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There is a need to model telecommunications sources for network design and planning, 
such as the investigation of various congestion control mechanisms. Traditionally it was 
suficient to model voice trafic for the tdephone network and data trafic for computer 
networks. With the emergence of AT.11 nctworks there will be a mizture of voice, data, 
video and still image trafic o n  one rietulork. The sources may take advantage of the 
ability of ATIM to provide bandwidth or1 dcmand b y  supporting variable bit rate tmfic .  In 
particular we have investigated video coding schemes. especially the H.261 compatible ones, 
with both one and two layer codecs. The one layer codec presented in this paper is based on 
a discrete time Markov chain. The two layer model is modelled b y  its individual layers. 
Both are derived from un analysis of video conference data. The models are simulated 
using a commercial discrete event simulation tool. Evaluation of the characteristics of each 
source are presented, as are the capabilities arid limitations of the models. Comparisons 
are drawn between actual data and the models. This is part of an overall objective to 
gather source models for most services that use ATd\I networks. 
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1. INTRODUCTION 

The Asynchronous Transfer Mode ( AThl) network is widely accepted as being the 
broadband network of the future [SI [8]. AThl allows the design of networks that give 
efficient and flexible allocation of resources by only allocating the amount of the resource 
that is needed. This ability of AThl networks to support variable bit rate traffic can be 
used to meet the dramatically changing traffic requirements of many applications such as 
video telephony or full motion video. 
New important issues related to ATM networks. such as congestion control and cell loss 

probability, have to be investigated. In addition even though the ATM concept provides 
'bandwidth on demand' there is a need to ascertain the network's efficiency or throughput. 
Performance evaluation of AThl broadband networks can be addressed by simulation 
studies using realistic and accurate models. This paper presents our contribution to 
the area of Video Traffic Characterization (C'TC). \Ve will present video source models 
which are based on analysis of real videophone type data and discuss the results of the 
simulations carried out using these models. LVliile the results we produce are dependent 
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on the model of the video codec used. the method used to design the model is general 
and can be adapted to any codec design. 

The video data, on which the models in this paper are based, were generated as in 
121 using a H.261 one and two layer codec. This codec produced a data set consisting 
of bit rates for each video frame. The first task in producing accurate video source 
models was to characterize this data and this is addressed in Section 2. The design 

' issues surrounding a video model in the context of the design of ATM networks and the 
investigation of the congestion control schemes is presented in Section 3. Simulation was 
carried out using a commercially available discrete event simulator called SES/workbench 
and is described in Section 4. This package provides a set of software tools for graphical 
animation and simulation of models. The accuracy and limitations of our model are 
discussed by considering that the number of ATJ.1 cells produced (on a per frame basis) 
during simulation statistically matches the iiuniber of cells per frame contained in the 
video data. This is presented iu Section 5 .  Finally in  Section 6 there is some discussion 
and plans for future work. 

2. DATA CHARACTERIZATION 

Video, like voice, is naturally bursty [l]  [3] but ran be manipulated to give a constant 
output bit rate. To gain the maximum efficiency from an ATM network only the real 
amount of information should be sent. This will change as tlie information content of the 
picture changes and so a variable bit rate output froin the codec is expected. To gain 
maximum compression a single oue layer codec could be used. Sudden movements in the 
picture or scene changes will produce large information transfers and so will produce high 
bit rates. Small changes from frame to frame will result in low bit rates. 
In ATM networks it is sometimes hard to characterize the sources. Performance eval- 

uation of the network becomes difficult and subsequent guarantees of quality of service 
(QOS) are hard to achieve [7]. However a QOS for a constant bit rate source might be 
easier to guarantee than that of a variable source. This has led to the development of two 
layered codecs [2]. One layer has a constant Lit rate. called the base layer, and delivers a 
minimum QOS to the user. The second layer contains the enhancement to the base layer 
and is bursty in nature. This improves the quality of the picture to the user. The relevant 
quality of pictures of the two schemes is subject to the coding involved in the codecs, the 
bandwidth available and the probability of cell loss. 

The empirical data on which the models presented in  this paper are based were gener- 
ated using algorithms implemented as in [2]. These are one and two layer implementations 
of the H.261 codec standard. This video compression standard can handle varying quali- 
ties of service from low quality video telephony (61 kl/s)  to video conferencing (384 kb/s) 
and higher quality video (2 hlb/s) using a bit rate defined by p'64 kb/s where p=l ... 31. 

Some of the main elements of H.361 include iiiterfraine and intraframe prediction, 
motion compensation. discrete cosine transformation (DCT), quantization of DCT co- 
efficients and run length codiug of the  DCT coefficients. Interframe prediction takes 
advantage of the fact that consecutive frames will be quite similar allowing just the dif- 
ference between frames to be transmitted ratlier than the entire frame data. In contrast 
intraframe prediction occurs when consecutive frames are substantially different. for ex- 
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ample at the start of a video sequence or a sudden motion/scene change. The video 
sequences considered here are of just a single person talking with some zooming motion. 
This is more typical of a video phone type picture than video conferencing because there 
is little changing of scenes and oniy moderate motion. The spatia1 resolution of the five 
minute sequence was CIF (384. 255) and the temporal resolution was 25Hz. In order to 
capture the data set for the encoded video sequences, on a per frame basis, the outputs of 
thexodecs were sampled every 0.04 seconds. This produced approximately 7500 samples 
to be considered. It can be seen from Figure 1 below that the bit rate of this one layer 
codec varies considerably over the time interval. This short sequence and the type of 
picture that wzs used are limiting factors for the reliability of the models produced. 
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Figure 1. Bit Rate Of One Layer H.261 Codec 

Even though the H.261 standard is complied with there is scope for different codecs. The 
two codecs discussed in this paper are the one layer 256 kb/s source and the two layer 384 
kb/s source. The main characteristics of the sources are : 

One Layer Two Layer 
Base Layer Enhancement Layer 

Mean Bit Rate 222 369 39 
(in kb/s) 
Standard Deviation Mean 0 High 

3. MODELING THE VIDEO SOURCE 

The one and two layered codecs were considered separately. For the one layer model 
a discrete state Markov chain was desiqted. This follows from work which verified that 
models based on multi-state Markov chains are sufficiently accurate for traffic studies [4] 
(91. It was decided to take the frame as the basic unit of time for the chain and the ATM 
cell as the basic quantity. The objective is to capture the burstiness of the source by 
neither overestimating or underestimating the number of cells in each frame. 



The Markov chain model was produced by carrying out the following analysis on the 
empirical data. The first issue was to examine the probability density function (PDF) of 
the size of frames produced. A comparable measure is the number of frames versus the 
frame size normalized to  bits per secoxid as is shown in Figure 2 below. 

One Layer Codcc PDF-lkbh lntcrrtlr 
I 
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Figure 2. Shape Of One Layer Codec Probability Density Function (PDF) 

.4 few criteria were used to select tlie states of the Markov chain. It was felt that at 
least five states would be needed to capture the shape of the PDF but the number could 
not be too large as the model would become complicated. It was felt that all states should 
be close to being equiprobable so that for short simulation runs they can all be reached. 
It was noticed that if there were a small iiumber of states then a birth death process could 
be achieved. However if the xiumber of states were larger, tlie assumption of a birth death 
process failed. The eventual number of states chosen was nine, which is a compromise 
between keeping a small number of states and also trying to liave a birth death process. 
The birth death process greatly simplifies the modelling of the Markov chain as will be 
seen in Section 4. 

Careful selection of the nine states resulted in the following transition matrix. There 
were small entries at a distance more than one from diagonal. The assumption made 
was to neglect these values. However tlie entries in the matrix must sum to unity and so 
a method of proportioning the excess to the other entries was found. This was done by 
starting at either end of the Markov chain and conditioniiig on only the allowed transitions 
to the nearest neiglbors. By starting at either end there would be two slightly different 
matrices. The eventual matrix chosen is shown in  Figure 3. 

The probabilistic nature of transitions between these states is represented in matrix 
format by generating a count of all the transitions in and out of a particular state. This 
matrix is normalized in order to obtain tlie transition probabilities between states in the 



State0 State1 I State2 I State3 Sate4 State5 I State6 State7 I State8 

~ State0 0.81 0.19 I I I 

Figure 3. Transition Probability hiatrix For The One Layer Codec 

Markov-chain model p i j  where ij are the row column elements of the normalized transition 
matrix. 

To ensure that the states were almost equiprobable states were chosen so that the total 
frame count in that state did not exceed 1.5 percent of the total frame count. We also 
attempted to  obtain a matrix that contained transitioiis of length at most one state. 
This simplification of the Markov-chain to a 'birth death process' greatly simplifies the 

and lowerbound on the bit rate of the source. This can Le converted to an allowable 
number of ATM cells by conversion to the frame size and then fragramenting that frame 
size into SAR-SDU's and by the AAL to SAR-PDU's. This SAR-PDU joins with a five 
byte header to form an ATM cell. Therefore for each state there are integer numbers 
of upperbound and lowerbound cells allowable in that frame time. Tlie actual number 
picked is uniformly distributed across that interval. 

The two layer codec was modelled differently as each layer was modelled separately. 
The PDF of the two layers is shown in Figure 4. Tlie base layer is almost a constant 
bit rate and was modelled by just one state. Within that state the bit rate is uniformly 
distributed from 350 kb/s to 3% kb/s giviiig tlie correct mean rate of 369 kb/s. 

The enhancement layer could have been modelled by a inarkov chain similar to the 
one layer codec model. However in this paper we investigate the possibility of modelling 
the layer by a hyper-exponential distribution. The hyper-exponential function produces 
a mean bit rate of 39 kb/s. To fit tlie distribution to tlie data a standard deviation of 121 
kb/s was chosen. 

1 complexity involved in simulating the model. Within each state there is an upperbound 
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Figure 4. PDF For The Two Layer C'odec 

4. SIMULATION MODEL 

The source models were simulated using SES/workbencli [IO], a discreteevent simu- 
lator that allows hardware and software simulation. Models are built using a top down 
hierarchical approach. At the top level variables and other parameters used in the model 
are declared. At the bottom or sub-model level a graphical representation of the models 
structure may be built using a library of standard nodes. and directed graphs. The models 
in this paper were mainly created by use of the graphical user interface. SES/workbench 
compiles the graphical code to C and creates an executable. The simulation execution 
platform was a cluster of Sparc-10 workstations. Tlie runtime for the simulations was 
about 10 percent of real time, that is one hour of a source would only take 6 minutes 
execution time. 

Simulating the one layer model is summarized in Figure 5 below. Tlie basic time unit 
is a frame time or 0.04 seconds. The birth death process makes the model much simpler 
because instead of having 64 arcs connecting all the states to each other there are only 
16 arcs. 

Executing the model produces a number of ATM ceils based on the range of bit rates 
that a particular state represents. As shown in Figure 5 the model can enter a new 
state at a rate of 25 per second. this emulates a codec running at 25 frames per second. 
The probability of a transition between states is determined by the normalized transition 
matrix. On entering a state the model produces a number of ATM cells. The number 
produced depends on the state being entered and is uniformly distributed across the range 
of attainable values in that state. Since the empirical data set for the coded video sequence 
presented the data on a bit rate per second format for each frame it was necessary to 
convert this data to AT11 cells. The A.4L 3/4 was used to show a possible implementation 
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Figure 5 .  Process For Siniulatiiig Tlie One Layer Codec 
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with 43 bytes of information per cell. .4 certain amount of shaping is also used for the 
generation of the ATM cells in that they are generated equally spaced in time over the 
frame duration. 

Implementing the two layer model was quite similar to the one layer model. In this 
case however there is not a state diagrain but rather a single state for the base layer 
and a state for the enhancement layer. A problem occured again due to the discrete 
nature of the AT11 cells generated. This resulted in  a smaller mean being produced then 
expected. This was because the rouiidiiig to an integer number was rounding down. For 
the enhancement layer it was necessary to increase tlie mean of the hyper-exponential to 
43 kb/s to produce a real mean of 39 kb/s. Both tlie euhancement and base layers run 
at  the same time combining to forin the two layer codec output. 

W 

5. MODEL VALIDATION 

The objective here was to check that tlie iiiodels presented in this paper were produc- 
ing data which was statistically coinparable to the einpirical data on which tlie models 
are based. .i\ first approach was taken I y  visually comparing the PDF's of the em- 
pirical data with that of the models. However due to the cell structure of the mod- 
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els there is a discrete effect ou tlie PDF, and so visual comparison was difficult. It 
was noted however that some edge effects were taking place at the boundaries of the 
states where a certain cell size was being favorably treated by being in two states. This 
was duly eliminated from the model. The basic ineasurements that were observed were 
the moments of tlie models and these are compared below for the one layer model. 

Parameter 

Mean 
(in b/s) 
Second Moment 
Root of Second Moment 

Third Moment 
Cubic Root of Third Moment 

Empirical Data Model 

216 E+:3 223 E+3 

2.05 E+10 2.22 E+10 
1.14 E+:] 1.19 E+3 

1.9 E+15 2.2 E+15 
1.24 E+:3 1.3 E+:) 

These results show that statistically the rnotiel is producing similar moments to the em- 
pirical data. To validate the model further, the correlation functions should be taken and 
compared for tlie model and the data. Fm the two layer model the mean bit rate produced 
is chosen to be identical to the empirical data and the deviation is siniilarly chosen. 

6. DISCUSSION AND CONCLUSIONS 

The models presented in this paper adhere to the H.261 video coding standard and have 
been implemented by a discrete event simulator. This will allow the sources to be used 
on many AT11 network issues such as congestion control strategies [ 6 ] .  Tlie accuracy of 
the models in representing the real codecs is shown for the one layer codec by comparing 
the moments of the bit rates and these are seen to he compatible. Tlie accuracy of the 
models is only as good as tlie accuracy of the codec algorithms that were implemented 
and the length of time the data was collected for. To improve the accuracy a longer time 
span should be taken. It is also likely that the algorithms will change over time and so it 
is not so much the exact model but the method of deriving the model which is important. 

A s  the models will be used to investigate various ATM network issues rather than 
investigate the video sources themselves the exact algorithm used for the codec is not 
critical. It would be useful to design more video models and to test congestion control 
schemes so that they are not depeudeiit 011 the type of source model being used to simulate 
a network. 
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