but only at 
the expense of long delays and extremely large buffers. 

5.2 Cell loss rate and link occupancy 

If no buffer provision is made to absorb burst scale 
congestion, allowed link occupancy is determined from the 
stationary Gaussian bit rate distribution. When the arrival 
rate is At>C, the excess data At-C is lost. The expected cell 
loss rate is thus E (max(O,At-C)} / A. 

Cell loss -10 -8 -6 -4 -2 

rate 10 10 10 10 10 

C=150 18 19 22 25 31 

C=600 101 106 112 120 134 

Table 2. Maximum sources with no burst scale buffer 

Assuming At has the Gaussian distribution of mean mS and 
standard deviation avS, we can determine the maximum 
number of sources compatible with a given value of this 
cell loss rate. Table 2 presents the results obtained for the 
considered source characteristics. 

The use of priority levels to distinguish essential and 
ordinary cells allows a relaxation of the cell loss rate. By 
the data of Table 2, a relaxation from 10-10 to lQ-6 yields an 
improvement in occupancy of 21 % for the 150 Mbit/s link 
(from .52 to .72) and 11 % for the 600 Mbit/s link. 

To evaluate the potential advantage of layered coding, it is 
. necessary to take account of the increased bit rate due to 

less efficient coding of the lower priority channel. Arguing 
roughly from Table 2, a relaxation from lQ-lO to 10-4 will 
allow a greater number of sources to be multiplexed only if 
the increase in mean bit rate is less than 38% for a 150 
Mbit/s link and 19% for a 600 Mbit/s link. 

5.3 Cell loss process 

We consider the cell loss process uniquely when no 
provision is made for burst scale congestion. The cell loss 
rate in frame n is En = max(O,An-C)/An. For the assumed 
Gaussian distribution of An, and when the number of 
sources is set to achieve a mean loss rate of 10-10, the. 
conditional distribution of En, given An>C, is shown in 
Table 3. Given that the arrival rate is in excess, the· 
expected cell loss rate is around 1% [Vir 90]. 

Lumtframe 0.005 0.01 0.02 0.05 
loss rate £ 

C=150 0.31 0.53 0.79 0.98 

C=600 0.46 0.71 0.92 1.00 

-10 
Table 3. Pr{E Il < et All> C}for cell loss rate of 10 



To measure the tendency for consecutive frames to be in 
error, we have evaluated the "transition" probability (4.4). 
Results are presented in Table 4 for different mean cell loss . 
rates. 

Cell loss lO~lO 10-8 
rate 

10-6 104 10-2 

C=150 0.13 0.17 0.29 0.43 0.71 

C=600 0.15 0.21 0.31 0.47 0.75 

Table 4. Error to error transition rate ~ll (formula (4.4» 

We notice that the probability successive frames are in error 
is rather small: estimating by lI(I-Pll) the mean number of 
successive frames in error, we see that this is barely greater 
than 1 for a cell loss rate better than 10-6. 

5.4 Buffer sizing for cell scale congestion 

As discussed above, when no provision is made for burst 
. scale congestion, required buffer capacity depends on the 
way data are emitted within the duration of one frame. We 
adopt the dimensioning criterion that cell loss shall not 
exceed 10-10 (say) when multiplex load attains a certain 
level (e.g. 1.0 or 0.9) in any frame length. This is a more 
stringent constraint than satisfying an average cell loss rate 
when the arrival rate varies below muJtiplexcapacity. It has 
the advantage of decoupling buffer dimensioning from the 
arrival rate stationary distribution. 

We compare the output forms assuming the S sources each 
contribute the same amount of data. This assumption 
facilitates the evaluation and, we believe, constitutes a 
worst case for buffer capacity (cf. Sections 4.4 and 4.5). 

To evaluate buffer requirements for peak rate output 
(Figure 2a), we use the fluid model of Section 4.4. The 
buffer capacity (for 10-10 buffer overflow probability) 
depends on the codec peak output rate p. For the 
considered numerical example we assume p = 20 Mbit/s. 

For the smoothed output of Figure 2b), we use formula 
(4.6) with D such that SID = load and estimate required 
capacity by the 10-10 quantile of the delay distribution. 

For form 2c), the assumption of uniformly distributed cell 
emission allows us to again use the IDi/D1l model with 
one source per cell and a period of one frame duration for 
each source (cf. Section 4.5). 

Results obtained for these three cases are presented in Table 
5. The required buffer capacity is extremely sensitive to the 

C (S) load output form (Fig.2) 
2(a) 2(b) 2(c) 

150 (20) 1.0 7200 14 402 
0.9 6250 14 104 

600 (110) 1.0 15400 36 808 
0.9 11500 31 110 

Table 5. Required buffer (cells) for output forms of Fig.2 
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assumed output form. Form 2b) leads to the smallest 
requirement by far. The requirement for form 2a) would be 
greater for a higher peak rate as would that of form 2c) if a . 
data unit greater than one cell were used. 

6. CONCLUSION 

In this paper we have sought to evaluate the different trade
offs possible between codec output characteristics, 
multiplex dimensions (link occupancy and buffer capacity) 
and realized performance. One of the first decisions which 
will have to be taken concerns whether or not the multiplex 
buffer will be dimensioned to absorb "burst scale 
congestion" arising when the overall arrival rate, averaged 
over one frame duration, exceeds multiplex capacity. The 
allowed link occupancy can be increased significantly but 
only at the cost of delays of around one frame duration and 
the consequent need for an extremely large buffer (cf. Table 
1 ). 

If, as we are inclined to believe, these delays are 
unacceptable, link occupancy must be limited to ensure that 
cell loss rate remains within the required limit. The allowed 
number of multiplexed sources can then be determined 
simply from the input rate stationary distribution. Results 
for different imposed loss rates (cf. Table 2) allow an 
appreciation of the gain to be obtained by coding schemes 
which are more resistant to cell loss. For a particular type 
of layered coding we have considered, the gain in link 

. occupancy may be offset by an increase in the mean bit rate 
per source due to less efficient compression coding. 

The way cell losses occur, and not just the average cell 
loss, is important when judging the resistance to errors of 
different coding shemes. Given that a frame contains errors 
(because the arrival rate is greater than capacity), the 
expected error rate is around 1% (cf. Table 4). We have 
also estimated the probability that cell loss affects 
consecutive frames. For mean cell loss rates less than 10-6, 
the expected number of consecutive frames with some cell 
loss is less than 1.5 (cf. Table 4). 

When no provision is made for burst scale congestion, the 
multiplex buffer must be sized to absorb "cell scale; 
congestion" due to arrival intensity fluctuations occuring 
within a frame duration when the overall burst scale arrival. 
rate is less than capacity. Required buffer capacity depends 
significantly on the hardware realization of the codec which 
determines how the frame data are emitted. For three 
plausible output forms, required buffer capacity varies from 
less than 40 to more than 10000 cells for the same traffic 
assumptions (cf. Tables 5). 

These preliminary results show the importance of a close 
collaboration between codec developers and network 
designers. Clearly there remains much scope for further 
work on traffic characterization and performance 
evaluation, notably in the following areas : 

'- within-frame video data characteristics; 
- realistic modelling of arrival process correlation (e.g. as in 
[Ram 90] ; 
- precise evaluation of the cell loss process and its impact 
on perceived picture quality ; 
- impact of layered coding schemes on network efficiency. 
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