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Abstract—A novel strategy of Measurement Based Admission
Control (MBAC) for video distribution systems has been
developed, aimed at obtaining the needed Quality of Service
(QoS), expressed in terms of loss probability. The developed
algorithm is based on an AutoRegressive (AR) adaptive filter
taking into account slow and quick time bit rate variations of
video stream aggregation. A simple admission control strategy is
presented, able to shift from the server to the client the decision
about the admission of a new video stream. Simulation results,
based on real MPEG encoded videos justify the application.

Keywords— admission control, linear prediction, congestion
control, multimedia streaming system.
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I. INTRODUCTION

In the modern Telecommunication world, the rapid growth
of multimedia transmission like Video on Demand, Distance
Learning, video conferences, video telephony, etc., has
renewed the research interest in this area. Quality of Service
(QoS) support is necessary to guarantee multimedia delivery
with low frame losses, low packet delays and jitters.

It is well known that video applications usually present
Variable Bit Rate (VBR) bandwidth requirements, like the
case of video sources compressed with standards (MPEG,
H.263, etc). As stated in [1], VBR video traffic exhibits
self-similarity and Long Range Dependence (LRD) properties
that make difficult an accurate statistical analysis. On the other
side, a correct video data analysis is fruitful to efficiently plan
network infrastructures and Admission Control schemes.

Measurement Based Admission Control (MBAC)
algorithms perform admission control by measuring actual
traffic load in the network link and exploiting past
measurements to estimate actual bandwidth utilization
[1I[2][3]-

In this paper, a new MBAC algorithm, suitable for
compressed video delivery with specified QoS guarantees is
presented and analyzed. It establishes if a new video flow can
be admitted into the network link, respecting the QoS
guarantees of the flows already running together with the new
admitted flow QoS specifications. The QoS parameter taken
into account is the loss probability, i.e., the probability for the
video aggregation to exceed the channel capacity. The MBAC
algorithm is based on an AutoRegressive (AR) adaptive filter
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taking into account slow time and quick time bit rate
variations of stream aggregation, to efficiently perform video
stream admission control and respect the QoS guarantees.
Statistics of the stream aggregation are taken into account
through past filtered measurements of bit rate aggregation.

The algorithm proposed in this work can be fruitfully
applied in a context in which an aggregate behaviour analysis
is crucial for admission control, like the DiffServ architecture
scenario [4], in which video streaming applications often
require different QoS levels according to the particular
application running into the network link [5]. It has to be
noted that the main disadvantage of the DiffServ architecture
is that it does not provide QoS guarantees to every flow, since
it establishes the behaviour of flow aggregations. This
problem becomes particularly relevant for multimedia
applications, that suffer from service degradations. A correct
Admission Control policy is thus essential to respect the QoS
guarantees for different types of multimedia applications [6].

A variety of approaches have been studied to guarantee the
correct QoS level to video flows in a DiffServ context. In [5] a
strategy for bandwidth allocation is proposed, for different
streaming service classes. It exploits past information about
streaming bit rates (the QoS metric taken into account) as
feedback for bandwidth estimation, to improve QoS
differentiation robustness. In [6] a novel scheduling algorithm
is proposed in a DiffServ scenario for multimedia
applications, to guarantee the fairness of the admitted flows at
the same time obtaining an efficient performance in terms of
QoS parameters (drop rate and delays among data packets). In
[7] a QoS mapping is proposed for multimedia applications
running into a DiffServ architecture. A QoS mapping is
proposed, that is an algorithm to make a correspondence
between the various kinds of data packets and the DiffServ
QoS classes. In [8] the QoS issue on DiffServ networks has
been applied to MPEG video traffic, treating the video flows
as Assured Service (AF) flows and managing I-frames,
P-frames and B-frames of MPEG video streams with different
token buckets. Another way to improve QoS degree for video
flows is to provide a constant level of perceptual video stream
Quality of Service, as described in [9].

II.  THE PROPOSED SYSTEM

In the MBAC algorithm proposed in this paper, a new flow
will be admitted and forwarded together with the rest of flow
aggregation only if the QoS guarantees of every flow
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Fig.2. Processing scheme.

belonging to the aggregate (included the new one) will be
satisfied.

The algorithm estimates the required bit rate margin with
respect to the channel capacity, C, considering the statistics of
N video composite stream.

The MBAC system is based on an autoregressive adaptive
filtering technique, exploiting Burg linear prediction
algorithm, to split the bit rate required by the composite video
stream into the slow varying bit rate and its quick-time
variations [3].

Statistics of N stream composite videos are exploited to
estimate a “strict” margin with respect to the channel capacity,
C, and estimate the probability of freeze for the new admitted
stream in the composite video.

To make the system adaptive to the experienced
multiplexed data stream input, Burg AutoRegressive (AR)
estimation has been used, to exploit all the predictable
information about the required bit rate. The unpredictable
error has been characterized in terms of positive peak value, to
be used as a measure of the margin with respect to the channel
capacity to obtain a low freeze probability in the system.

Below, the proposed technique is described in detail and
the measures of the channel capacity overflow probabilities
are computed.

A. The MBAC algorithm

To address the problem of admission control, the statistics
of an N-streams composite video have been considered. Two
parameters are searched to define the MBAC algorithm: the
margin with respect to the channel capacity and the overflow
probability for the last user that accept the limited resources
available in the video streaming system.

We have considered the statistics of both the prediction
error and the predicted (low pass) composite video stream for
all the cases of N-streams composite video we can happen to
manage.

Given a channel capacity C, as in Fig.l, we have to
compute a conservative but minimal margin with respect to C,
to manage all the unpredictable bit rate requirements in the
N-streams composite video.

Thus we have observed the statistics of the prediction
error, first, to obtain information about the margin to be used.

The channel capacity overflow probability event depends
on the union of two events:

Overflow event

time
Fig.1. Bit rate time evolution and definition of the channel capacity and
margin.

= overflow coming from a peak in the prediction error;

= overflow coming from the peak of the required
bandwidth to deliver the composite video stream
(smoothed signal).

The probability of the union of these events can be
approximated with the sum of the relative probabilities. As we
are searching for a conservative MBAC algorithm, we can
assume valid the following relation:

P~P+P (1)

q K i

where P is the searched overflow probability, P, is the
overflow contribute coming form the signal component and
P is the overflow probability coming from the prediction
error, from which derives the bandwidth margin to be used

due to the unpredictability of N-stream aggregation bit rate.

As a further requirement for the MBAC system, we
assume the P probability be a fraction of P to safely
guarantee a sufficient bandwidth margin proportionally to the
loss probability of the N-stream aggregate (the established
QoS parameter):

P=axP. ©)

i s

In this way, the system will be able to better absorb
prediction error peaks. The choice of @ will be established in
the sequel. From (1):

P=(+a)-P. (€)

With such assumptions, we can draw the graphics for the
P as a function of the bit rate for several orders N of the
composite video stream.

By drawing the polynomial fitting curves of the bit rate as
function of the P, we can compute the bit rate of the
composite video signal as a function of the overflow
probability P.

B.  The MBAC implementation

The overflow probability can be used to define a MBAC
system; the N-streams composite video global bit rate has to
be considered; the two components bit rates respectively
coming from the unpredictability of the bit rate and from the
smoothed version of the bit rate time series have to be
considered.



Two different measures have been carried out, one over
the predicted signal and the other over the prediction error.

The first addressed system parameter to define is the
extension of the observation window to be used in this
application. The second, the filter taps to be used in the LP
filter. Simulations have shown that a fair choice of such
parameters is 1000 samples for the processing window
(corresponding to about 30 seconds at 30 fps), and a LP filter
of 15 taps. In all the simulation results here presented such
values have been used.

Let f (b) be the probability density function (pdf) of the
prediction error with respect to the bit rate, and F (b) its
corresponding  cumulative  distribution, the quantity
F (b)=1-F (b) represents the probability that the event “the
difference between estimated bit rate and the true one is grater
than b”. This probability will be used in the proposed MBAC

algorithm.

To accept a new streaming client, the available composite
video bit rate must satisfy the relation:

BR(N+1,P)+ABr(P /a)<C @)

where BR and ABr are evaluated by (5). BR represents
the composite video stream bit rate in the hypothesis the new
stream is accepted and multiplexed together with the given
N-streams composite video, to originate a (N+1)-streams
composite video as a function of the overflow probability Ps ,
and ABris the corresponding margin with respect to the
channel capacity C to absorb the peaks of the BR due to the
unpredictability of the phenomenon. As previously stated,
P =P/« has to be littler than P, but not excessively to avoid
an over-conservative admission control policy, that would
tend to reject flows even if there are sufficient bandwidth
requirements. A good choice is to choose P an order of
magnitude littler than P, so we choose for our experiments
a=0.1.

The curves of the bit rate probability obtained with all N
streams composite videos for the prediction error tend to
saturate, as N increases, to the curve in Fig.4. To be
conservative and make the algorithm simple, we have
considered a single curve corresponding to N large.

Whenever BR + ABr < C the new client will be admitted
to the service, otherwise the probability of overflow will be
estimated and passed to the client that, considering such
information, might decide to accept the service or deny it.

The limit condition (equality) can be assumed in (4).

For each N, and defined o in (2), the complementary
curves of the probability as a function of the bit rate can be
approximated by polynomial functions in the variable P,; we
compute a single polynomial function for the unpredictability
of the bit rate, ABr, and a family of curves for the N-streams
cases of composite video streams.

Thus we have:

s

L
ABr(P)=ABr(P./a)=Y c,-P'
n=0

. ®)
BR(N,P)=Ya,(N)-P'

Assuming to be in proximity of the channel capacity, with
a N-streams composite video, the algorithm steps consist in:

1) Compute the probability P, due to the (N+1) case
finding the zero of the polynomial equation
BR(P,)=C:

L
C=BR(N+L,P,)=>Y a (N+1)-P,
n=0

2) Compute the margin with respect to the channel
capacity for the (N+1)-streams composite video,
ABr(P,):

L
ABr(P,/a)=) c, P,

50
n=0

3) Compute the new maximum bit rate to be assumed
for the smooth signal, BR, :

BR, =C - ABr(P /)

4) Compute the minimum value assumed at the new
computed bit rate for the (N+1) case, P, , as the
solution of the polynomial equation
BR =BR(N+1,P,):

L
BR =BR(N+1.P, )= a,(N+1)-F;,
n=0
5) Compute the estimated overflow probability as:
P =(+a)P

III. EXPERIMENTAL RESULTS

The presented experimental results refer to real data of
composite videos obtained statistically multiplexing MPEG
encoded YUV-CIF videos, with GOP of 12 frames and 30 fps.
All the created composite video streams have been obtained
randomly mixing up to 20 sources with different statistics.

Fig.3 refers to the obtained complementary cumulative
distribution function for the cases of N multiplexed sources,
with N in the set [1,20].

Curves in Fig.3 and the curve in Fig.4 have been
polynomial fitted to give analytical expression in (3).

Two sets of N-streams composite videos time series bit
rates have been produced: a training one, used to obtain curves
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Fig.3. 1-F(BR): smoothed complementary cumulative probability
functions of the bit rates for several orders of composite videos.

in Fig3 and Fig4, and a test set, used to obtain
experimental results.Polynomials fitting curves for such
functions have been estimated, as described in Section 3.The
test of the proposed algorithm has been carried out on the test
set of N-streams composite videos to estimate the expected
overflow event.

A capacity C communication channel has been assumed,
and a number of video, N, in the composite video stream has
been selected in order to be close to the channel capacity and
give a negligible overflow probability. A request of service by
a (N+1)-th client has been assumed, and the overflow
probability for that client has been estimated as described in
Section 3.

Repeated experiments in the same conditions have been
carried out. The experimental measure of the overflow
probability for the test cases have been computed as the
fraction between the overflow experienced time duration and
the total duration of the (N+1)-streams composite videos.

The obtained overflow probability is mostly well predicted
by the proposed algorithm.Fig.5 presents the histogram of the
obtained probability values for 100 cases of (N+1)-streams
composite videos in the test set. The fraction of test cases
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Fig.4. 1-F,(BR): unpredictability cumulative complementary probability
functions of the bit rates for several orders of composite videos.
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Fig.5. Histogram of tested sequences: signaled by an arrow, the point on
the horizontal line represents the estimated overflow probability; the
estimated probability is lower of the experienced one only for the 10% of
the total test cases.

showing an experienced overflow probability greater than the
estimated one results lower than 10% in our simulations; also,
the difference in probability value is never much higher than
the estimated one.

IV. CONCLUSIONS AND FUTURE WORK

In this work a measure based predictive admission control
algorithm has been introduced.

The main advantage with respect to actual MBAC systems
is the ability of predicting the performance the video
streaming server is able to obtain in a given traffic congestion
situation, and leave the client the decision about accepting the
per-flow estimated QoS the system is experiencing, or deny
the service. Good performance in terms of predicted
probability have been obtained. The proposed technique will
thus be straightforwardly generalized to heterogeneous traffic
classes (audio, video, VoIP, music, data), the goal of a future
work.
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