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Preface

On behalf of the International Teletraffic Congress (ITC) and the host, Blekinge Institute of
Technology (BTH), School of Engineering (TEK), Dept. of Telecommunication Systems (ATS),
it is my pleasure to welcome you to the 18th ITC Specialist Seminar on Quality of Experience
(ITC-SS 18). ITC-SS 18 takes place in the Garden of Sweden, located in the south-eastern
corner of the country 400 km south of Stockholm, on the shore of the Baltic Sea. The venue is
Karlskrona, naval World Heritage city and owner of the TelecomCity project.

The notion and topic of Quality of Experience (QoE) keeps attracting the attention of man-
ufacturers, operators and researchers. It links user perception and expectations on one side and
technical Quality of Service (QoS) parameters, management, pricing schemes etc. on the other
side. Such links are needed in order to balance user satisfaction and economic aspects of service
provisioning. However, the notion of QoE as such is not without controversy. Technicians, used
to a world of objective and clearly definable parameters, tend to fear the subjective, somehow
fuzzy parts associated with end user perception. Vice versa, customer relationship and marketing
departments might find themselves uncomfortable with technical parameters which might not
reflect the user perception in some tense situations. Nevertheless, appearance and utility of a
networked service depend on the underlying technical solutions and their performance.

Thus, we face the challenge of bringing it all together, which essentially describes the spirit
of this seminar. ITC Specialist Seminars have a very good reputation in gathering experts and
their high-quality contributions around a performance-oriented topic of mutual interest. ITC-
SS 18 is intended as a meeting place between experts, researchers, practitioners, vendors and
customers. It is devoted to presentations and discussions of QoE concepts, analysis, management
approaches etc., both from industry and academia. While many conferences are dominated by
academia, one third of the submissions to ITC-SS 18 originated from industry. The contributions
have been peer-reviewed by at least three independent reviewers and finally, we selected 18
papers to be presented. Additionally, two keynote speeches will reflect one industrial and one
academic approach to QoE analysis and implementation. For the ITC, the leading conference
for performance modeling and analysis of communication networks & systems, ITC-SS 18 opens
a window towards the end user.

Let me take the opportunity to state my appreciation to the many colleagues that helped
to ensure the success of this seminar. Special thanks to the TPC Co-Chairs, François Blouin
(Nortel, Canada) and Patrik Arlos (BTH/TEK/ATS), for your precious help with managing
the review process, submission system, the web and the proceedings. Special thanks also to
the Chairman of the ITC, Prosper Chemouil (Orange Labs, France), and numerous colleagues
from the International Advisory Committee (IAC) of ITC for their very strong support and ad-
vice. Special thanks to the TPC members and reviewers for devoting their valuable time to the
screening of the contributions. Special thanks to the authors; without your interesting contribu-
tions, we would not have been able to compose this interesting program. Special thanks to our
keynote speakers, Matz Norling (Ericsson, Sweden) and Gerardo Rubino (INRIA, France) for
your highly appreciated presentations. And, last but not least, special thanks to the Department
of Telecommunication Systems for all practical and financial support.

Once again, welcome to Sweden, Blekinge, Karlskrona, BTH, and ITC-SS 18.

Markus Fiedler
ITC-SS 18 Chair
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Keynotes

Thursday 29th of May 2008

9:25 Securing predictable user experience

Matz Norling, Ericsson, Kista, Sweden.

Just because the network says it’s working doesn’t mean that the end user experience a service
the way they expect to. Operators must get a grip on user value, measuring it and assuring that
quality is delivered all the way. This requires a stepped, pragmatic approach - a framework of
activities, which will be presented in this talk.

Friday 30th of May 2008

9:00 Automatic measure of the Quality of Experience and applications

Gerardo Rubino, INRIA, Rennes, France.

The ultimate goal when designing an application running on top of a communication network is
the satisfaction of the final user, what is today called a satisfactory level of Quality of Experience
(QoE). For a multimedia application, the main component of the QoE is the perceived quality,
that is, the quality of the multimedia flow as seen by the human user, clearly a subjective concept.

We have developed the PSQA (Pseudo-Subjective Quality Assessment) approach for mea-
suring the QoE (by measuring quality as perceived by the final users). PSQA is a technology
able to provide a numerical (that is, quantitative) and accurate estimation of the quality of a
video, audio or multimedia flow, either one-way (for instance, video streaming) or interactive (for
instance, IP telephony), as perceived by the end user, automatically and in real time if neces-
sary. In the talk we will present our second generation of PSQA tools, having in mind two main
applications, network monitoring and network control. We will describe the main components of
the technology, the most important aspects of its current development, and the on-going appli-
cation projects, mainly to P2P video distribution networks, to mobile networks and to new video
codecs. We will also describe other interesting characteristics of the method allowing its use as
a complement to standard modeling techniques for performance and dependability analysis of
communication systems.
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Automated Qualitative Assessment of Multi-Modal
Distortions in Digital Images Based on GLZ

Andrzej Głowacz, Michał Grega, Przemysław Gwiazda, Lucjan Janowski,

Mikołaj Leszczuk, Piotr Romaniak, Simon Pietro Romano

Abstract—This paper introduces a novel approach to a quali-
tative assessment of images affected by multi-modal distortions.
The idea is to assess the image quality perceived by an end user
in an automatic way in order to avoid the usual time-consuming,
costly and non-repeatable method of collecting subjective scores
during a psychophysical experiment. This is achieved by com-
puting quantitative image distortions and mapping results on
qualitative scores. Useful mapping models have been proposed
and constructed using the Generalized Linear Model (GLZ),
which is a generalization of the least squares regression in
statistics for ordinal data. Overall qualitative image distortion
is computed based on partial quantitative distortions from
component algorithms operating on specified image features.
Seven such algorithms are applied to successfully analyze the
seven image distortions in relation to the original image. A survey
of over 12,000 subjective quality scores has been carried out in
order to determine the influence of these features on the perceived
image quality. The results of quantitative assessments are mapped
on the surveyed scores to obtain an overall quality score of the
image. The proposed models have been validated in order to
prove that the above technique can be applied to automatic image
quality assessment.

Index Terms—image quality, image distortion, MOS, Mean
Opinion Score, GLZ, Generalized Linear Models, quality metrics

I. INTRODUCTION

Nowadays several processing and transmission operations

are commonly applied to digital images. Examples could be

compression that allows reduction of a size of images or

transmission over a telecommunications network based on

connectionless protocols. This may result in introducing image

distortions and (in consequence) an imperfect reconstruction

of the original image. As a result, mono-modal (e.g. noise

or blur) or rather multi-modal distortions (e.g. combination

of noise and blur) may be introduced. This paper presents

a uniform approach allowing for independent quantitative

assessment of isolated distortion types and mapping them onto

qualitative scores representing both isolated distortions and

overall quality. Most image quality evaluation systems provide

only a single score representing overall image quality, while

the proposed independent assessment allows for specifying a

particular source of image degradation as well.
Image quality metrics can be classified using three or-

thogonal classification schemes: by the amount of reference

A. Głowacz, M. Grega, L. Janowski, M. Leszczuk, and P. Romaniak are
with the Department of Telecommunications, AGH University of Science and
Technology, Krakow, Poland

P. Gwiazda is with the Telekomunikacja Polska R&D, Warsaw, Poland
S. P. Romano is with the Computer Science Department, Universita’ degli

Studi di Napoli Federico II, Naples, Italy

information required to specify the quality, by the metric

calculation method and by the way the quality is expressed.

If the amount of reference information required to specify

the quality is taken into account, “Full Reference”, “Reduced

Reference” and “No Reference” scenarios can be specified.

If the metric calculation method is taken into account,

then metrics include a plethora of possible scalar parameters

based on algorithms ranging from simple data (pixel-to-pixel)

comparisons up to sophisticated image analysis. Data metrics

look at the fidelity of the signal without considering its content.

Examples of such measures are: Peak Signal-to-Noise Ratio

(PSNR), MSE and similar. There are also several metrics based

on sophisticated image analysis. Image metrics treat the data as

the visual information that it contains. These metrics include a

wide range of possible scalar parameters of the Human Visual

System (HVS) that analyzes the spectrum of the digital image

in order to reproduce human perception. As an example of a

metric, authors of Picture Quality Scale (PQS) [1] defined an

overall measure combined from several error scalars. In this

solution, however, no detailed information can be obtained on

specific image distortions.

Image quality metrics can also be classified by the way

the quality is expressed and furthermore into the qualitative

or quantitative. Quantitative criteria are usually expressed by

a numerical score. On the other hand, qualitative criteria

are considered with either graphical (e.g. Hosaka plots [2]),

textual (e.g. Mean Opinion Score — MOS [3]) or numerical

measures (e.g. R-value). It is important to note that the

quantitative measures can be calculated, but usually there are

no straightforward mappings on quality scales thus still the

exact quality of user experience of the compared image is

unknown. Therefore, in order to find such mapping function

a subjective tests have to be made.

An example of a quality metric providing the overall quality

score (MOS) is the Perceptual Evaluation of Video Quality

(PEVQ) based on ITU-T J-144 [4]. It is designed to estimate

the video quality degradation occurring through a network,

however, it can be simplified to the image quality metric since

it operates on a decompressed video stream (frames level).

The main idea of the presented approach is to develop

a set of cross-distortion robust1 algorithms for independent

assessment of the selected image distortions. Assessment of

any mono-modal distortion of an image quality is not a

very challenging research issue when mono-modally distorted

1Being insensitive to other distortions introduced to the image.
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images are considered (only one type of distortion). The task

becomes much more complex when an image is multi-modally

distorted (e.g. both noised and blurred). As the final step

of the presented approach, a mapping between automatically

obtained quantitative values and qualitative responses of a

simulated user has been assured, based on psychophysical

experiments (subjective tests) previously executed.

There are two contributions introduced within the presented

research. The 1st one is a set of the algorithms for independent

quantitative assessment of selected image distortions being

robust to cross-distortion influence. The 2nd one is the mapping

of quantitative metrics onto qualitative scores that allows for

elimination of difficult to organize, inaccurate and resource-

consuming subjective tests, while retaining their clarity.

The paper is structured as follows: the next section describes

the methodology details for metrics and compensations. Sec-

tion III presents subjective quality evaluation, and section IV

— user response mapping. In the third section, the results

are validated. The fourth section presents the implementation,

while the fifth section concludes the paper.

II. QUANTITATIVE METRICS AND COMPENSATIONS

This section presents details of the quantitative metrics for

assessment of selected image distortions being resilient to

cross-distortion influence.

A. Quantitative Metrics

The authors have developed metrics for quantitative as-

sessment of the following seven distortion types: contrast

distortion, blur, granularity, geometry distortion, noise, color

distortion and gamma distortion. Two proposed metrics are

based on some well defined approaches, examples of similar

blur and noise metrics can be found in [5] and [2] respec-

tively. The remaining part of the metrics represents a novel

approach. Telekomunikacja Polska R&D (Polish Telecom), the

orderer of the work, has specified the distortion types (quality

parameters) list. The choice was motivated and justified by

HVS characteristics and quality parameters of existing metrics

(PQS, PEVQ). Figure 1 presents the general methodology for

assessment of particular distortion types (including compen-

sations that allow elimination of harmful influence of some

distortions; the issue has been described in detail in subsection

II-B).

1) Contrast Distortion Assessment: In order to calculate

contrast distortion ConD, a method illustrated in Fig. 2 is

used. The histograms of the original F and the reconstructed

image F̂ are normalized. Afterwards, two pairs of the images

(one pair consists of the images F and its normalized equiv-

alent FN ) are compared using the PSNR metric defined by

equation (2). The PSNR metric returns similarity levels in the

dB scale. The result of the PSNR values’ subtraction stands

for the comparison indicator (as a subtraction in the dB scale

is equal to a division in the linear scale). The experiment has

proved that the applied approach assures insensitivity to any

other type of image distortion.

Fig. 1. Assessment methodology overview

Fig. 2. Contrast distortion detection

ConD = PSNR(F, FN ) − PSNR(F̂ , F̂N ) (1)

PSNR(F, F̂ ) = 20 log10

⎛⎝ Fmax√
MSE(F, F̂ )

⎞⎠ (2)

MSE(F, F̂ ) =

∑M
i=1

∑N
j=1

[
(F (j, k) − F̂ (j, k)))

]2

M · N (3)

Assuming F (j, k) as an original image luminance func-

tion, F̂ (j, k) as a reconstructed image luminance function,
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FN (j, k) as a normalized original image luminance function,

F̂N (j, k) as a normalized reconstructed image luminance

function, and Fmax as a maximum luminance value, contrast

distortion assessment algorithm ConD can be described by

equation (1).
2) Blur Assessment: The blur (also commonly referred to

as a sharpness distortion) is one of the most significant factors

that have an influence on the subjective opinion about the

image quality. It is closely related to the amount of the details

that an image can provide. The blur is defined as the shortest

distance between the areas having different tones of colors

(e.g. black and white). An edge detector seems to be an

appropriate image blur indicator. The more edges detected on

images, the better the image sharpness.

Fig. 3. Blur detection

The first step to calculate an image blur is to convert

both input images to gray scale (see Fig. 3). Afterwards, all

the edges on the images are detected using the Canny Edge

Detection method (CED) [6]. The next step is to calculate

power P of the images which directly reflects an absolute

edges amount. The result of the subtraction of the images’

power defines the blur comparison value, which is returned

as the output of the script. The experiment has proved that

the applied approach assures insensitivity to any other type of

image distortion.

B = P (F ) − P (F̂ ) (4)

P (F ) =

∑M
i=1

∑N
j=1 [CED(F (j, k))]2

M · N (5)

P (F̂ ) =

∑M
i=1

∑N
j=1

[
CED(F̂ (j, k))

]2

M · N (6)

The blur assessment algorithm B is defined by equation (4),

provided that P (F ) and P (F̂ ) are correspondingly an original

image power and a reconstructed image power.

3) Granularity Assessment: Two images showing the same

object, having exactly the same dimensions, can present

diverse qualities – they can provide completely different

amounts of the details. The reason why it can happen is a

decrease of a number of pixels contained in an image. In

other words, the effective size of a single pixel on an image

can be significantly enlarged, which will result in the higher

granularity of an image. The type of distortion applies to the

whole image.

Fig. 4. Granularity detection

Calculation of image granularity is performed in a few steps,

as illustrated in Fig. 4. At the beginning, l random points

are chosen from an image (Lbegin
l ). Starting from each point,

the total number of pixel-changes PixChl is calculated for

the vertical V L(l) (see equation (9)) and horizontal HL(l)
(see equation (10)) lines (a pixel-change Ch appears when

at least one of the R, G or B values is different from the

previous one). Line length is described as Lend
l − Lbegin

l .

The maximum number of pixel-changes for all the lines is

the image resolution (see equation (8)). It is possible that

the real (maximum) value of the image resolution will not

be found, as the whole image area is not being analyzed.

However, it is not a problem since the same lines are analyzed

on both images (original and reconstructed). As a result of the

granularity comparison process, a quotient of the maximum

found resolution for reference and distorted images is obtained.

The experiment has proved that the applied approach assures

insensitivity to any other types of image distortions.

G = EffRes(F )/EffRes(F̂ ) (7)

EffRes = max ((PixCh(V L(l)), P ixCh(HL(l)))) (8)
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PixCh(V L(l)) =
Lend

l∑
i=Lbegin

l

Ch(f(j, i), f(j, i + 1)) (9)

PixCh(HL) =
Lend

l∑
i=Lbegin

l

Ch(f(i, k), f(i + 1, k)) (10)

Ch =

{
1

when R or G or B value is

different for two pixels
0 other cases

(11)

The granularity assessment algorithm G is defined by equa-

tion (7) where EffRes(F ) and EffRes(F̂ ) are an effective

resolution of the original image and the effective resolution of

the reconstructed image respectively.

4) Geometry Distortion Assessment: The geometric distor-

tions may be introduced into the image during the analog pro-

cessing stage. The analysis of geometric distortions is based on

motion detection. Although the measurement is performed on

still images, the original and reconstructed images are treated

as the concurrent frames in order to apply the motion detection

algorithm. The geometric distortion is treated as a movement

between two frames. The motion detection algorithm is similar

to motion estimation used in video compression in the MPEG

standard applications. The algorithm is executed in several

steps. In the first step, a set of uniformly distributed square

blocks (n) is chosen on both original and distorted images. For

each block from the original image a similar is searched for

in the distorted image. The search is performed in a set radius

(r) from the original location of the block. The similarity here

is understood as the smallest difference between the original

block and all possible blocks within the set radius in the

distorted image. The difference between blocks is calculated

with use of MSE. In the next step, for each pair of blocks

— the one from the original image b and the one from the

distorted (̂b) image — a motion vector (�V ) is calculated.

Finally, the total length of the movement vectors is taken

into account in order to allow assessment of the geometrical

distortion using the following formula:

GeD =
∑n

i=1 |�V |
n· r (12)

5) Noise Assessment: Noise assessment is roughly based

on an idea of Hosaka plots. The algorithm starts with quad-

tree image decomposition, and then noise is assessed in square

pixel blocks divided into a couple of classes Ci, i = 0, . . . , n
(usually where n = 4), thus in blocks beginning from 1 × 1,

usually up to 16×16. Both noise and reconstruction inaccuracy

parameters are represented by an equal number of Hosaka

values: DS (Ci) (noise coefficients) and DM (Ci) (inaccuracy

coefficients), accordingly (DS (C0) ≡ 0). The Hosaka plots

are drawn at a polar chart, where one hemi-disk is related

to DS and the second to DM . The shape of the Hosaka plot

Fig. 5. Geometry distortion detection

specifies if noise is introduced for details (represented by small

blocks) or for larger, homogeneous areas (large blocks). Please

refer to [2] for more details on Hosaka plots, not presented

here due to space limits.

Fig. 6. Noise detection

The distortion value N has been defined as

being proportional to the area of the noise part
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of the Hosaka plot, thus a sum of areas of

O (0, 0) Si (θi, DS (Ci)) Si+1 (θi+1, DS (Ci+1)) triangles,

where point coordinates are given in a polar coordination

system, and θi is an angle at which the DS (Ci) value has

been presented

N =
n−1∑
i=0

1
2

sin |θi+1 − θi|DS (Ci) DS (Ci+1) (13)

Considering that |θi+1 − θi| ≡ π
n−1 , as well as the fact that

the distortion value is not normalized, all constant values can

be excluded, resulting altogether in a simplified N notation as

N =
1
2

sin
π

n − 1

n−1∑
i=0

DS (Ci) DS (Ci+1) ∝
n−1∑
i=0

DS (Ci) DS (Ci+1)

(14)

Please consult Fig. 6 for the graphical algorithmic presen-

tation of the noise level assessment algorithm.

6) Color Distortion Assessment: The color distortion of

an image is perceived by the quality of hue component

representation in a HSV (Hue-Saturation-Value) color space.

We consider all pairs of corresponding pixels in the original

and distorted image. A difference histogram is created based

on hue distortions of each pixel pair. During experiments it

has been found that certain types of distortions produce large

peaks in a difference histogram (see Fig. 7).

This is concerned especially with either contrast or geo-

metric distortions. Elimination of these peaks is crucial for a

reduction of a metric variance. Therefore, a peak threshold T
is defined

T =
M · N
360

. (15)

Differences lower than the threshold T can only be included

into a difference histogram. The color quality assessment is

considered as the sum of the hue difference histogram divided

by total number of pixels. The output metric lies in the range

0..1 and is increasing along with color distortions.

7) Gamma Distortion Assessment: The gray-scale distor-

tion of an image is mostly caused by the changes in a gamma

level. This type of distortion can be successfully assessed

by gradual degradation of the original image and its direct

comparison to the distorted image. We use the following

algorithm to assess gray-scale distortion of an image.

First, we empirically determine the limits of gamma, that is

the levels of the highest perceivable darkening and brightening.

This goal is achieved by finding the limits on gamma during

many subjective scores. Then, in several number of steps, we

degrade the original image in gama domain and calculate the

PSNR distance between the distorted image. The gamma range

is narrowed down during the calculations (gama subrange

with lower PSNR metric is discarded). Each step leads to

consecutive game range narrowing. At the end, the center

Fig. 7. Color Distortion algorithm

Fig. 8. Gamma Distortion algorithm

gama value from the subrange with the highest corresponding

PSNR value is considered as the distortion level.

B. Compensation

Assessment of any distortion of an image quality is not

a very challenging research issue as far as mono-modally

distorted images are considered (only one type of distortion).

The task becomes much more complex when an image is

multi-modally distorted (e.g. combining contrast distortion,
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blur and gamma distortion). According to performed research,

only contrast distortion, blur and granularity assessment al-

gorithms are insensitive to other types of distortions. This

means that evaluations of some of the distortions can not

be performed properly when at least one additional algo-

rithm appears (distortion disables proper calculation of the

quantitative quality). In order to enable accurate assessment

of a single distortion of a multi-modally distorted image, a

number of compensations were applied. Compensations allow

to eliminate harmful influence of some distortions, based on

improvement of the reconstructed image (applicable only for

fully reversible distortions) or distorting the original image

(for irreversible distortions).
1) Contrast Distortion Compensation: A compensation of

the contrast distortion allows to calculate other quality met-

rics more precisely. Any losses in a contrast level are fully

reversible distortions. In order to compensate a contrast distor-

tion, histograms of the reference and the reconstructed images

are normalized (stretched to the maximum range).
2) Blur Compensation: This type of distortion is irre-

versible, hence the reconstructed image cannot be corrected

without knowing the exact distortion model. The only possible

solution is to apply the same level of blur for the original

image. In order to assess parameters of distortion that should

be applied on the original image, the numeric method of

the minimal differences level between the original and the

reconstructed image is used (see Fig. 9). A computation of

differences is based on the blur evaluation methods. The whole

process consists of eight steps, each step narrowing the range

of the possible distortion parameters and giving better results.

If we assume distortions ranging from 0 to 1, eight steps of

this method allow us to assess distortion parameters with an

error equal to 2%, in the worst case.

Fig. 9. Numeric method of blur compensation

3) Geometry Distortion Filtering: Once the geometric dis-

tortions are quantitatively assessed, they are filtered out in

the proposed solution — thus no areas affected are further

processed and assessed. The filtering is based on results of

assessment of geometrical distortions. Matching blocks from

the original and the reconstructed images are passed for further

assessments.

The criterion for qualifying a particular pair of blocks (b and

b̂) for further processing (sets BF and B̂F ) is based directly

on
∣∣∣�V ∣∣∣ (the length of its motion vector related to them). Only

pairs of blocks having
∣∣∣�V ∣∣∣ = 0 are qualified.

BF =
{

b ∈ B :
∣∣∣�V ∣∣∣ (

b, b̂
)

= 0
}

(16)

B̂F =
{

b̂ ∈ B̂ :
∣∣∣�V ∣∣∣ (

b, b̂
)

= 0
}

(17)

Fig. 10. Geometry distortions filtering

Two new images are created as a composition of original

and reconstructed blocks that passed the filter. The blocks are

aligned in single rows in each of the images, with horizontal

bars having a height equal to the height of a single block and a

width equal to a width of all qualified blocks. The new images

are passed as a basis for further processing.

4) Noise Compensation: For various distortion metrics,

noise compensation procedures had to be applied. In most

cases, the peak noise elimination filter was deployed [7].

Considering that each image noise compensation introduces

changes in de-noised images as well, the compensation is

applied both to the original and the reconstructed image (see

Fig. 11).

The primary function of the noise eliminating filter is to

smooth image objects without losing information about edges

and without creating unnecessary image structures. The key

assumption is to replace every pixel tagged as a noise pixel
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Fig. 11. Noise compensation

with the neighboring pixels’ values. A pixel is qualified as

noise only if it has the maximal or the minimal values within

a pixel window — w (j, k).

w (j, k) =

⎡⎢⎣ F (j − r, k − r) . . . F (j + r, k − r)
...

F (j − r, k + r) . . . F (j + r, k + r)

⎤⎥⎦
(18)

It is possible to specify a neighboring pixels’ proximity

radius, thus the width of the neighborhood (r). The noise

filtering is done by applying a digital filter to the noisy

reconstructed image. In most of the cases, r = {1, 2} gave

the best results.

III. SUBJECTIVE QUALITY EVALUATION

The main motivation of subjective trials was to collect Opin-

ion Scores (OSs) regarding quality of reconstructed images in

order to determine a mapping function between quantitative

quality (output of the algorithms for quantitative quality as-

sessment) and quality perceived by a typical user. Subjective

OSs allow for constructing models, eliminating the necessity

of involvement of human testers in further tests.

A. Methodology

General provision for the subjective assessment of the

quality is presented in [8]. According to the Recommendation,

subjective tests of image quality should be conducted on the

diverse and numerous groups of experts (testers). For all the

reconstructed images, a number of subjective scores (OS)

should be collected. In order to assess how strongly few

distorted parameters influence the perceived quality, each test

session should include evaluation of both mono- and multi-

modally distorted images.

The test required the double stimulus method with five-

level impairment grading and the absolute image quality

assessed. Hence, DSIS [8] was used as a basic methodology

for subjective tests, with one minor change. Assessment of

the image quality did not refer to the distortion level, but to

the absolute image quality (just as described in the DSCQS

methodology [8]). Therefore, the presented methodology is a

combination of both approaches based on the double stimulus.

The applied modifications eliminate error being a result of

transition between distortion level and image quality, which is

required as the final result of the image distortions’ assessment

process.

B. Test-Set

Subjective tests were performed upon a test material (test-

set) prepared using a software distortion tool designed in the

scope of the research. The distortion tool allowed application

of all types of considered distortion aspects (seven isolated

quality aspects).

Fig. 12. Base test image

One image from the standardized digitized image set [9]

was chosen as a base to create the whole test-set (see Fig.

12). The image presents variegated content and seems to be

representative for color images. The test-set included several

images generated with a distortion tool: 94 distorted mono-

modally and 330 distorted multi-modally.

C. Subjective Tests

Subjective tests included approximately 200 trials overall.

Each evaluation trial consisted of 60 random images (gener-

ated separately for each trial) chosen from the whole test-set

(426 images), which eliminated error being a result of the
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order of fixed images. Within these 60 images, in each test,

12 were mono-modally distorted and 48 were multi-modally

distorted. The number of images in one trial was limited by

the human capability to give reliable answers in a continuous

period of time (about 15 minutes). As a result of subjective

tests, about 2400 OSs for mono- and 9600 OSs for multi-

modally distorted images have been collected.

IV. USER RESPONSE MAPPING

The next research goal was to find a function mapping

the quantitative image distortion levels to the qualitative user

responses. In Section II-A, different distortion assessment

algorithms have been described. Nevertheless, the value ob-

tained for each algorithm does not predict the qualitative user

response. Therefore, a function mapping the assessment values

to the qualitative user responses had to be found.
At first look, the quantitative result of an assessment and

a mean qualitative user response could be mapped using a

regression algorithm. Nevertheless, the basic assumption of the

regression algorithm is that the response distribution can be ap-

proximated by a normal distribution. As the users could choose

only one of the five answers, the obtained answer distribution

cannot be approximated by the normal distribution. The reason

is a symmetry of the normal distribution (around the mean

value) that cannot be guaranteed, as distribution of testers’

responses reveals a skewness. Moreover, the verbal description

used in the DSIS is easy to understand for people, but it has

no clear mathematical meaning. Therefore, in [3] mapping the

verbal answers to numbers is proposed. As a consequence,

the numbers are only a convention and the analyzed variable

(response) is of the ordinal type [10].
The ordinal variables are variables for which an ordering

relation can be defined but a distance measure cannot be

defined. The OSs have an order relation because “Poor”2

is better than “Bad”, but worse than “Fair.” Nevertheless, a

distance between answers “Excellent” and “Fair” or “Good”

and “Poor” cannot be found. Everyone has their own measure

of these differences. Therefore, modeling the ordinal answers

in the same way as strictly numerical data is a common

mistake [10].
In order to model the ordinal answers properly, more general

models than simple regression models have to be used [10].

The generalization of the regression model is the Generalized

Linear Model (GLZ). The recommended approach is the GLZ

which in the presented study is supported by an ordinal

multinomial distribution and the logit link function3.
Note that there are five possible answers therefore the user

response distribution is a discrete distribution. As a conse-

quence, the GLZ model is the probability of each possible

answer from “Excellent” to “Bad” computed as a function of

the distortion assessment algorithm value.

2The testers chose an answer described by words “Excellent”, “Good”,
“Fair”, “Poor” or “Bad”. Moreover, the meaning of each single word was
more precisely described according to recommendation [3].

3The GLZ can model different distributions and different non linear
transformations of the distributions. The non linear transformations are called
link functions.

The main advantages of the GLZ model in comparison to

the linear regression are as follows:

• the user response distribution is found (for linear regres-

sion only a mean value is known);

• it is not necessary to assume that the OSs are normally

distributed (for linear regression the OSs have to be

approximately normally distributed).

As a result of using the GLZ model, the user response

distribution is estimated as a function of the assessment values.

The distribution could be used to compute the MOS (Mean

Opinion Score) for each distortion. Nevertheless, during the

research it has been found that some distortions have the

answer distribution where the mean value is around 3 and

the most probable answer is 4 or 2 but never 3. For example,

the distribution was 10% “Excellent”(5), 35% “Good”(4), 20%

“Fair”(3), 25% “Poor”(2) and 10% “Bad”(1). In such a case

the MOS can give a corrupt feeling that the greatest number

of users see the image as “Fair.” Therefore, we decided to

introduce and to use the Most Probable Opinion Score (MPOS)

as a measure of users’ responses.

Performing the research project for a commercial company,

we were focused on a practical implementation of the obtained

results. Therefore, we focused to found out how behaves the

largest group of users. Such functionality is another reason to

use the MPOS measure instead of the MOS measure.

The detailed algorithm of the analysis of the user’s answers

was as follows4 :

1) Obtained data have been cleaned i.e. if a tester has given

a far better answer (i.e. at least two levels) for a worse

image than for a better one, all tester’s answers have

been removed. Such cleaning have to be done since some

testers scored the pictures only in order to finish the test.

They did not think about real picture quality.

2) The cleaned data obtained for a single distortion have

been split up in order to obtain a training set and a

test-set. The reason for dividing the data set in two sets

is as follows. We were looking for a general function

mapping a distortion assessment algorithm value on a

distribution of the OSs. The mapping function is general

if it predicts not only the distribution of the OSs that

were used to estimate the mapping function parameters.

Therefore, instead of repeating tests after finding the

mapping function, the collected data set was divided into

a training set and a test-set. The test-set was used to test

if the mapping function correctly estimates the data that

were not used to estimate the mapping function.

3) The results obtained for a single distortion have been

used to find a mapping function for a particular dis-

tortion, and the procedure has been repeated for all

distortions.

4) Since it is possible to propose numerous different map-

ping functions (based on the GLZ modeling) the best one

4Since, the paper size is limited it is not possible to explain all details.
Nevertheless, we believe that presented steps are sufficient to implement the
same methodology in another research.
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has to be chosen. The Schwartz Information Criterion

(SIC) [11] was used as a criterion of comparing different

mapping functions. Note that the mapping function is

a GLZ model. Since the GLZ model is a statistical

model, it is possible to compute a measure of the fitting

goodness using R2. Therefore, the SIC is one possible

alternative fitting goodness measure.

5) The obtained GLZ model distribution and a test-set

distribution have been compared on the basis of the

Pearson χ2 test [12]. If the obtained distributions were

different than the test-set distribution (according to the

Pearson χ2 test), another model has been analyzed.

The final mapping function describes an OS probability as a

function of a particular distortion assessment algorithm value.

Note that for the same distortion assessment algorithm value

the OS probability is different for each answer (1, 2, 3, 4 or 5).

Therefore, five different probability functions of the distortion

assessment algorithm value represent the final result obtained

for a single distortion.

The obtained probabilities are computed with confidence

intervals. The model answer is the MPOS, therefore the high-

est drop probability have to be found. Since, the confidence

intervals of two probabilities can overlap we could consider

a crossing value. The crossing value could be marking the

obtained MPOS or adding a non integer value. Nevertheless,

such a value would make the system more complicated to

interpret. Therefore, we did not specify the intervals where

probabilities confidence intervals overlaps.

The final user response mapping is represented by seven

different functions. The functions map the distortion assess-

ment algorithm value on the five level OS scale. Note that

each function maps single distortion. Separately, a function

mapping all seven distortion assessment algorithm values on

the five level OS scale has been found. Therefore, the final

result of GLZ modeling was a set comprising eight functions.

The first seven describe the distribution of the user opinion

score for a single distortion. The last function describes the OS

distribution for an image affected by multi-modal distortion.

V. RESULTS VALIDATION

The goal of this research was to find a correlation between

the automatically obtained qualitative scores and the user OSs

about the images. In Section IV, mapping the assessment

values on the OS distribution were proposed. Moreover, in

Section IV the reason for using MPOS (Most Probable Opin-

ion Score) instead of MOS (Mean Opinion Score) is presented.

The function mapping the qualitative assessment values on

the MPOS value is called the MPOS metric. Since eight

different mapping functions have been estimated, eight dif-

ferent MPOS metrics are found. Note that 7 of them map

the MPOS for one of the seven mono-modal distortions. The

eighth MPOS metric maps the MPOS for the multi-modally

distorted image. This special MPOS metric has been called the

Complex MPOS metric. Moreover, we proposed the worst, i.e.

the minimum, of all seven single distortion MPOS metrics, to

use as an alternative multi-modal distortion metric. This metric

has been called the Minimum MPOS metric. The analysis

scheme and the obtained results are shown in Fig. 13

Fig. 13. Overview of the metrics analysis scheme

The accuracy of the obtained metrics is computed as an

answers difference i.e. the difference between the sample

mode (the most frequent value) and a metric answer. Note

that the negative values indicate that a metric overestimates

the image quality and the positive answers indicate that a

metric underestimates the image quality. For example, if the

difference is -3 it means that the metric answer was 5 or 4

for the image for which the sample mode answer (the most

frequent answer) was 2 or 1 respectively. This notation is used

in Fig. 14.

In Fig. 14, frequencies of a difference between the answer

that has been chosen by most testers and the metric answer

have been presented. Figures 14.a-g present the accuracy of

the single distortion metrics, i.e. the metrics considering only a

mono-modal distortion. The accuracy of the metrics for mono-

modal distortion metrics has been compared with the images

distorted by the same distortion.

The last two Figs., 14.h and 14.i, present the accuracy

of the Complex MPOS metric and Minimum MPOS metric

respectively. The comparison for the metrics for multi-modal

distortions has been performed for all images, including those

multi-modally distorted.

(a) Contrast (b) Sharpness (c) Granularity

D
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e
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cy (d) Gray scale (e) Geometry (f) Noise

(g) Color

Tester MPOS - metric MPOS

(h) Complex MPOS (i) Minimum MPOS

Fig. 14. The frequency of the answers difference for different metrics
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From Figs. 14.a-g it can be seen that some distortions are

very well predicted, such as contrast distortion (Fig. 14.a). The

others, for example granularity (Fig. 14.c), reveals a much

higher variance. Figure 15 shows the metric and the user

answers (the most probable answers) of the granularity on a

single plot.

Fig. 15. Comparison between metric and the user answers obtained for the
granularity distortion

An interesting observation is that the high variability of the

answers’ difference is not necessarily a result of the metric

inaccuracy. Note that the metric response have to be monotonic

since for more distorted picture its quality cannot be better.

Nevertheless, the users’ responses vary for the increasing

distortion level (the solid line in Fig. 15). The user answers can

vary because of numerous different reasons. Note that different

images can be scored by different persons and their feelings

can be different.

An error not higher than -1 is obtained for 95% for both

metrics for multi-modally distorted images. Moreover, both

Complex MPOS Metric (Fig. 14.h) and MIN MPOS metric

(Fig. 14.i) are accurate for almost 75% of the answers. The

Complex MPOS metric takes into consideration influences of

different quality assessment values. Nevertheless, the Complex

MPOS metric is not much better than a simple minimum of the

seven single distortion metrics. It shows that probably the most

important from a tester point of view is the worst distortion

level. Since, the accuracy of the Minimum MPOS metric is

similar to the more complicated model, we implemented this

solution as simpler and therefore more predictable.

VI. SUMMARY

The paper presented a solution to the problem of an auto-

mated evaluation of a subjective image quality. The authors

designed a software tool for an evaluation of image quality

implemented in the form of a Perl-based software package.

The two-step procedure allows a user to compare a pair of

images and receive information regarding the qualitative scores

of a distorted image.

In the first step seven types of distortions, covering possible

image artifacts well, are being determined numerically. For

numerical evaluation of some of the distortions the basic

functions of the ImageMagick software were found useful.

For other cases the algorithms were implemented by the

authors from a scratch. The problem of a mutual cross-

distortion influence was identified as well and dealt with by

compensation algorithms successfully.

During the second step a mapping function is employed

that transforms numerical distortion measures into scores equal

or satisfactory close to ones given by humans assessing the

quality of the same image. The shape of the mapping function,

together with its statistical credibility, was investigated and

tuned with the sophisticated GLZ techniques based on results

of extensive subjective tests for a reference image.
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End-2-End Evaluation of IP Multimedia Services, a

User Perceived Quality of Service Approach

Pedro Casas, Pablo Belzarena and Sandrine Vaton

Abstract—Providing Quality of Service (QoS) has always been
an important task for Internet Service Providers. However, the
proliferation of new multimedia content services has turned it a
vital and challenging issue. The problem with QoS in nowadays
Internet is what to measure and how to do it in order to provide
real quality levels to end-users. Recent works in the field have
focused on the service consumer, assessing the QoS as perceived
by the end-user. This paper addresses the automatic evaluation
of the QoS as Perceived by an end-user (PQoS) of a multimedia
service. We present a general overview of the PQoS approach,
studying the impact of different network and multimedia features
on the quality as experienced by human beings. We develop an
original software tool that integrates all the aspects related to
the automation of the estimation process, using a broad group of
PQoS methodologies. To date and to the best of our knowledge,
there is no open source software implementation that completely
estimates the PQoS for a VoIP and VideoIP service in a real
environment. Using this software tool and real subjective tests,
we perform an unbiased comparison of the different proposed
techniques for video and audio services over IP.

I. INTRODUCTION

Q
UALITY of service (QoS) in traditional telecommuni-

cations has always been focused on network metrics:

packet loss, delay, jitter, available bandwidth, etc. Classical

QoS provisioning involves keeping particular groups of this

performance metrics within certain limits, in order to offer the

user reasonable quality levels. The problem with this approach

is that in today’s Internet, the heterogeneous features of current

services make it difficult, sometimes even impossible to clearly

identify the relevant set of performance parameters for each

case. Even more, the quality experienced by a user of the new

multimedia services not only depends on network features but

also on higher layers’ characteristics [1] (multimedia coding

and compression, recovery algorithms, nature of the content,

etc...). In this sense, a final user may experience acceptable

quality levels even in the presence of severe network degrada-

tion. These observations show that rating the quality of the new

multimedia services from the network’s side may no longer be

effective.

The user perceived quality of service (PQoS) field addresses

this problem, assessing the quality of a service as perceived

by the end-user. The assessment of perceived quality in

multimedia services can be performed either by subjective or

objective methodologies. Figure 1 presents a general overview

of the PQoS evaluation field.

P. Casas and P. Belzarena are with the Department of Electrical Engineering,
Engineering Faculty, Universidad de la República, Montevideo, Uruguay e-
mail: {pcasas,belza }@fing.edu.uy. S. Vaton is with the Computers Science
Department, TELECOM Bretagne Engineering School, Brest, France e-mail:
sandrine.vaton@telecom-bretagne.eu.
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Fig. 1. PQoS Evaluation.

Subjective methods represent the most accurate metric as

they present a direct relation with the user’s experience. These

methods consist in the evaluation of the average opinion that a

group of people assign to different audio and video sequences

in controlled tests. Different recommendations standardize the

most used subjective methods in audio [10] and video [11],

[12]. The problem with subjective methodologies is their lack

of automation (by definition, they involve a group of people

for conducting the tests) resulting in an expensive and time

consuming approach.

On the other hand, objective methods do not depend on peo-

ple, making them really attractive to automate the evaluation

process. The objective PQoS evaluation can be either intru-

sive or non-intrusive. In network’s context, intrusive means

the injection of extra data (audio and/or video sequences)

to perform the measurement. Intrusive methods are based

on the comparison of two sequences, a reference sequence

(original) and a distorted sequence (i.e. the one modified

during network transmission). This comparison is generally

performed either in the time/space domain (simple sample

comparison: mean square error (MSE), signal to noise ratio

(SNR) or peak signal to noise ratio (PSNR) [1]) or in the

perception domain, using models of the human senses to

improve results. In this last category we have (for audio

assessment) the perceptual speech quality measure (PSQM)

[16], the measuring normalizing blocks (MNB) [14], the

enhanced modified bark spectral distortion (EMBSD) [15]

and the perceptual evaluation of speech quality (PESQ) [17],

[18]; in the case of video, some of the developed tools are

the Structural Similarity Index Measurement (SSIM) [22],

[23], [25], the Video Quality Measurement (VQM) [19] and

the Time/Space Structural Distortion Measurement (TSSDM)
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[21]. [27] presents an interesting validation report of objective

models for video quality assessment. All these tools provide

a measure of the perceptually relevant degradation of the

multimedia sequence. Considering their application in real-

time assessment (a desirable property in todays’ networks), the

major problem with objective intrusive methodologies is their

inherent need of both sequences, something that may result

too restrictive in some network scenarios. In the case of video

sequences there is an extra problem, the time and resources

consumed by complex methods are generally too high.

Non-intrusive methods present an important advantage, they

do not require any extra sequence to perform the estimation.

This allows their use in real-time scenarios. Depending on the

kind of information they use, non-intrusive methods can be

classified as either sequence based or parameter based. In the

case of sequence based methods, the assessment is done with-

out any reference sequence, just applying different algorithms

to the distorted sequence. These methods are also known as

“null reference”. In the case of parameter based methods,

network features as well as characteristics of the multimedia

itself are taken as input. The idea is to conceive a model

which allows to map a PQoS relevant set of these parameters

in a quality value (as perceived by the end-user). Examples of

these features are loss rate, length of loss bursts, delay, jitter

(network features), coding, nature of the content (e.g. motion

level, language), bit rate, frame rate (multimedia features),

etc. The ITU E-Model [8] and the pseudo subjective quality

assessment (PSQA) [2]–[4] methods fall in this category.

The E-Model is an empirical/mathematical set of formulas

originally designed for telephony networks planning, and even

though it is actually being used in IP networks, results have

shown that it is not accurate enough for user perceived quality

assessment [7]. The recently introduced PSQA approach uses

a statistical learning algorithm (a Random Neural Network

[5]) to learn the relation between network and multimedia

features and user perceived quality. The PSQA has already

shown interesting results in the PQoS field [2], [3]. The

main drawback of parameter-based methods is their strong

dependence on subjective tests’ results for training (in fact,

all different objective methods must have in some sense a

calibration phase as their results are not in the same scale as

subjective tests’ results).

In this work, we present an original software tool that

integrates all the aspects related to the automatic evaluation

of a multimedia Internet service as perceived by the end user,

using a broad group of objective PQoS methodologies. To

date and to the best of our knowledge, there is no open

source software implementation that completely estimates the

PQoS for a VoIP and VideoIP service in a real environment

using such a broad group of techniques, including all the

steps between the selection of the service and the evaluation:

multimedia real time streaming/capturing, active and passive

network measurements, time synchronization and PQoS es-

timation. Using this software tool and real subjective tests

conducted during the development of this work, we perform

an unbiased comparison of different techniques for video and

audio services over IP so far proposed.

The remainder of this paper is organized as follows. In

Section II we study the impact of different network and

multimedia features on PQoS for VoIP and VideoIP. A detailed

description of the PQoS algorithms as well as the measurement

methodology of the software tool is presented in section

III. The software implementation is described in Section IV,

presenting the architecture and design of the developed tool.

In Section V we present and analyze the experimental results,

describing the test environment and comparing the perfor-

mance of the selected estimation methods. Finally, section IV

concludes this paper.

II. QOS IN VOIP AND VIDEOIP

The QoS experienced by the end-user of an audio and

video transmission depends on many different features. We

can classify them in two categories: network features and

multimedia features. The term network features refers to all the

objective QoS metrics involved in a multimedia transmission

through an IP network: losses, delays, bandwidth, etc. In an

attempt to standardize the definition of QoS at the IP layer,

the IP Performance Metrics IETF working group has specified

many of these network features in several recommendations:

one-way-delay [29], packet loss [31], round trip delay [32],

loss pattern [33], delay variation (jitter) [34], network capacity

[35], etc. Multimedia features includes all the higher layers’

features for multimedia transmission (recovery algorithms,

de-jitter buffers, etc.) and the specific components of the

multimedia itself, like coding, bit-rate, frame-rate, motion

level of the video sequences, etc. Delay has a major impact

over interactive or real time multimedia applications, such

as telephony, video conference, gaming or live transmissions.

For example, the ITU-T recommendation G.114 specifies that

delays from sender to receiver must be lower than 150ms.

to avoid the loss of interaction between end-points in a

conversation. Figure 2 presents the different components that

contribute to delay from sender to receiver in an end-to-

end multimedia transmission: multimedia coding/packing at

the source, intermediate buffers, network transmission and

decoding/unpacking at destination.

Input buffer

Dejitter buffer

Unpacking/Decoding

Coding/Packing

Output buffer Uplink Backbone Downlink

Fig. 2. End-to-end multimedia transmission.

Large delays have another undesirable effect: they reduce

the throughput of transmissions over TCP. Even though TCP is

not the most suitable transport protocol for real-time multime-

dia, it is largely used in applications such as radio streaming
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(Virgin Radio [24], Pandora [36] etc.) and video content

delivery (YouTube [20], MSN TV [30], etc).

The quality of a multimedia transmission is also affected

by the delay’s variation or jitter. Audio and video are coded

at the source at a given rate, and so packets are expected to

arrive at destination at the same rate for an accurate decoding.

In [26], the authors show that the effects of packet jitter on the

experienced quality are similar to those of packet loss; this is

somehow expected, as packets that do not arrive on time are

seen as lost information by the decoder at destination. The

effects of jitter can be reduced by using de-jitter buffers at

the reception (fig. 2), but this solution has the drawback of

increasing the delay between end-points.

Coding is another important feature regarding PQoS. Al-

most every codec used in audio and video takes advantage of

the correlation of the sequence to reduce the bandwidth re-

quirements (compression). The quality obtained with different

codecs depends on the compression algorithms they use and

on the compression rate. Figure 3, taken from [13], presents

the quality (PSNR, see section III-B2) of a video sequence

as a function of the codec bit-rate for different codings. For

example, we can see that for the same quality level, the codec

bit-rate of a MPEG2 coding is approximately the double of a

H.264/AVC coding.

Fig. 3. Performance of different video codecs for different bit-rates.

Codec compression makes that not all transmitted packets

have the same importance as regards quality at the receiver

side. Indeed, if we take for example an standard MPEG coding,

some packets will carry more information than others (I-

frames in contrast with P,B-frames [1]) and decoding robust-

ness will directly depend on which packets are lost. This takes

us to another important feature that influences quality, the loss

pattern: single isolated losses do not have the same impact as

consecutive losses.

The effects of losses on the perceived quality of service

are highly correlated with the multimedia coding. Figure 4

presents this idea. In 4(a), a video with MPEG1 coding is

transmitted over a lossy connection. In 4(b), the same video is

transmitted over the same connection, but using a MPEG4

coding. The differences that can be perceived are evident,

and they can be easily explained: MPG4 coding uses more

information (I-frames [1]) for those parts of the sequence with

higher motion levels (in the figure, the motorbike moves faster

than the background), whereas MPEG1 does not make any

difference between elements, using the same rate for every

part of the sequence.

(a) MPG1.

(b) MPEG4.

Fig. 4. Loss influence for different video codecs.

The motion level of a video sequence has also a noticeable

impact on PQoS. As we show in the obtained results (sec-

tion IV), video sequences with higher motion levels (action

sequences, sport sequences) are more sensitive to network

degradation (as perceived by the end-user) than those with

lower activity (like the news).

There are many other features that influence the experience

of the end-user in multimedia transmissions, like the ear-to-

mouth relation, silence detection, echo (VoIP/PSTN gateway),

blocking and blurring, etc. However, we will limit our study

to a reduced and relevant set of features: losses (loss rate and

mean loss burst length), delay variation (jitter), video bit rate

and motion level, and video and audio codec.

III. QUALITY ASSESSMENT

A. Subjective Evaluation

In this kind of test, a group of people rates the quality

of several distorted sequences (audio or video). There are

mainly two categories for these tests, depending on whether

a reference sequence is included or not in the evaluation.

When there is no reference sequence, people evaluate only the

distorted sequences and grade its quality, according to a quality
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scale like in table I(a); the output of this test is known as the

Mean Opinion Score (MOS). In the case of audio, this test is

known as an Absolute Category Rating (ACR) test; in video,

the test is referenced as a Single Stimulus (SS) test. When the

reference sequence is included in the test, people compare the

original sequence with the distorted sequence and grade the

perceived degradation, according to the quality scale I(b). The

output of this test is known as the Degradation Mean Opinion

Score (DMOS). In audio, this test is known as a Degradation

Category Rating (DCR) test; in video, the test is called Double

Stimulus Impairment Scale (DSIS) test.

Score Sequence Quality

5 Excellent

4 Good

3 Regular

2 Bad

1 Awful

Score Sequence Degradation

5 Imperceptible

4 Perceptible, not annoying

3 Slightly annoying

2 Annoying

1 Very annoying

(a) MOS Quality Scale (b) DMOS Quality Scale

TABLE I
DIFFERENT QUALITY SCALES.

There are many other variations of subjective tests, all of

them are defined in the ITU recommendations [10] (audio)

and [11], [12] (video).

B. Objective Evaluation - Intrusive Methods

In an intrusive evaluation of PQoS, a multimedia sequence

is transmitted through the communication system under study.

The obtained distorted sequence is compared with the original

sequence to measure the degradation suffered during trans-

mission. As we stated before, two kind of comparisons can

be performed: direct rough sample comparison (like SNR)

are very simple to implement but they are poorly correlated

with subjective tests. The comparison can also be done by

considering a model of human perception to improve the

results. In this case, the sequences are transformed in a

perception domain and then compared, considering only the

perceptually relevant distortion.

1) Audio Methods: three different methods were analyzed

and implemented in the software tool: the Enhanced Modified

Bark Spectral Distortion (EMBSD), the Perceptual Evaluation

of Speech Quality (PESQ-ITU P.862), and the Measuring

Normalizing Blocks (MNB). These algorithms perform the

comparison in the perception domain. Three psychoacoustic

concepts are considered in all of them: the Critical Bands,

Loudness and Masking. The Critical Bands are based on the

ability of a human to distinguish between different tones. In

low frequencies, a few hertz are enough to recognize two

different tones, whereas in high frequencies this threshold

increases to hundreds of hertz. Based on these frequency-

bands, the auditory system is modeled as a filter bank of band-

pass filters. The Loudness considers the perceived intensity of

a sound. For example, a sinusoidal signal of 40 dB at 50 Hz is

equally perceived (in terms of strength) as a sinusoidal signal

of 0 dB at 1 KHz. The perception of loudness is related to

both the intensity and duration of a sound (the auditory system

integrates intensity over a certain time window). The Masking

concept represents the psychoacoustic effect that occurs when

the presence of a sound does not allow the perception of

another. A typical example of masking can be found in the

city, when two people can not hear each other because of

traffic noise. Briefly, the auditory threshold is modified by the

presence of a sound.

2) Video Methods: the considered algorithms for PQoS

evaluation in video algorithms differ in what they consider

as relevant to the human perception.

a) Mean Square Error (MSE) and Peak Signal to Noise

Ratio (PSNR): the MSE and PSNR algorithms are the simplest

methods to compare two sequences. They do not take into

account any perceptual feature, they just provide a raw pixel

comparison between frames of a video sequence. The MSE

and PSNR are defined as:

MSE =
1

n

nX
i=1

(xi − yi)
2 (1)

PSNR = 10Log10(
L2

MSE
) (2)

where n is the number of pixels in the image or video,

xi and yi are the i-th pixel of the original and distorted

image respectively, and L is the range of possible values

for the pixels (i.e. the pixel’s dynamic range). These quality

assessment methods have been the most used because of their

mathematical simplicity. However, they have been criticized

due to their poor correlation with subjective methods. Figure

5 makes clear this drawback. In both figure 5(a) and figure

5(b), the original image (on the left) is compared against the

distorted image (on the right). Both groups of pictures have

almost the same PSNR value, but the differences in the first

group (5(a)) are almost unnoticeable, whereas in the second

group (5(b)) they are really evident.

b) Time/Space Structural Distortion Measurement

(TSSDM): the target of this algorithm is to measure changes

in the spatial activity, considering certain spatio-temporal

(ST) regions of the original and distorted videos for the

comparison. The basic metric for the comparison is the

gradient module of each ST region (as it represents a measure

of the spatial activity). The main advantage of this technique

is that it can be used with reduced reference information, as

the comparison is only performed in the selected ST regions.

c) Structural Similarity Index Measurement (SSIM): a

new philosophy in the design of quality metrics was introduced

in [22], [23], [25]: “the main function of the human visual sys-

tem is to extract structural information of the viewing field, and

the human visual system is highly adapted for this purpose”.

These works propose that the measurement of the structural

distortion is a good approximation to the perceived distortion.

According to [22], structural information is the feature that

represents the structure of the objects, independently of the

luminance level and contrast of the image.
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(a) Mandrill, PSNR = 159

(b) Pepper, PSNR = 160

Fig. 5. PSNR as a measure of perceived difference between images.

C. Objective Evaluation - Non-intrusive Methods

a) E-Model: the relation between different network and

multimedia features and the speech quality has been quantified

by the E-Model [7], introduced by the ITU-T as a planning

tool for telephony services. However, this tool presents a

serious drawback: it assumes that individual quality features

such as loudness, delay, talker echo and speech distortion have

mutually independent effects on the perceived quality, which

is not the case.

b) PSQA: as we mentioned before, the PSQA method

is based on the Random Neural Network (RNN) model. The

results of subjective tests (DMOS) depends basically on the

network features (losses, delay, jitter) and the multimedia

features (codec, bit rate, nature of content). If it is possible to

model the relation between these parameters and the subjective

DMOS, we can approximate the DMOS by measuring these

objective features. The RNN isS a supervised learning ma-

chine, that uses a set of couples network/multimedia features-

DMOS in a learning stage to build an approximation to this

model. After this stage, the knowledge of the state of the

network and the features of the multimedia are enough to

predict the DMOS. The learning of the RNN consists of the

minimization of a cost function that penalizes the differences

between predicted values and real DMOS subjective tests’

results.

D. Objective IP level QoS metrics estimation

The estimation of the objective QoS metrics at the IP layer

is conducted between the end-points of the connection. The

considered network features are packet loss (loss rate and

mean loss burst length), packet delay and packet jitter. Delay’s

estimation can be conducted either in a single way (One-Way-

Delay, OWD) or for the round trip (Round-Trip-Time, RTT),

depending on whether the end-point devices are synchronized

or not; in the general case, the time synchronization provided

by the NTP (Network Time Protocol) protocol is not accurate

enough to provide a good estimation of the OWD, but GPS

time synchronization is becoming usual as prices tend to drop,

so time synchronization can be ensured in many different

network scenarios.

The estimation can be achieved in different ways, depending

on the kind of PQoS evaluation to be performed. In the case

of a non-intrusive evaluation, the estimation can be conducted

by active measurements, using probing traffic of similar char-

acteristics to the service under evaluation (basically mean

traffic size and packets’ inter-departure time). This is for a

simple reason: network QoS features are not in fact an own

characteristic of the network but of the user’s traffic as well

(e.g. delay will not be the same for a radio transmission of

BWradio bit-rate and a high quality video streaming service

of BWvideo bit-rate if connection’s available bandwidth is

between BWradio and BWvideo). Said in other words, user’s

traffic itself directly influences quality, so it must be taken

into account for the evaluation. In the case of an intrusive

evaluation, the PQoS analysis is performed by sequences’

comparison after the streaming of the multimedia and there

is no need to estimate the network features. However, we

implement a simple methodology [6] that takes advantage of

this multimedia transmission to estimate the network features,

using the information provided by the RTP and RTCP proto-

cols (both protocols provide the transport and control elements

for multimedia transmission in IP networks, see [1]).

E. Measurement Methodology

The developed software tool integrates both intrusive and

non-intrusive objective estimation methods. The aim of this

tool is not only to perform an automatic PQoS estimation but

also to compare the performance of the different approaches

and algorithms. The implemented algorithms were PESQ,

EMBSD, MNB, and PSQA in the case of audio, and MSE,

PSNR, SSIM, TSSDM and PSQA for video.

mmediaStreaming

controlDataExchange probeTraffic

PQoSResults

probeTraffic
QoSMetrics

Client ServerClient Server

tasksCoordination

mmediaCapture

QoSMetrics

PQoSEstimation

PQoSEstimation

estimationDemand estimationDemand

demandProcessing

demandProcessing

dataForwarding

(a) Intrusive PQoS estimation. (b) Non-intrusive PQoS estimation.

Fig. 6. Measurement methodology.

The PQoS evaluation is performed between the end-points

involved in the service under evaluation. Figure 6 presents a

brief summary of the measurement methodology. The client

begins the measurement by sending an estimation demand

to the server. Depending on the type of algorithm selected

by the client, the server will either transmit a reference
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sequence of similar characteristics to the actual service (intru-

sive algorithms), or begin a connection’s features estimation

using active measurements (non-intrusive algorithms). If the

selected algorithm is intrusive, the client stores the sequence

transmitted by the server and performs the PQoS estimation

by comparing the reference and the transmitted sequence (both

the client and the server have the same reference sequences).

Taking advantage of the transmission of the multimedia

sequence involved in the intrusive evaluation, the software

tool allows to specify a features’ based estimation at the

same time. In this case, the RTP and RTCP headers of the

multimedia transmission are analyzed to gather the network

features [6]. In the case of non-intrusive methods, the server

uses the estimated network features (loss rate, jitter, mean

loss burst length) and the corresponding multimedia features

(coding, bit-rate, frame rate and motion level) as input to

perform the estimation. Tasks’ synchronization between end-

points is achieved by a specially developed communication

protocol.

IV. SOFTWARE IMPLEMENTATION

The PQoS estimation software tool was designed to be

used in both end-points of the service at the same time.

The architecture foresees a symmetrical operation, in which

both end points can play either the client or the server role

(considering the classical client/server paradigm, where the

client asks for some service and the server responds to his

demands).

User B
Server Mode

User A
Server Mode

User B
Server Mode

User A
Client Mode

estimationDemand

waitForDemandwaitForDemand

estimationDemand

estimationDemand

(a) Before a PQoS estimation demand. (b) After the demand.

Fig. 7. Symmetrical architecture.

Figure 7 explains this concept of symmetry. In the very

beginning, both end-points act as servers, waiting for a PQoS

evaluation demand from the opposite side. When one of

both machines decides to perform an estimation, the scheme

changes to a traditional client/server architecture as previously

discussed (figure 6). The main advantage of this symmetrical

architecture is the ability that both end-points acquire to

process and generate information, saving transmission and

operation time.

A. Software Design

During the software design phase, special attention was

directed to the modularity of the tool. The key idea was

to conceive a reusable and ease to improve/modify design.

The final implementation consists of five independent software

modules (each of them can be used isolated from the rest, in

any other application). Figure 8 presents a general overview

of these modules.

GUI

System
Manager

PQoS
Algorithms

Multimedia

QoS Metrics
Estimation

Fig. 8. Software components.

The System Manager is the software’s brain. It manages

the connection establishment and data exchange between end-

points as well as the interaction between the rest of the

different modules. It is basically composed of 3 sub-modules:

a client, a server and the manager itself. The PQoS Algo-

rithms module is the most important module of the system,

as it implements the different estimation algorithms so far

discussed. The Multimedia module supplies the audio and

video sequences for intrusive PQoS estimation. It consists

of an audio streaming platform (implemented with the Java

Media Framework toolbox, [38]), a video streaming platform

(implemented with the Video Lan Client project, [37]) and a

reference sequences’ database. The QoS Metrics Estimation

module is responsible for the network features estimation. Fi-

nally, the GUI module implements the graphical user interface

to easily interact with the tool.

JNI

JMF

codecs

Audio
Streaming

Clock/Time
Sync

QoS Metrics
Estimation

Traffic
Generator

PQoS
Estimation

GUI

System
Manager

Connection
&

Tasks Coordination
Manager

J2RE

C/C++

Multimedia Database

MMDB

Audio
Algor thms

Video
Algor thms

VLC

Video
Streaming

Fig. 9. Software architecture.

Figure 9 presents a high level diagram of the software’s

architecture. Given the different restrictions and characteristics

of each module (flexibility, portability, time efficiency and

accuracy, etc.), different programming languages were used
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in the implementation. Higher layer implementations were

mostly developed in Java (J2RE), while lower layer program-

ming (C and C++) was used in all critical-time applications

(e.g. PQoS intrusive algorithms, multimedia coding, time ref-

erence, etc.). The interaction between languages was achieved

by using the Java Native Interface (JNI) library, a versatile set

of Java classes and methods which allows the communication

between native (C/C++) and portable software (J2RE).

V. EXPERIMENTAL EVALUATION AND RESULTS

A. The Test Bed

In order to perform the subjective tests, calibrate the ob-

jective methods and evaluate the performance of the different

approaches we developed a simple test bed which allows to

emulate network conditions in a controlled fashion [1]. This

test bed is composed of two end point machines (server/client)

connected through an intermediate router that simulates losses,

delay and jitter. Figure 10 presents this testbed configuration.

ClientServer

Data Forwarding

Routing
Manipulation

dummy packets

no
loss

loss

Fig. 10. Evaluation testbed.

Packet losses in an IP network are rarely independent and

they generally occur in bursts, due to network congestion. The

simplest model to represent this behavior was proposed in

[28], using a simple Markov model: the simplified Gilbert

loss model. The Gilbert loss model consists of a two states

Markov chain, where the state 0 corresponds to a received

packet at destination and the state 1 to a lost packet. In figure

11, p represents the probability of loosing a packet given the

last packet arrived correctly, and q is the probability of a

correct transmission given the last packet was lost. This simple

model allows to simulate losses in bursts, as the fate of a

packet depends on the result of the last transmission. Given

a connection loss rate, we can modify p and q in order to

obtain different loss patterns. Jitter and delay are controlled

by direct manipulation of buffers and output capacity of the

ethernet routers’ interface. Dummy packets are inserted in the

output buffer to generate jitter, and the buffer size and output

capacity are varied to produce forwarding delays.

The multimedia sequences’ sets consist of 75 original-

distorted couples for video and 72 couples for audio. The ref-

erence video sequences were chosen according to the reference

[11], [12] (40 short sequences of 10-30 seconds) and classified

1 − p 1 − q

p

q

0 1

Fig. 11. Gilbert loss model.

by coding (MPEG1 and MPEG4) and motion level (low,

medium and high); this last classification was subjectively

conducted, even though it would be interesting to use the

codec’s motion estimation to have an objective classification.

In audio, 24 short sequences were recorded and coded with

three different codecs (PCM, GSM and G.723). Each reference

sequence was transmitted through the test bed, setting different

values for the router’s parameters in order to cover the most

suitable network features in an Internet like scenario. The

generated sequences were then used in the subjective tests (as

described in section II), obtaining a final data set of the form:

{scj , (p0, f1, .., fi, .., fn) , DMOS} , (3)

where scj is the j-th original-distorted sequence couple,

fi is the value of the i-th feature (e.g. loss rate, mean loss

burst length, jitter, codec, motion level, etc..) and DMOS is

the corresponding subjective test result. Finally, part of the

data set was used to train the PSQA learning algorithm and

calibrate the objective intrusive methods, using the remaining

data for validation.

B. Subjective Tests’ Results

Figure 12 shows the distribution of the data set samples

(both audio and video) considering loss rate, mean loss burst

length and codec.
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Fig. 12. Distribution of the data set.

In order to obtain good learning and calibration results, data

samples must extensively cover the inputs’ space, particularly

in those values that are more usual or where the quality dis-

crimination is more difficult. The range of loss rates analyzed

in this work may seem excessively high at first glance; in

fact, a network introducing a loss rate of 10%, even 40% is

almost unusable. However, we decided to include this broader
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analysis to evaluate some how the impact of higher loss rates

on PQoS that may frequently appear in wireless environments.

In the case of audio transmissions we consider a broader range

for loss rate than in video transmissions, given the fact that

even under sever loss conditions an audio transmission can

be perceived as acceptable by the end-user (we confirm this

observations in the obtained results, see section V-C3).

Mean DMOS Mean Variance

Audio 3.04 0.36

Video 3.03 0.25

TABLE II
STATISTICAL CHARACTERISTICS OF THE SUBJECTIVE TESTS.

Table II presents the subjective DMOS tests’ results for both

audio and video, using the quality scale I(b). According to

the ITU recommendations for audio [10] and video [11], the

subjective tests must be designed so that the average result

is in the middle of the quality scale (in order to avoid biased

results). These recommendations also specify the procedure to

remove outliers from the results.

C. Evaluation of the Different Techniques

In order to compare the performance of the different algo-

rithms we use a traditional error estimator, the mean absolute

error (MAE), between estimated values (algorithms) and real

values (subjective tests). Intrusive methods’ results are not in

the same scale as DMOS values (they are correlated with

human assessment but each algorithm uses its own scale),

so a calibration phase is conducted before the comparison.

As regards non-intrusive algorithms (we will only consider

PSQA in the evaluation, the E-Model has already shown quite

poor performance [1], [7]), the system must be trained before

using it. In both cases we split the previous data set in a

training data set and a validation data set. With the first set

we calibrate/train the intrusive/non-intrusive methods, with the

second we do the validation. In the case of video, we consider

70% of samples for training and 30% for validation. In audio,

the relation is 80% − 20% (we consider a bigger training set

to overcome some weaknesses of the audio data set, see [1]

for discussion).

1) Audio analysis: in table III(a) we present the actual

MAE values for all the audio algorithms in the training

set, according to the quality DMOS scale I(b). A graphical

Method MAE

EMBSD 0.59

PESQ 0.43

PSQA 0.45

MNB 0.68

Method CF

PESQ 0.93

PSQA 0.86

(a) Training data set (b) Validation data set

TABLE III
MEAN ABSOLUTE ERROR (MAE) AND CORRELATION FACTOR (CF).

comparison of the algorithms’ performance in the training

data set is provided in figure 13. The results obtained in

audio quality assessment presents the PESQ intrusive method

as the most accurate. Compared with the other intrusive

methods, PESQ has a major advantage: it includes a temporal

re-synchronization algorithm that allows a correct sequence

comparison. In the presence of data losses, a direct sequence

comparison may result in very poor performance (worst results

are obtained as losses occur closer to the beginning, see

[1]). It is important to recall that PESQ is the actual ITU

recommendation for voice perceived quality assessment [17].

The performance of the non-intrusive PSQA algorithm in the

training set is very close to the obtained with PESQ, something

that results quite interesting. Indeed, this result shows that

the complex psychoacoustic model proposed by the different

perception domain algorithms (PESQ, MNB, EMBSD) can

be approximated with a Random Neural Network, something

a priori not easy given the number of features that affect the

perceived quality.
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Fig. 13. PQoS in audio and video, performance evaluation of the different
algorithms in the training set.

Figure 14 shows the results obtained with PSQA (left) and

PESQ (right) with the validation data set. Both approaches

present a strong correlation with subjective tests’ results. These

results confirm that the training of the RNN model was

accurate enough to reproduce the good performance with an

unknown data set. Table III(b) presents the Correlation Factor

(CF) between real and estimated DMOS for both PESQ and

PSQA in the validation set (a value close to 1 indicates high

linear correlation).
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Fig. 14. PQoS in audio, performance evaluation of PESQ and PSQA in the
validation set.
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2) Video analysis: in video analysis, PSQA is clearly the

best method, and not only because of the smallest error value,

but mainly because of the time involved in the estimation.

Table IV summarizes these observations, presenting the error

values for the training set and the mean time involved in the

computation of the PQoS estimation (a graphical comparison

of these values is provided in figure 13). Figure 15 shows the

different algorithms along with their respective fit curves (in

the case of PSQA a straight line Subjective DMOS = PSQA

is plotted to see the quality of the results). Figure 15(c)

confirms our previous observation with respect to the PSNR

misadjustment for PQoS evaluation. Indeed, the same value

of PSNR corresponds to many different quality perceptions.

In the case of video there are no standardized methods for

perceived quality assessment, something that shows that PQoS

for video is still a very difficult problem. The intrusive methods

presented in this work suffer from the same synchronization

problem as in the audio case. However, the performance

obtained by PSQA shows that the problem can be solved.
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Fig. 15. PQoS in video, performance evaluation of the different algorithms
in the training set.

Method MAE ACT (seconds)

SSIM 0.60 > 600

PSNR 0.48 ≈ 20

PSQA 0.40 ≈ 2

TSSDM 0.53 > 1200

TABLE IV
MAE AND AVERAGE COMPUTING TIME (ACT).

To conclude with video analysis, we show in figure 16 the

results obtained by PSQA in the validation data set. As in the

audio case, the RNN captures somehow the complex relation

between perceived quality and network/multimedia features.
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Fig. 16. Subjective DMOS and PSQA - validation data set.

3) PQoS analysis through PSQA: an interesting advantage

of objective parameter based algorithms is the possibility to

analyze the influence of different features on PQoS. Figure

17 presents the influence of voice codec (a) and video motion

level (b) on perceived quality as a function of loss rate (using

PSQA as the measurement algorithm). As expected in audio,

losses in the case of G.711 coding (pure PCM, higher bit

rate, no predictive model seriously affected by losses) are

less annoying. In the case of video, the evaluation confirms

our initial observation about the influence of motion level on

PQoS: video sequences with higher motion levels present a

faster decrease of perceived quality with respect to packet

losses than those with lower activity levels.
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Fig. 17. DMOS vs loss rate (MLBL = 5 packets).

Finally, figure 18 evidences the influence of the loss rate

and the mean loss burst length on (a) voice and (b) video

perceived quality. The first interesting observation is that audio

perceived quality is less sensitive than video perceived quality

to lost information. A possible explanation to this phenomenon

is that our visual system is more developed than the auditory

system, which makes that our response to visual impairments

is naturally more touchy. The second phenomena that may

draw the reader’s attention is that in both cases, the perceived

quality monotonically increases with the mean loss burst

length, meaning that apparently we prefer concentrated losses

to those that are spread over the sequences.
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Fig. 18. DMOS vs loss rate and mean loss burst length.

VI. CONCLUSION

In this paper we addressed the Quality of Service evaluation

problem from the end-user perspective. Different methodolo-

gies were introduced for quality assessment in multimedia

services in IP networks. We developed and described an

original software tool for automatic PQoS evaluation. The

main advantages of this tool are the combination of a broad

set of the different methodologies that have been proposed to

date, the integration of all the aspects related to the automation

of the estimation process and its modular design. We use the

software tool to compare the performance of the most relevant

perceived quality evaluation methods in the literature and we

present experimental results in a real simulation test bed. The

PQoS evaluation tool is completely free and it is available

from the authors (please contact us).
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Abstract—Objective quality metrics that estimate the 

subjective quality of video or audio signals are validated by 
comparison with subjective ratings of sample signals.   In this 
paper, we describe the essential characteristics of the 
subjective dataset to ensure a meaningful evaluation of 
candidate models.  We describe two subjective datasets that 
were prepared as part of the VQEG project for the evaluation 
of objective video quality metrics for multimedia services, and 
examine whether these datasets meet the criteria for high-
quality datasets.  Finally, we discuss the quantitative findings 
of perceived quality of these small format video images. 

I. INTRODUCTION 
BJECTIVE video quality metrics are mathematical 
models that estimate the quality of the digital video 

image as perceived by an average viewer.  The Video 
Quality Experts Group (VQEG) is conducting several 
projects to evaluate the performance of such metrics with 
different video formats.  The VQEG Multimedia (MM) 
Project will assess the performance of several metrics for 
small-image video formats, specifically VGA, CIF, and 
QCIF resolutions, that are typical of multimedia applications 
and portable devices. This evaluation will be carried out by 
examining how well these algorithms predict a large number 
of subjective quality ratings, i.e., several subjective datasets, 
obtained at those video resolutions.   

As part of this project, CRC and Nortel have gathered 
subjective quality ratings of video images in CIF (352 x 288 
pixels) and QCIF (176 x 144 pixels) resolutions, that have 
been processed to simulate the quality expected from typical 
codecs and network transmission conditions.  The 
characteristics of the subjective data are important for 
proper comparison and assessment of model performance. 
Accordingly, we here discuss whether the obtained 
subjective datasets fulfill the requirements, in particular 
range of qualities and internal consistency, needed for 
meaningful evaluation of the performance of objective 
models.  

The test conditions used in the subjective datasets 
prepared for this work were selected to represent 
impairments that might be encountered in streaming or 
video telephony wireless services.  They included video 
processing variables (encoding bit rate, video frame rate) 
and network channel impairments (bursty packet loss) 

 
L. Thorpe, T. Rahrer and R. Meier are with Nortel, Ottawa, Canada, 

while F. Speranza and R. Renaud are with the Communications Research 
Centre, Ottawa, Canada 

which can negatively affect video quality.  Therefore, as 
well as their use in evaluation of objective video quality 
models, the subjective ratings provide useful quantitative 
results on the effects of compression and transmission 
impairments on the perceived quality of the video image. 

 

II. CHARACTERISTICS OF A GOOD TEST DATASET 
Previous experience in the evaluation of objective quality 

metrics for video as well as for speech and audio signals 
provides guidance in defining the desired characteristics of a 
good test dataset.  As well, many of the characteristics of a 
good evaluation dataset are the same as those of well-
designed subjective tests generally.  We have identified five 
such criteria: 

1. A sufficiently broad range of video content in source 
material applied to each test condition.  The spatial 
and temporal characteristics of the video samples 
will interact with compression encoding and data 
loss to generate many types and severities of 
visible artifacts. Thus, to properly evaluate the 
predictive ability of objective quality metrics a 
suitable range of video content should be used.  

2. Use of standard subjective test protocols [1, 2] in 
collecting the data, with particular attention to 

• control of the viewing conditions 
• randomized order of presentation of samples  
The use of standardized procedures minimizes 
variability of data across space (i.e., different 
laboratories) and time (i.e., same laboratory at 
different times).  Randomizing the presentation 
order prevents biases from contrast effects of 
sequential test trials. 

3. Sufficiently high quality source material (the quality 
of the source should not limit the quality of the test 
samples). 

4. Test conditions selected to provide a sufficiently 
broad range of quality within each dataset, with 
values distributed across the range [3]. 

5. Internal consistency of viewer ratings within each 
dataset [3].   

The first two characteristics can be easily addressed by an 
appropriate choice of video source material and the 
experimental design.  Practical considerations can impact 
the third.  The last two may be more challenging to achieve 
with each dataset produced.   
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Quality of the source material: The quality and range of 
the source material is very important. Ideally the source 
material should be produced with higher resolution, frame 
rate, and production values than will be reflected in the test 
conditions.  The source material should have no artifacts. In 
practice, given the difficulty in obtaining source material, 
this is sometimes not realistic. In the VQEG MM project, 
and thus for the datasets described in this paper, pre-
screening of source clips by expert viewers and a minimum 
threshold for the ratings given to the unprocessed samples 
helped to ensure high quality of the video source material.  

 
Broad range of quality within each dataset:  Objective 

quality metrics should be capable of predicting video quality 
across the whole range.  Accordingly, the datasets used to 
evaluate the predictive ability of objective metrics should 
include samples representing a large range of video 
qualities. But more importantly, the performance of metrics 
evaluated against the dataset is determined primarily by 
looking at the correlation (usually Pearson’s Product-
Moment correlation coefficient, r [4], see below) of the 
objective and subjective scores.  The relationship will be 
best defined where the dynamic ranges of the scores are 
higher, and indeed, where the whole range of quality is 
sampled and where the objective model is any good at all, 
this will be reflected in a value for r.  The samples should 
cover the full range of the quality scale, rather than being 
clustered in only a few places across the range.  

 
It may surprise some that the range of sample quality in 

the dataset affects the value of r.  To illustrate this, we 
compared a normal (full quality range) dataset to a version 
in which the quality range had been truncated to see how r 
would be affected.  We used an English-language voice 
quality dataset that had been generated for the evaluation of 
voice quality metrics (such as ITU-T P.563).  Test 

conditions with higher impairments were discarded, leaving 
a set with subjective ratings all higher than about 2.5.  
Because the number of points in the dataset also affects r, 
we replaced the discarded conditions with an equal number 
of high quality conditions from a similar dataset based on 
French samples.  A set of objective measure scores available 
for all these samples allowed us to compute r for the two 
cases.  Both correlations are based on 320 points.  

 
Fig. 1 shows the scatterplot of the original and the 

truncated datasets, along with the correlation coefficients 
obtained in each case.  (Note that this dataset includes 
ratings from 64 listeners, and has a self-correlation of 
0.995—compare to Fig. 3 below.) 

 
It is not the absolute range per se of either variable that 

drives this effect.  Linear transformations can be applied to 
either variable converting it into different units without 
affecting the strength of the correlation.  It is the relative 
proportion of the range and the variability that is important.  

 
Internal consistency: The internal consistency of the 

subjective data provides an indication of the measurement 
noise of the subjective test across the quality range, that is, 
how well the subjects agree on the rating assigned to each 
sample. In general, consistency of ratings indicates the 
reliability of the data. When applied to the evaluation of 
objective models, the internal consistency asserts an upper 
limit on the performance that can be observed for any metric 
evaluated against that dataset [3].  Internal consistency can 
be demonstrated by examining how closely one half of the 
data agrees with the other half.   The dataset is divided in 
half, with subjects randomly assigned to the two halves.   
High consistency is shown by a high correlation between 
the two halves (this can be shown visually in a scatterplot).  
Alternatively, consistency (reliability) might be measured 
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Fig. 1.  The original [inset] and truncated versions of a voice quality dataset generated by Nortel to evaluate no-reference voice quality metrics [5].  Note that 
the correlation coefficient (r) drops from 0.85 to 0.53 
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using statistics such as the intraclass correlation (ICC) [6] or 
Cronbach’s α [7]. 

III. SUMMARY OF THE SUBJECTIVE TEST METHOD 
The subjective test method used in VQEG’s Multimedia 

(MM) Project is described in the MM Test Plan [8].  The 
MM Project covers VGA, CIF, and QCIF video formats.  
The subjective datasets discussed here used CIF and QCIF 
formats.  Subjective ratings of video image quality were 
gathered for CIF and QCIF display resolutions, using short 
(8 sec) video samples based on eight distinct source videos.  
The CIF and QCIF video samples were evaluated separately 
by two distinct groups of 24 non-expert viewers.   

 
Video source material.  For each resolution, we used 

eight video source (SRC) sequences (clips), 12 sec in 
duration.  (An extra six source samples [bringing the total of 
source samples in each dataset to fourteen] were part of the 
so-called common set, a set of source and processed 
samples included in all datasets collected as part of the 
VQEG MM project.)  

The source samples were selected to represent a range of 
video content, e.g. movies, sports, news, animation, etc.  No 
still images were included in the tests.  Audio was not 
included in the processing, and the test samples were 
presented to viewers without a sound track. 

 
Clips were selected to have good production values (that 

is, proper framing of the subject, steady panning and 
zooming, etc.).  As noted above, criteria were adopted to 
exclude lower quality video source material. First, only 
source material that had been recorded using Rec. 601, 
DigiBeta, Betacam SP, or DV25 (three-chip camera) format 
or better was considered.  (An exception was allowed for 

material representing ‘home video.’ In tests described here, 
one source clip was classified as ‘home video’ and it was 
captured with a one-chip DV25 format camera.)  Second, all 
potential source samples underwent a visual inspection.  
Source samples were viewed by two or more video quality 
experts to ensure that there were no visible artifacts present 
before proceeding with processing of test samples.  Any 
source clip showing visible artifacts was replaced.    

 
Finally, since even careful visual inspection might be 

prone to error, any source sample where the unprocessed 
case obtained a mean rating lower than 4.0 (good) on the 
five-point quality scale used in these tests (see below) 
would be re-reviewed. If previously unnoticed artifacts were 
found, the source sample would be discarded. 

 
Test conditions.  Seventeen test conditions were defined.  

These included conditions representing what we expected to 
be high quality, typical quality, and low quality video 
compression, as well as high and typical compression 
quality with a range of network impairments added.  The 
network impairment conditions were chosen to reflect those 
that might be experienced in wireless deployments. Bit rate, 
frame rate, and packet loss were varied.  Impairment factor 
levels were selected to represent quality that might be 
encountered in video streaming, video telephony, and other  
applications  using  QCIF or  CIF image resolution. The  
factors  were not  fully crossed; normally, low frame rates 
are used with lower bit rates, and the cases selected here 
reflect that.  As mentioned above, an unprocessed sample 
was included as a reference. 

 
The test conditions for the two tests are listed in Tables 1 

and 2.  Each source clip was processed with each condition 

Table. 1.  Test conditions, CIF. 

Cond Codec 
Bit 
Rate 

Frame 
Rate Packet Loss Rate Description 

1 uncompressed n/a 30 0% Reference 
2 H.264 768 30 0% Compression impairment - highest quality  
3 H.264 768 20 0% Compression impairment  - reduced fps 
4 H.264 256 20 0% Compression impairment  - typical quality 
5 H.264 256 15 0% Compression impairment  - typical quality 
6 H.264 128 20 0% Compression impairment  - low quality 
7 H.264 128 15 0% Compression impairment  - low quality 

8 – 12 H.264 768 30 0.5, 1, 2, 4, 8% HQ Compression with Transmission errors  
13 – 17 H.264 256 20 0.5, 1, 2, 4, 8% TQ Compression with Transmission errors  

 
Table. 2.  Test conditions, QCIF. 

Cond Codec 
Bit 
Rate 

Frame 
Rate 

Packet Loss 
Rate Description 

1 uncompressed n/a 30 0% Hidden reference 
2 MPEG4 Pt 2, SP 256 20 0% Compression impairments - highest quality 
3 MPEG4 Pt 2, SP 256 15 0% Compression impairments, half frame rate 
4 MPEG4 Pt 2, SP 128 15 0% Compression impairments - mm typical quality 
5 MPEG4 Pt 2, SP 128 10 0% Compression impairments - mm typical quality 
6 MPEG4 Pt 2, SP 64 10 0% Compression impairments -- mm low quality 
7 MPEG4 Pt 2, SP 64 7.5 0% Compression impairments -- mm low quality 

8 – 12 MPEG4 Pt 2, SP 256 20 0.5, 1, 2, 4, 8% HQ Compression with Transmission errors  
13 – 17 MPEG4 Pt 2, SP 128 15 0.5, 1, 2, 4, 8% TQ Compression with Transmission errors  
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for a total of 136 conditions at each resolution. 
 
In addition to the test conditions defined above, a further 

thirty test cases representing a sample from the VQEG 
common set were included in the study.  These common set 
test cases were included as anchor conditions to help in 
determining comparability of data gathered in different labs. 
The results of this common set are not reported here. 

 
Processing of test samples. Compression on the CIF 

samples was done using H.264 (3GPP v6, packetized with 
1000 bytes per IP packet).  Compression on the QCIF files 
was done using MPEG4, Part 2 (Simple profile) (3GPP v5, 
packetized with 500 bytes per IP packet).  Encoding for 
both codecs was done within a commercial encoding system 
commonly used in mobile video streaming applications.  
The output consisted of constant bit-rate streams, with I-
frames and P-frames. (Bi-directionally predicted B-frames 
were not used in this study, because mobile applications 
typically exclude them to limit decoder complexity).  As 
well, both codecs were set to use variable GOP length, with 
a maximum distance between key frames set to five 
seconds. 

 
Packet loss was applied in a single burst, with the number 

of packets deleted determined by the total number of 
packets in the sample and the packet loss rate for that case.  
The position of the loss in the sample was constrained to the 
middle four seconds of the sequence.  Finally, the processed 
samples were trimmed to eight seconds by removing two 
seconds from the beginning of the sample and two seconds 
from the end.  All samples made from the same source file 
were trimmed to start at  the same frame to facilitate 
matching of the reference samples with each test sample by 
full reference objective measures (which compare the output 
to the input), resulting in eight-second samples for testing. 

 
Subjective test procedure. Subjective video quality was 

measured using the Absolute Category Rating (ACR).  
Specifically, video samples were presented one at a time 
and rated using a five-point scale with five quality 
categories: (5=Excellent; 4=Good; 3=Fair; 2=Poor, and 
1=Bad). The unprocessed version of each video sequence 
(Condition 1 in Tables 1 and 2) was also evaluated. 

 
This method allows the determination of two types of 

subjective measures: a Mean Opinion Score (MOS) and 
Difference Mean Opinion Score (DMOS)1.  We here 
consider only the MOS measures, defined as the average 
(across all viewers) of the absolute ratings obtained for each 
video sample processed with a given test condition (e.g., 
SRC 1 with Cond. 8 in Table 1).  

 
1 The VQEG test plan calls for the ACR method and a sub-sequent 

transformation of the data according to the “Hidden Reference Removal” 
method, whereby the ACR data (Mean Opinion Score or MOS) are adjusted 
to account for differences in the ratings of the reference sample.  The 
adjusted score is called the Difference Mean Opinion Score (DMOS).  The 
DMOS is defined as the average of the arithmetic difference between the 
ACR ratings given to the processed sample for individual source clips 
(SRC) (e.g., SRC 1 with Condition 8) and those given to the corres-ponding 
reference sample (e.g., SRC 1 with Cond. 1). 

 
Samples were presented to viewers in random order, with 

the constraint that two samples based on the same source 
sample could not be presented sequentially.  The order of 
presentation was randomized individually for each viewer. 

 
Viewers were tested in a viewing room that met the 

conditions recommended by ITU-T Rec. P.910 [1] for video 
quality testing.  Video sequences were presented on a 
Viewsonic VX922 LCD screen with native resolution of 
1280 x 1024.  The test images were centered on the screen.  
The size of each image was determined by the dot pitch of 
the monitor and the resolution of the image; the CIF image 
was 8.4 cm high and the QCIF image was 4.2 cm high.  The 
image was surrounded by a black border whose width was 
proportional to the size of the image (18 lines/pixels for 
CIF, 9 for QCIF).  The surrounding screen was neutral gray.  
Viewing distance varied according to the image size and 
viewer preference. Viewers were allowed to choose the 
viewing distance provided that they did not exceed a 
distance of 6–8 picture heights (H) for the CIF test and 6–10 
H for the QCIF test.   

 
A post-test screening algorithm was used to eliminate 

viewers whose performance differed substantially (i.e., poor 
correlation) from the average performance. As a result of 
this criterion, one viewer was excluded from the CIF group 
and two viewers were excluded from the QCIF group. 
These viewers were replaced to maintain the overall number 
of viewers at twenty-four for each study. 

 
Additional details regarding the test design, subjective 

methodology, display characteristics and viewing conditions 
can be found in the VQEG MM test plan [8]. 

 
The MM test plan also outlines the analyses that will be 

used to assess the performance of the objective video 
quality models.  The predictive performance of Full-
Reference (FR) and Reduced-Reference (RR) objective 
models will be evaluated using the DMOS scores. These 
models predict the video quality using information from 
both the original (i.e., the reference) and the processed 
version of a scene.  The performance of no-reference (NR) 
models will be evaluated using the MOS scores.  These 
models do not use information about the reference signal. 

 

IV. RESULTS:  GOODNESS OF TEST DATASETS 
Results are reported for the specific conditions only 

(shown in Tables 1 and 2), ignoring the common set, which 
is meaningful only in the context of the whole set of tests 
conducted for VQEG. 

 
Fitness of the datasets for model evaluation.  

Consistent with the main purpose of these datasets, we 
examined how well they met the criteria for high quality 
evaluation datasets laid out in Section 2.   

 
We noted in Section 2 that complying with the first two 

criteria, sufficiently broad range of video content in source 
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material and the use standard test protocols, presented no 
particular problems.  For the remaining items, we must 
confirm that the steps taken in designing the study have 
been effective in satisfying those criteria.   

 

Sufficiently high quality source material.  Fig. 2 shows 
the MOS data (average of opinion score across all viewers) 
obtained for each video sample processed with a given test 
condition (e.g., SRC 1 with Condition 8 in Table 1) for both 
CIF (upper panel in Fig 2) and QCIF (lower panel) formats.  
Note that the mean ratings for all reference samples 
(Condition 1) were 4.0 or above, confirming that the source 
material was sufficiently good quality as the basis for 
evaluation datasets for CIF and QCIF video formats. 

 
Test conditions should show a broad range of quality 

within each dataset, with values distributed across the range.  
Fig 2 also shows that the means obtained for processed test 
conditions (Conditions 2 to 17) cover the entire scale from 1 
to 5, with the values scattered all across the range. 

 
A high level of internal consistency of viewer ratings 

within each dataset.  Fig. 3 shows the scatterplots for the 
per-condition means for split halves of each data set (means 
computed across the eight scenes and twelve viewers). This 
internal correlation indicates the “noise floor” of the data, 
which places an upper limit on the performance that can be 
detected with that dataset.  The split half correlation was 
0.98 for CIF and 0.955 for QCIF.  Cronbach’s alpha (an 
indicator of the internal consistency of the data making all 
possible split half comparisons) was 0.979 for both sets of 
data, well above the correlation expected between 
subjective ratings and the current generation of objective 
models.  We conclude  that  these datasets  are well-suited  
for  use  in evaluation of the performance of objective 
models of quality for CIF and QCIF video. 

 

V. RESULTS:  VIDEO QUALITY FOR CIF AND QCIF 
While the intent of these datasets is for use in evaluation 

of objective models, the results also reveal effects of 
compression (bit rate), frame rate, and packet loss 
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Fig. 2.  Ranges of per-sample mean ratings (MOS) obtained for each
condition.  Upper = CIF; lower = QCIF.  
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QCIF:  Internal Consistency of Viewer Ratings
per condition (n = 12)
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Fig. 3.  Internal consistency of viewer ratings for:  one half of data (12 viewers) plotted against the other half.  For perfect consistency, all data would fall on the 

diagonal.  For the CIF data, the correlation coefficient between the two halves of the dataset is 0.98.  For the QCIF data, the correlation is 0.955.  [Note:  5 = 
Excellent, 1 = Bad.]  
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impairments on perceived quality of small format video 
images.  The test conditions used in these tests were selected 
to represent a realistic range of quality for the video mode 
of multimedia applications in a wireless environment.  To 
ensure that any differences reported are statistically reliable, 
Analysis of Variance (ANOVA) was used to test observed 
differences.  Because the factors in the test design were not 
completely crossed, separate ANOVAs were performed on 
subsets of the data to test for specific effects.  For those with 
an interest in such things, the ANOVA results for 
comparisons of interest, including F-ratios, degrees of 
freedom, and significance levels, are given in tables or in 
the text.  (Significance level refers to the probability that a 
difference as large or larger would be observed by chance.) 

 
Encoding bit rate.  Each test compared multiple encoder 

bit rates from a single codec (refer to Tables 1 and 2).  Fig. 
4 shows the results as a function of bit rate.  In both cases, 
higher bit rates received higher ratings.  Statistical results 
for differences in rating as a function of bit rate (computed 
for each frame rate) are shown in Table 3.  

 
Video frame rate.  Surprisingly, we observed little effect 

of frame rate with the conditions tested here (in those 
ANOVAs, we found highly reliable effects of source clip [p 
<< 0.0001], but only CIF at 763 kb/s showed a reliable 
effect [F(1,23) = 4.44, p < 0.046] ).  This is reflected in the 
superimposed points in the charts in Fig 4, where the points 
for most of the different frame rates (fps) at a given bit rate 
fall on top of each other. 

 
Packet loss rate.  For each video format, packet loss rate 

was tested for a range of values and was crossed with two 
values of compression bit rate.  Results are shown in Figs. 5 
and 6.  As expected, we found a strong effect of packet loss 
rate, indicating that perceived degradation to the image.  At 

the same time, the source clip used was also an important 
factor, suggesting that there is substantial variation in 
susceptibility of video content to data loss.  We also found a 
strong interaction between these factors, consistent with the 
crossing over of the functions representing the different 
source clips seen in Figs 5 and 6.  This interaction could be 
an extension of the effect of source clip noted above, where 
the individual images making up the clip have themselves 
differential susceptibility to lost data.  Alternatively, this 
could reflect differences in the particular packets hit by the 
loss:  in these tests, a loss might hit I-frames or P-frames.  
Where an I-frame is hit, the degradation would be expected 
to propagate forward until the next I-frame re-establishes 
the baseline for differential coding. As a result of these 
multiple contributing factors, quality under conditions of 
packet loss and compression were extremely variable.  
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QCIF:   Effect of Codec Bit Rate
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Fig. 4.  Mean ratings by bit rate.   
Upper = CIF; Lower = QCIF. 

 
 

Table 3: ANOVA results for differences in bit rates: (ANOVAs were performed 
separately for individual frame rates.) 

 
 

Frame 
Rate Factor (effect) F-Ratio 

Significance 
level 

CIF 

20 
 

Bit rate F(2, 46) =222.5 << 0.001 
Source clip F(7, 161) = 34.3 << 0.001 
Interaction F(14, 322) = 7.98 << 0.001 

    

15 
 

Bit rate F(1, 23) = 59.1 << 0.001 
Source clip F(7, 161) = 41.2 << 0.001 
Interaction F(7, 161) = 5.21 << 0.001 

QCIF 

15 
 

Bit rate F(1, 23) =48.7 << 0.001 
Source clip F(7, 161) =20.4 << 0.001 
Interaction F(7, 161) = 5.47 << 0.001 

    

10 
 

Bit rate F(1, 23) = 94.9 << 0.001 
Source clip F(7, 161) = 40.2 << 0.001 
Interaction F(7, 161) = 1.75 << 0.001 

Table 4: ANOVA results for effect of packet loss rate (ANOVAs were 
performed separately for individual bit rates): 

Bit  
Rate Factor (effect) F-Ratio 

Significance 
level 

CIF 

768 
 

Packet loss rate 
(PLR) F(5,115) =155.4 < 0.01 
Source clip F(7, 161) = 42.3 < 0.01 
Interaction F(35, 805) = 8.80 < 0.01 

    

256 
 

PLR F(5,115) = 75.7 < 0.01 
Source clip F(7, 161) = 57.9 < 0.01 
Interaction F(7, 161) = 12.4 < 0.01 

QCIF 

256 
 

PLR F(5, 115) = 101.7 < 0.01 
Source clip F(7, 161) = 37.9 < 0.01 
Interaction F(35,805) = 11.1 < 0.01 

    

128 
 

PLR F(5,115) = 81.6 < 0.01 
Source clip F(7, 161) = 47.4 < 0.01 
Interaction F(35,805) = 13.2 < 0.01 
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While this variability does not affect the utility of the 

dataset for evaluation of objective models, it indicates the 
difficulty of predicting video quality from simply knowing 
the encoding bit rate or the packet loss rate.  Knowing the 
frame type may help, but it may be necessary to have 
information about the content as well. 

 

VI. CONCLUSION 
This paper offers a set of criteria for judging the goodness 

of datasets to be used for evaluation of objective video 
quality models.  These criteria were discussed and 
illustrated using two datasets generated as part of the VQEG 
Multimedia project to identify the best available objective 
models for use with multimedia equipment and applications.  
The two datasets reported here were designed to meet the 
criteria outlined in Section 2, and were shown to meet these 
criteria. 

 
The datasets discussed also provide interesting results for 

video quality of CIF and QCIF format images with 
compression and packet loss impairments.  The results show 
that encoding bit rate and packet loss were strong 
contributors to the final video quality, while frame rate at 
the values used here had little if any effect on perceived 
quality.  These results also show that video content 
determines the extent to which data loss degrades perceived 
quality for these two formats.  These results help fill in the 
picture for subjective video quality by providing more 
combinations of display format, codec, processing settings, 
and impairment type. 
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Fig. 6. Effects of a random burst of packet loss on viewer ratings of QCIF video samples for different video content.   Inset:  the mean ratings for 

all eight source clips, with a curve fitted to the data. Upper = 256 kb/s; Lower 128 kb/s 
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Abstract—Quality-of-Service differentiation has tradition-
ally been one of the key drivers for pricing current and future 
Internet services. As a result, a broad range of QoS-based 
charging mechanisms have been proposed, ranging from Paris 
Metro Pricing over Effective Bandwidth Charging up to the 
Cumulus Pricing Scheme or the Contract-Balancing Mecha-
nism. The recent interest in Quality-of-Experience (QoE/QoX), 
however, so far has not led to a similar burst of research activ-
ity in the Internet Economics community.  

This paper starts with reviewing and discussing the most 
prominent QoS-based charging schemes and provides some 
discussion on lessons learned before investigating the transition 
from QoS to QoX from a charging perspective. Some recent 
proposals for pricing QoX are introduced and a prototypical 
implementation in the framework of an open source 3GPP 
IMS (IP Multimedia Subsystem) project is presented. The pa-
per ends with an outlook on current and future work in this 
highly interesting research field. 
 

Keywords—Quality-of-Service, Quality-of-Experience, Inter-
net Economics, Charging, IP Multimedia Subsystem  
 
 
 

I. INTRODUCTION 

VER the last decades, the notion of “Quality-of-
Service” (QoS) has shaped the research landscape for 

packet switched networks like, e.g., X.25, Frame Relay, 
ATM, Ethernet, SONET, and IP-based networks, in a rather 
unparalleled way. Although an attempt to trace back the 
history of how and when this notion has originally been 
coined easily turns out to be a non-trivial task, in the field of 
communication networks QoS has become a well-
established concept at least since the standardization of the 
ISO-OSI layer model in the early 1980’ies [34]. There, 
based on an abstract object model, QoS has been defined as 
“a set of qualities related to the collective behavior of one 
or more objects” [1]. In contrast to ISO, ITU-T Rec. E.800 
has chosen from the very beginning a more user-centered 
approach, defining QoS as “the collective effect of service 
performance which determines the degree of satisfaction of 
a user of the service" [2]. Since then, a multitude of further 
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QoS characterizations have been proposed in various con-
texts. However, instead of leading to a unified and clear 
definition, this apparently has resulted in a yet rather blurred 
understanding, given the importance of this notion.  

As a consequence, research has started to focus more on 
the parameters describing Quality-of-Service than on defin-
ing the concept itself. Therefore, today it seems that most 
QoS discussions are dominated by terms like bandwidth, 
delay, jitter, loss rate etc., and how to measure and evaluate 
them. Apart from the appealing feature that in this way re-
searchers can easily quantify their results in a seemingly 
objective manner, this reduction of the scope of investiga-
tion does not take the user issue into account any longer.  

Therefore, recently a counter movement has started to 
gain visibility, with the aim of interpreting “end-to-end 
quality” in the proper sense of regarding the human being as 
the end of the communication chain. As a result, the notion 
of “Quality-of-Experience” (QoE, alternatively abbreviated 
also as QoX, where we understand QoX as an even broader 
concept than QoE – we will come to this difference later in 
the paper) has appeared, describing quality as perceived by 
the human user instead of as captured by (purely technical) 
network parameters.  

This paper deals with economic aspects of this develop-
ment. From the very beginning, there has been an intimate 
relationship between the quality of a delivered service and 
the way customers have been charged for it [33]. Whereas 
this has led to a considerable amount of related work in the 
area of “Internet Economics”, the sketched shift to Quality-
of-Experience has failed to produce a similar burst of re-
search activity so far. Therefore, in this paper we aim at a 
broad survey on important ingredients for this upcoming 
research field in order to provide a generic starting point for 
future research. 

The remainder of the paper is organized as follows: in 
Section II, we start with a brief overview on Internet Eco-
nomics and focus especially on QoS-related tariffing 
schemes. Section III describes the move from QoS to QoX 
in more detail and provides some first conclusions. Section 
IV is discussing existing proposals for charging based on 
QoX. In Section V, we briefly introduce an experimental 
implementation in the context of an open source IP Multi-
media Subsystem (IMS) testbed, before Section VI provides 
a brief summary and an outlook on future research direc-
tions.    

II. RELATED WORK 

A. A Brief History of Internet Economics 

Following the seminal workshop on “Internet Economics” 
which has been organized in 1995 at MIT by Lee McKnight 
and Joseph Bailey and is documented in [23], this term has 
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evolved successfully into a new interdisciplinary research 
field of its own. The basic research paradigm of Internet 
Economics considers communication networks no longer 
from a purely technical point of view, but “attempts to im-
prove our understanding of the Internet as an economic 
system“ [23]. Hence, through replacing bits, bandwidths, 
load, throughput etc. by concepts like utility, economic effi-
ciency or price discrimination, the aim is to gain a new and 
fresh perspective on old and well-known problems. Based 
on the established fields of applied micro-economics, non-
cooperative game theory, stochastic networks and opera-
tions research, the main focus of research is directed to-
wards charging and pricing mechanisms and has led to a 
considerable amount of related contributions. 

From a rather general perspective, related approaches 
may in a first step be characterized by one of the following 
basic frameworks: 

(a) Pricing for functionality: On a fundamental level, many 
charging mechanisms are based on the provision of ba-
sic functionality only; pure connectivity serves as a 
pretty good example here. Note that this is already the 
place for a first important statement: after years of at-
tempting to make usage-based tariffs a success story, 
today an irresistible trend towards flat rate pricing has 
gained control over the tariffing landscape, leading to 
the immediate impression that, as soon as the customers 
are getting used to this simple and transparent charging 
scheme, it seems to become increasingly difficult to es-
tablish more complex mechanisms at all. Thus, the 
question may be posed whether flat rate has already be-
come the killer of alternative Internet pricing schemes.    

(b) Pricing for scarcity: Lack of sufficient network re-
sources like link bandwidth immediately leads to the 
idea of using pricing as access control mechanism. The 
concept of “congestion pricing” allows allocating re-
sources according to the needs of the end users. So-
called utility functions describe user preferences, and 
by maximizing either individual or social utility a spe-
cific type of efficiency, the so-called “Pareto effi-
ciency”, can be achieved which is characterized by al-
locating resources to those end users who need and/or 
value them most [13].  

Adressing the congestion pricing problem with the 
help of Langrangian optimization allows interesting 
conclusions with respect to fairness of resource alloca-
tion mechanisms. Most notably, the treatment of “pro-
portional fairness” in [16] has led to a couple of innova-
tive insights.   

Another popular approach to achieve this is based on 
the concept of “auctions” adapted towards the special 
requirements of a networking context. This has led to 
the seminal proposals of the “smart market” [21] and 
“Progressive Second-Price Auction” PSP [19] including 
subsequent multilink refinements like MIDAS (Mul-
tilink Dutch Auction Scheme) [12] or SAM (Second-
chance Auction Mechanism) [30]. 

(c) Pricing for quality: Any type of commodity may be 
expensive either because it is rare and difficult to ac-

quire, or because it is of a certain quality which triggers 
the user to be willing to pay for it. This is of course also 
true for the case of Internet services, with QoS being a 
relevant candidate for characterizing what “service 
quality” is meant to be. As already mentioned, the focus 
on quantifiable QoS parameters like bandwidth or loss 
rate has led to a significant number of proposals of pric-
ing mechanisms for QoS-enabled services which will 
be discussed in detail in the following subsection.  

 

B. Internet Pricing for QoS-enabled Services 

Among the various proposals for Internet pricing, those tak-
ing QoS issues into account have gained a specific promi-
nence. In this section we provide a brief review of some 
important approaches before drawing a couple of hopefully 
valuable conclusions. 

An indispensable ingredient for QoS-based pricing is of 
course a QoS-enabled architecture like IntServ, DiffServ or 
MPLS. Therefore, most related projects, e.g. CATI1 or 
M3I2, were explicitly focusing on these architectures. Other 
initiatives preferred a more technology-driven approach, as 
did for instance the CA$HMAN3 project with ATM. At the 
end, the mentioned projects and many more ones proved to 
be valuable catalysts for some of the most important ideas in 
this field as described in the following. 

A first approach is based on service differentiation into 
QoS classes, where different classes are charged differently. 
Note that usually the number of such classes is assumed to 
be small (a popular analogy to sports considers e.g. three 
different classes termed gold, silver and bronze). The Paris 
Metro Pricing proposal [24] is working in a much more 
subtle way and therefore is widely considered to be among 
the most original contributions in the field at all. Odlyzko 
took his idea from a former tariff concept of the subway in 
Paris (the “Métro”) which for long years operated 1st and 2nd 
class carriages which did not exhibit any differences except 
for the fact that transportation in the 1st class was signifi-
cantly more expensive than in the 2nd class. The obvious 
idea behind was that customers willing to pay more would 
prefer to travel in the 1st class which thus could safely be 
expected to be less crowded than the 2nd class. The network 
analogy requires a logical subdivision of the network re-
sources (bandwidth) into different subnetworks which are 
priced separately; this fact alone can be shown to lead in a 
self-regulating manner towards a relative QoS differentia-
tion between the subnetworks.  

The Effective Bandwidth Pricing proposal [15] is pointing 
into a different direction. The starting point here is the no-
tion of “effective bandwidth” as a scalar parameter which 
characterizes the resource requirements of a bursty traffic 
source in such a way that multiplexed traffic from several 
bursty sources can be adequately described by simply sum-

 
1 CATI – Charging and Accounting Technology for the Internet. Swiss 

National Foundation Project, running 1998-2000. 
2 M3I – Market-Managed Multiservice Internet, EU FP5 project, running 

1999-2001. 
3 CA$HMAN – Charging and Accounting Schemes in Multiservice 

ATM Networks. EU ACTS project, running 1995-1998.  
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ming up their effective bandwidths. Kelly’s idea now was to 
combine an estimation of the expected bandwidth consump-
tion as announced by the users before service usage and real 
traffic measurements performed during resource consump-
tion into a simple tariff which is punishing users for any 
discrepancy between their a-priori statement and the actual 
traffic as measured a-posteriori. Thus, users are implicitly 
encouraged (in fact: forced) to deliver an a-priori traffic 
description which is as precise as possible in order to avoid 
being charged more than necessary; this interesting property 
is called “incentive compatibility” and has become a central 
notion also in other contexts (e.g. second-price auction 
schemes as already mentioned earlier). 

The idea of combining a-priori estimations about the 
user’s expected bandwidth requirements with measurement 
of their actual consumption has been borrowed by two sub-
sequent proposals, however in a significantly less compli-
cated manner. The Cumulus Pricing Scheme [27] has been 
designed with the goal of integrating various charging-
related time-scales into a single mechanism. Starting from a 
long-term contract between customer and provider which 
specifies the expected average of bandwidth requirements 
(e.g. in the form of a Service Level Agreement, SLA), 
measurements of the actual consumption are performed on a 
short time-scale. Should both values fail to coincide, there 
are no immediate consequences, but on a medium-term 
time-scale (e.g. with their usual monthly bills) customers 
receive a signal about the discrepancy. Only if the accumu-
lation of these signals over time exceeds a certain threshold, 
a contract re-negotiation or other reactions are required. 
Such a “dynamic flat rate scheme” combines transparency 
and predictability for the customers with an adequate degree 
of dynamics for the flat rate, and some additional freedom 
on how to perform the monitoring and accounting. 

A second example of such an integrated approach is the 
Contract and Balancing Mechanism [11]. Again, this dy-
namic flat rate scheme is based on a combination of a long-
term contract, short-term measurements and a medium-term 
balancing mechanism. Traffic from several users is shared 
in the network and marked according to experienced con-
gestion. The contract entitles the user to a certain proportion 
of congestion marks generated by the network. Periodically, 
users will make or receive payments among themselves ac-
cording to the congestion marks they have generated. Note 
that, as the balancing is performed between the customers, 
there is no incentive for the provider to produce additional 
(and maybe superficial) congestion. 

C. Conclusions and Lessons Learned  

Summarizing the existing literature on Internet charging and 
pricing as briefly surveyed above, we can draw a couple of 
important conclusions: 
 Due to the continuous trend towards capacity overpro-

visioning especially in the core and backbone networks, 
congestion pricing has never become a realistic option 
or necessity in operational packet-based networks. In 
the meantime, the customers have become used to this 
(seemingly positive) situation to an extent that it seems 
unrealistic that any operator could even dare to offer 

less than sufficient quality in the core without immedi-
ately loosing its market position.   

 Over the last 2-3 years, we have seen an analogous shift 
of the complete commercial tariff landscape towards 
flat rate schemes. In this way, providers try to meet the 
manifold concerns of their customers regarding trans-
parence and user acceptance of charging schemes, to-
gether with a simplification in terms of accounting and 
billing which seems to easily outweigh the loss of eco-
nomic efficiency. With 2.5G and 3G mobile operators, 
recent variants of pure flat rates, especially tariffs with 
a so-called “fair use policy” (including constraints like 
“1000 voice minutes within the own network, 1000 
mins to other mobile networks, 1000 mins to the fixed 
network, plus 1000 SMS per month”) are an attempt to 
limit the impact of heavy users and potential abuse and 
can be considered as derivatives of the Cumulus Pricing 
Scheme discussed above. 

 Among the classical QoS parameters like bandwidth, 
packet loss rate, delay, jitter etc., only bandwidth is 
considered to be charging-relevant. This is also re-
flected by the fact that in the current commercial land-
scape, tariffs related to bandwidth (e.g. in the access) 
are still wide-spread, whereas to the best of our knowl-
edge we are not aware of a single operational tariff re-
lated e.g. to delay or jitter. We assume that this might 
be due to a lack of user acceptance and/or complexity 
of monitoring for QoS parameters beyond bandwidth. 
However, especially with the growing importance of 
real-time services like IP telephony or video streaming, 
delay has definitely become a quality parameter of sig-
nificant relevance. 

 The increasing interest in including information of 
feedback displayed by the users as a central component 
for developing tariff mechanisms is strongly reflected 
by proposals like the Effective Bandwidth Pricing, Cu-
mulus Pricing or the Contract and Balancing mecha-
nism. For practical purposes, however, user feedback so 
far has turned out difficult to be triggered and reported, 
so only extremely simplistic feedback mechanism might 
have a chance to be implemented. 

 The central notion of a “utility function” which has 
been introduced above to describe the user interest in 
certain QoS parameters (mainly bandwidth) has become 
the focus of regular criticism. Despite of the fact that 
there exist several approaches how to quantify utility in 
practice (e.g. as “willingness-to-pay” or as “expected 
reselling revenue”), utility is not yet generally acknowl-
edged as a useful practical concept.  

 From a purely technical point of view, there is an in-
creasing demand for flexible, scalable and multi-
dimensional charging frameworks where various charg-
ing options can be realized in a uniform and integrated 
way. Also standardization has made significant pro-
gress into this direction, as we will demonstrate in Sec-
tion V for the case of the 3GPP IP Multimedia Subsys-
tem (IMS). 

All in all, this section has demonstrated the importance of 
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quality concepts for charging communication services and 
the leading role the notion of QoS has been playing over the 
last years, which recently has, however, been severely 
downgraded by two strong trends: on the technical side, 
capacity overprovisioning has made QoS concerns superflu-
ous at least for the backbone, whereas commercially, the 
quest for transparent, predictable and user-friendly tariffs 
has made flat rate schemes to be the premium choice nowa-
days, despite of the apparent deficits of this approach. Start-
ing from here, the following section will shed some light on 
the current move from Quality-of-Service towards Quality-
of-Experience before we aim at pointing towards new 
charging options which might arise from this recent devel-
opment. 

 

III. FROM QOS TO QOX 

As already indicated earlier in this paper, it is an interest-
ing observation that the concept of Quality-of-Service, 
which originally had included at least partially a strong 
user-centric focus, has experienced a severe reduction of 
scope over the last decade. We will discuss this evolution to 
quite some detail in this chapter, coming back the actual 
definition of ITU-T E.800 as quoted already in the introduc-
tory chapter. Later on, the same document emphasizes ex-
plicitly that  

“the essential aspect of the global evaluation of a ser-
vice is the opinion of the users of the service. The re-
sult of this evaluation expresses the users’ degrees of 
satisfaction” [7].  

This perspective has still be maintained e.g. by Kilkki in 
1999, stating that  

„QoS is ... used to define the network‘s capability to 
meet the requirements of users and applications.“ [17]  

In the course of last couple of years, however, this original 
intention has been explicitly reduced towards a purely net-
work-centric point of view. There is much evidence to be 
quoted in this context, like, e.g., Soldani’s formulation that  

„Quality-of-Service is defined as the ability of the net-
work to provide a service at an assured service level“ 
[32],  

or the even more explicit description given by Markaki et 
al.: 

“QoS refers to the capability of a network to provide 
better service to selected network traffic over specific 
underlying technologies. In packet-switched networks, 
QoS is described by the following parameters: … de-
lay and jitter, loss probability, reliability, throughput 
and delivery time.” [22] 

Last not least also the currently most influential textbook on 
Internet Economics is pointing into the same direction: 

“The quality of service (QoS) provided by a transport 
service is defined in terms of the way a traffic stream 
is affected when it is transported through the network. 
This is typically in terms of the probability of cell loss, 
delay, and cell delay variation.” [13] 

Already from these very few selected quotations it be-
comes pretty obvious that the idea of service quality as a 
subjectively measured expression of user satisfaction with a 
service seems to have disappeared completely from the 
scope of current QoS research.  

However, the fundamental insight that research in tele-
communications has become far more than communication 
engineering and especially has to take all sorts of user-
related aspects into account, has led to the recent counter-
movement back towards subjective quality evaluation is-
sues, captured in terms of “Quality-of-Experience” (QoE). 
One widespread understanding of this new concept starts 
from the current understanding of QoS and views QoE as 
extension of QoS: 

“QoE has been defined as an extension of the tradi-
tional QoS in the sense that QoE provides information 
regarding the delivered services from an end-user 
point of view.” [20] 

Thus, the resulting concept is very similar to the original 
meaning of QoS itself (see above). This is further focused 
e.g. by Soldani who argues for a usability-centric perspec-
tive:  
 

“QoE is how a user perceives the usability of a ser-
vice when in use – how satisfied he/she is with a ser-
vice in terms of, e.g., usability, accessibility, retain-
ability and integrity.” [32] 

In contrast, the recent official definition agreed upon by 
ITU-T SG12 is much broader and describes QoE as 

“overall acceptability of an application or service, as 
perceived subjectively by the end-user. Quality of Ex-
perience includes the complete end-to-end system ef-
fects (client, terminal, network, services infrastruc-
ture, etc). Overall acceptability may be influenced by 
user expectations and context.” [7]  

This is interesting, as the term “acceptability” implicitly 
hints towards a binary metric (either something is accept-
able, or it isn’t), whereas focusing on “user perceived qual-
ity” allows for a much broader spectrum with respect to the 
tricky issue of how to measure QoE. In this context, also the 
contribution of the online TechEncyclopedia is remarkable, 
as it questions the quantitative reliability of this notion at all, 
describing QoE as  
 

“… a subjective measure of performance in a system. 
QoE relies on human opinion and differs from quality 
of service (QoS), which can be precisely measured.” 
[10]  

 
Before drawing conclusions from these slightly differing 
points of view, it will be instructive to complement the over-
all picture by discussing and comparing additionally some 
recent approaches for modeling of QoE. 

Figure 1 sketches the model according to [18] which in-
corporates various QoE-related roles as additional feature 
not taken into account so far. Kilkki starts from the fact that 
during any communication process, each involved person 
assumes different roles, i.e. as user (using applications or 
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services), as customer (selecting and buying products) and 
as group member (while interacting with others) etc. Conse-
quently, the notion of QoE has to be differentiated into sub-
notions like Quality-of-User Experience (QUE), Quality-of-
Customer Experience (QCE), Quality-of-Group Experience 
(QGE) etc. Each of these sub-concepts has to be modeled 
and evaluated independently in order to arrive at the final 
global concept of QoE.  

Whereas Kilkki’s model restricts QoS to the network and 
its interface towards the application but does not describe 
the interrelation with QoE in more detail, our approach pro-
posed in [25] focus on the integration between QoE and 
QoS as depicted in Figure 2. We consider the case of two 
users interacting with each other over a mobile network 
which itself is subdivided into access and backbone net-
work. Note that with current technological capabilities, 
there is hardly a QoS problem in the backbone, hence all 
such issues are completely shifted towards the access part of 
the network. Then, we consider end user-to-end user Qual-
ity-of-Experience (QoE) as a “concatenation” of QoS and 
so-called “Quality-of-Design” (QoD), where the latter one 
depends on individual user attitudes and includes 
 application and service design; 
 interface and interaction design; 
 user equipment design. 

Formally, we can define QoD as function translating the 
QoS for a given network condition x into the QoE for a spe-
cific user i: 

                       )()(),( xQoSiQoDxiQoE o=  (1) 

with “○” denoting usual concatenation. In this way, a clear 
separation between the technology part and the user-centric 
part of Quality-of-Experience is achieved. As indicated in 
[25], this additionally facilitates the definition of suitable 
QoE metrics which we regard as indispensable for a valid 
model. 

In a sense, both Kilkki’s and our models are orthogonal, 
and we easily can replace the “user” in the concatenation 
model by “customer”, “person”, “target group member”, 

“early adopter”, or whatever role is interesting for our inves-
tigations. Moreover, beyond context (in terms of the physi-
cal environment as well as even the user’s psychological 
status) and user expectations, also the nature and importance 
of content, emotional aspects (interest, degree of related-
ness, affection, intention) and further psycho-social factors 
will have to be integrated into a full-fledged Quality-of-
Experience model.  

In this sense, we consider the standardized QoE definition 
provided by ITU-T SG12 to be rather techno-centric and 
therefore the definition process to be still ongoing. Summa-
rizing, we claim that a proper definition of Quality-of-
Experience additionally should 
 be applicable for a broad range of scenar-

ios/technologies; 
 include the various roles of the involved entities; 
 include a broad variety of psycho-social factors; 
 be clear on measurability and provide for reproducible 

metrics. 
In order to distinguish this broader concept from what has 
been defined as QoE in the related work so far, we will use 
the acronym QoX throughout the rest of the paper. 

IV. CHARGING MECHANISMS FOR QUALITY-OF-
EXPERIENCE 

In the last section, we have highlighted the current shift 
from QoS to QoX, re-emphasizing the need for a truly end-
user focused consideration of service quality. Starting from 
this development, there are now two essential questions to 
be discussed: 
(a) Does a shift towards QoX make sense without going 

also for QoX-based charging? 
(b) If not, how should/could QoX-based charging look 

like? 

The answer to the first question follows closely the tradi-
tional argumentation for the notorious case of the “tragedy 
of the commons” [13]. According to this, price discrimina-
tion can be considered as a potential means to prevent un-
controlled competition for a limited resource like network 
bandwidth. If there is a quality differentiation without a 
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Fig. 2.  The concatenation model of QoE (from [25]) 
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corresponding pricing model, there is a clear incentive for 
each individual user to go for the highest quality, hence 
there is no use in providing different quality levels at all. 
This argument is valid for all types of service differentia-
tion, be it end user-focused or not. Therefore, we can easily 
conclude that, like with QoS, also QoX differentiation with-
out QoX-based pricing is economically inefficient by its 
very nature. 

Unfortunately, of course also the (opposite) pragmatic ar-
gumentation of type “flat rate” can be generalized for the 
case of QoX. Here, for the simple reason of reducing com-
plexity-related cost, it is seemingly of advantage to avoid 
monitoring and accounting of service usage as far as possi-
ble. Even if the wide-spread urban myth that up to 50% of 
the bill are caused by the billing process of the operators 
itself does not hold any longer, the potential cost savings 
through avoiding detailed monitoring, accounting and bill-
ing are certainly enormous, not to speak of the increase in 
transparency and predictability for the customer. Eventually, 
the enormous economic success of flat rate tariffs in recent 
years provides powerful evidence by now that there is a 
strong customer preference for this sort of uncomplicated 
and predictable tariffs. 

This already concludes our discussion of the first ques-
tion, as both arguments have their plausibility, and ulti-
mately it will be the market to decide between them. There-
fore, in the rest of this chapter we will focus on the second 

question. To this end, Figure 3 depicts the traditional charg-
ing stack, starting with Metering (i.e. monitoring of raw 
charging data  and tickets), Mediation (data merging and 
preprocessing, mainly through applying statistical methods), 
Accounting (further aggregation and correlation), Charging 
(applying tariff functions onto the processed data), Billing 
(producing and sending out a customer bill) and Payments 
(through the customers).  

For integrating QoX into this stack, there are arguably 
two basic possibilities: either just before starting the charge 
calculation, or already at the level of raw data monitoring, 
i.e. either into the Accounting or the Metering layer. There-
fore, we will now introduce and discuss related proposals 
for these both cases. 

 

A. Evaluation of User-Perceived Quality 

As mentioned above, the main task of the Mediation and 
the Accounting layer is concerned with preprocessing, ag-
gregating and consolidating raw data arriving from the Me-
tering layer. Usually, this preprocessing is based on apply-
ing more or less sophisticated statistical techniques in order 
to reduce the complexity and/or the sheer mass of data. Fol-
lowing and extending [26], in this subsection we describe 
how to include an additional mechanisms on top of the Ac-
counting for mapping its records to the Charging layer in 
such a way that the QoX of the service is taken into account. 
For illustration purposes, we will focus on the case of VoIP 
as a particularly instructive service example. 

It is obvious that such a mechanism cannot rely on full-
scale user tests for evaluating the perceived service quality 
e.g. in the sense of ITU-T P.800 [5], but instead requires an 
instrumental (automatic) approach. Among the various op-
tions available for that, so-called signal-based methods 
model the human auditory system in order to derive a psy-
cho-acoustic representation which then can be applied to a 
degraded received signal in order to estimate the resulting 
perceived quality. As far as speech is concerned, the PESQ 
(Perceptual Evaluation of Speech Quality) approach is stan-
dardized by ITU-T P.862 and compares a reference and a 
degraded speech signal at the electrical interface (before the 
signals are played out acoustically) in order to calculate a 
similarity measure [3]. On the other hand, TOSQA (Tele-
communication Objective Speech Quality Assessment) [7], 
measures the speech quality at the acoustic interface (i.e. 
handsets or headsets). Signal-based methods exist also as 
single-ended versions which start with a received degraded 
speech sample and reconstruct an artificial reference signal 
(cf. [3]). 

A different approach leads to parameter-based models 
which fall back to the characteristics of the transmission 
system. Here, the “E-model” [3] is a typical example which 
has been standardized by ITU-T for network planning pur-
poses and is based on the assumption that psychological 
quality factors can be combined to a linear combination. 
Therefore, the E-model starts from the basic signal-to-noise 
ratio R0 (initially set to an arbitrary value of 100) and sub-
tracts various impairment factors to end up with a reason-
able estimate for the perceived quality.  

Like with the intrusive methods sketched above, also pa-
rameter-based models are of limited applicability for our 
purposes. Therefore, we argue in favor of an idea inspired 
by [14] which is based on the so-called PSQA (Pseudo-
Subjective Quality Assessment) method due to Rubino et al. 
[31]. Basically, PSQA maps various QoS-related input pa-
rameters onto a scalar value related to the expected quality 
perception of human users. To this end, a standard 3-layer 
feed-forward Random Neural Network (RNN) is employed, 
which is trained with input parameters expected to have a 
significant influence on the quality as perceived by the hu-
man user. After the learning phase, the PSQA tool can be 
shown to provide satisfying correlation between its results 
and the actual quality as perceived by the user. In terms of 
complexity, it is very interesting that the mapping between 

 

 
 
Fig. 3.  Integrating QoX into the charging stack 
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the input parameters and the resulting estimated QoX (out-
put parameter) basically is captured by a parametric rational 
function (i.e. as ratio between two polynomials). As a 
closed-form expression for the QoX, the evaluation can thus 
easily be evaluated in real-time.     

 

B. Direct User Feedback 

Whereas in the previous subsection we have described a 
charging proposal which is based on directly relating an 
estimation of QoX with the charge to be paid, we will now 
bring a third influencing notion into the game: willingness-
to-pay (WTP), i.e. the monetary interest of a user for a cer-
tain minimum QoX. The main idea here is to enable the 
customer to pay for better quality if she would like to do so. 

As already mentioned earlier, WTP is often used as a 
measure for the utility function of a user, assuming a static 
regime where the WTP is depending on one or more QoS 
parameters only. Extending this approach, we consider 
WTP as a function depending on QoX (and thus via (1) in-
directly on QoS) as well as on time t:  

                       )()(),( tgQoXftQoXWTP ⋅=  (2) 

where the function g: t [0;1] describes the “interest” of the 
user in the session at time t (depending e.g. on the actual 
topic discussed on the phone, the situation in an online 
game, the score of a viewed soccer game etc.), whereas 
function f depends on QoX, the current Quality-of-
Experience, which itself of course has a temporal depend-
ency. The orthogonality of both functions (the current inter-
est does not depend on QoX and v.v.) is most easily ex-
pressed by multiplying them. 

Whereas determining the value of f depends on the cur-
rent QoX which in principle can be evaluated automatically 
(e.g. through PSQA as described above), this by definition 
is not true for g, as the only entity to disclose the actual user 
interest in the session is the user herself. Therefore, we need 
a direct feedback from the user in any case. 

The “stimulus-response scheme” proposed in [28] can be 
easily demonstrated to be a simplified application of (2). To 
this end, we assume 
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where 1 is the usual indicator function and θ describes a 
(predefined) minimal QoX threshold. Similarly, we define 
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Then, multiplying f and g simply yields a result of 1 if the 
session is currently interesting for the user to an extent that 
she is willing to pay an amount of 1 for a satisfying QoX. If 
there is neither enough interest in the session nor enough 
QoX, the user would not like to pay anything, and hence the 
product yields 0. 

In [28], this is used for causing the network to deliver bet-
ter QoX on reception of a respective trigger. The interesting 
idea here is to send a signal s according to  

                       )())(1( tgQoXfs ⋅−=  (5) 

which indicates that, because of her interest in the session, 
the user would be willing to pay an amount of 1 if she could 
get then a QoX of at least θ.  

In practice, this is an example of integrating QoX directly 
into the Metering layer. The user is constantly evaluating 
equation (5) based on the current QoX and her interest. If 

1=s , a simple message is sent to trigger the network to 
deliver better QoX and at the same time to activate the data 
metering, mediation and accounting functionalities (this 
message could for example be sent by pressing a “red but-
ton” at the mobile device). Then, given an immediate de-
sired reaction of the network, the user may be charged for 
receiving better quality. This is an ideal complement to a 
flat rate contract between provider and customer. As long as 
no such trigger is sent, there is no necessity for any account-
ing at all, and accounting is activated only if also some 
charging can safely be expected to happen. 

Note that, beyond its simplicity, this approach may be in-
teresting due to its strict incorporation of user feedback 
which makes it very transparent: it is the user herself which 
signals both current QoX and current interest in better QoX 

by a single simple message. A prototypical implementation 
of this idea in the context of an open source IMS testbed is 
described in the next chapter. 
 

V. PROTOTYPE IMPLEMENTATION 

A. Background: IP Multimedia Subsystem (IMS) 

Next Generation Networks are about to become reality. 
Of the two main candidate architectures, the IMS (IP Mul-
timedia Subsystem) has been standardized by the 3GPP 
starting with Release 5, whereas ETSI/TISPAN has stan-
dardized its NGN (Next Generation Network) proposal. 
While first IMS/NGN implementations are under test, and 

 

Fig. 4.  Basic Architecture of the IP Multimedia Subsystem 
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early IMS solutions in fact start to be already deployed op-
erationally, the research focus shifts more and more away 
from purely functional aspects towards integration, migra-
tion, quality of service and security issues, more and more 
targeting the eventual goal of IMS/NGN serving as an inte-
gration platform for circuit-switched and packet-switched, 
fixed and mobile networks.  

From a technical perspective, the IMS is an access-
independent IP-based overlay network spanning access and 
core network and providing for IP-based signaling based on 
well-established IETF protocols like SIP and Diameter, 
which are enhanced by specific IMS extensions. Beyond 
UMTS and GERAN networks, IMS can use also WiMAX, 
WLAN or fixed networks in the access providing guaran-
teed end-to-end Quality-of-Service to customers. As impor-
tant advantages for network operators, IMS offers extremely 
flexible online and offline charging mechanisms as well as 
standardized interfaces towards application servers. 

Fig. 4 sketches the basic IMS architecture according to 
3GPP TS 23.228 [9]. The core IMS network uses three main 
component classes: the Call-Session Control Functions 
(CSCF) which are enhanced SIP proxies, Application Serv-
ers (AS) which implement services in the IMS network, and 
database components like the Home Subscriber Server 

(HSS). In addition, the IMS standardizes components for 
resource control and provisioning such as Media Resource 
Function Controller (MRFC) and Media Resource Function 
Processor (MRFP) as well as components for interfacing 
with legacy CS voice networks like the PSTN, e.g. Breakout 
Gateway Control Function (BGCF), Media Gateway Con-
trol Function (MGCF), Media Gateway (MGW), and Sig-
nalling Gateway (SGW). 

 

B. The CAIPIRINA Testbed 

In parallel to the Fraunhofer FOKUS Open Source IMS 
(OSIMS) playground activity4, the focus of the Austrian 
Kplus projects CAMPARI5, CAIPIRINA6 and BACCARDI7 

 
4URL: http://www.openimscore.org/ 
5ftw.N3-CAMPARI: Configuration, Architecture, Migration, Perform-

ance Analysis and Realization of IMS. Kplus project, running 2004-2006. 

is directed towards developing, operating, maintaining, and 
experimenting with an open source IMS testbed adapted to 
the needs of our industry partners which include network 
operators, manufacturers and system integrators. The archi-
tecture of the resulting IMS testbed is depicted in Figure 5. 
It includes the P-CSCF, I-CSCF, and S-CSCF, Wide-Area 
Network (WAN) Emulators, Charging Collection Function 
(CCF), an Application Server, a subset of an HSS, a DNS, 
and User Equipments (UE). The major focus of the men-
tioned projects was directed towards implementing an IMS 
testbed on top of COTS (Commercial Off-the-Shelf) hard-
ware, more specifically on x86-CPU-based Desktop PCs 
(AMD Sempron 2800+, 512MByte RAM). As operating 
system we use Linux (Kubuntu 7.10). For implementing the 
IMS functionality we rely on the Open Source IMS 
(OSIMS) project as mentioned above, and SIPp and KPhone 
for the User Equipment (UE) part. 

A special emphasis of CAMPARI and CAIPIRINA has 
been put on the charging architecture, more specifically the 
Rf interface for offline charging. On the client side, the IMS 
testbed uses a Rf Module for OpenSER (acc_rf) for generat-
ing charging records. The acc_rf module is derived from the 
“acc_db” module, which is originally shipped with SER. It 
registers its methods at the transaction manager of SER. 
This transaction manager calls the respective method of the 
acc_rf module, triggered by incoming SIP packets. The con-
tent of the SIP packets is given to the acc_rf module, which 
constructs a Rf compliant Diameter message from it by us-
ing the cdp module (C Diameter Peer – derived and imple-
mented by the OSIMS project). This module implements the 
Diameter base protocol and cares about the transport con-
nection to the Diameter server and necessary initialization 
steps. 

 
                                                                                                  

6ftw.N9-CAIPIRINA: Convergence towards All-IP: IMS Realization Is-
sues for NGN Applications. Kplus project, running 2006-2008. 

7ftw.COM4-BACCARDI: Beyond Architectural Convergence: Charg-
ing, SeCurity, Applications, Realization and Demonstration of IMS over 
fixed and wireless networks. Kplus project, running 2008-2009.  

Fig. 6.  Diameter Rf Charging Architecture 

 
 

 

Fig. 5.  CAIPIRINA Testbed (cf [29]) 
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Seagull8, which has been released by HP as OpenSource 
in May 2006, terminates the server side Rf interface for test-
ing purposes (Offline Charging, CCF). In addition we have 
successfully interfaced with a commercially available charg-
ing function, which is provided by one of our industrial pro-
ject partners. On the client side, the IMS testbed uses the 
OpenSER Diameter Accounting Module (ACC) for generat-
ing charging records. The charging architecture of the test-
bed is depicted in detail in Fig. 6.  

 

C. Implementation Details 

Fig. 7 sketches our prototype implementation of QoX-
based charging in detail, and Fig. 8 depicts the related mes-
sage sequence diagram. The UE in Fig. 7 is connected to the 
IMS via the Access Emulator (AE), right now using plain 
SIP (note that the Inter-Operator Emulator is not yet real-
ized). In our implementation AE and Application Server 
(AS) are running on the same physical machine.   

The UE initiates a voice call (see Fig. 8 messages 1.1-1.7). 
Based on her contract, initially the subscriber has only ac-
cess to standard quality (i.e. mean delay, corresponding 
variance and loss rate relatively high). If the subscriber ex-
periences a quality (QoX) which is too low she may request 
a better connection through sending a SIP message (mes-
sage 2.1). In our implementation, this corresponds to an 
XML file specifying the desired mean value, variance and 
drop rate parameters. The routing logic of the IMS core (e.g. 
the Initial Filter Criteria IFC) or, in our case, an OpenSER 
script command forwards the SIP message (message 2.2) 
containing QoS parameters, identified through the Content-
Type header, to the AS. The AS is parsing the received 
XML file and extracts the desired QoS parameters, which 
are then used to start a script modifying the NetEm parame-
ter of the AE (message 2.3). 

 Extending the initial proposal described in section IV B, 
we have also integrated an advertisement-related business 
 

8URL: http://gull.sourceforge.net/ 

model into our implementation. Therefore, instead of di-
rectly charging the quality update, the AS owns a collection 
of advertisements from which it chooses one and sends it 
back to the UE via a SIP message (message 3.1-3.4). 

 

 

VI. SUMMARY AND OUTLOOK 

This paper deals with the recent shift from Quality-of-
Service to Quality-of-Experience (QoE/QoX) from a very 
specific economic perspective, at the same time attempting 
to summarize the current state of the art and to found future 
research. We argue that, like with QoS-enabled charging, 
also charging based on QoX is a very natural topic to inves-
tigate as soon as it comes to quality differentiation at all. 
After reviewing the most important charging results in QoS 
context, we draw a couple of general conclusions character-
izing the present state of research in this area. A detailed 
discussion of quality concepts and their changes leads us to 
gaining an unusually broad understanding of Quality-of-
Experience, before we introduce several charging options in 
this new context as well as an initial prototypical implemen-
tation in the framework of an open source IMS testbed. 

As has become clear by now, we consider this paper 
rather to be a starting point for future investigations in this 
interesting and highly interdisciplinary area. The next steps 
to be taken will include a thorough refinement of the QoX 
definition along the sketched lines including measurement 
methodology, the quest for further concrete charging 
mechanisms taking QoX into account, as well as their im-
plementation and evaluation with respect to feasibility and 

 
Fig. 8.  QoX Implementation: Message Sequence Diagram 
  

 
 

Fig. 7.  QoX Implementation in the CAIPIRINA Testbed 
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user acceptance. We are aware that this will define a concise 
research program, but we firmly believe it will be worth the 
effort, because, as K. Kilkki has put it into his 2008 mission 
statement on LinkedIn, “Quality of Experience includes 
everything that really matters.” 

ACKNOWLEDGMENT 
The authors would like to thank Tom Lovric, Christoph 

Brandner and all colleagues involved in the ftw. projects 
SUPRA, CAMPARI, CAIPIRINA and BACCARDI for 
many helpful discussions during the course of this work. 

REFERENCES 
[1] ISO - International Organization for Standardization, “Information 

technology: Quality of service - Framework”.  ISO/IEC 13236:1998. 
[2] ITU-T Rec. E.800, “Terms and definitions related to quality of service 

and network performance including dependability”, August 1994 
[3] ITU-T Rec. G.107, “The E-model, a computational model for use in 

transmission planning”, March 2005. 
[4] ITU-T Rec. P.563, “Single-ended method for objective speech quality 

assessment in narrow-band telephony applications”, May 2004. 
[5] ITU-T Rec. P.800, “Methods for subjective determination of trans-

mission quality”, approved 1996-08. 
[6] ITU-T Rec. P.862, “Perceptual evaluation of speech quality (PESQ), 

an objective method for end-to-end speech quality assessment of nar-
row-band telephone networks and speech codecs”, February 2001. 

[7] ITU-T SG 12, “Definition of Quality-of-Experience”, COM12 - LS 62 
– E, TD 109rev2 (PLEN/12), Geneva, Switzerland, 16-25 January 
2007. 

[8] ITU-T COM 12-34, “TOSQA - Telecommunication Objective Speech 
Quality Assessment”, December 1997. 

[9] 3GPP Technical Specification TS 23.228, “IP Multimedia Subsystem 
(IMS); Stage 2”. 

[10] TechWeb, TechEncyclopedia, URL: 
http://www.techweb.com/encyclopedia/ 

[11] E. Anderson, F. P. Kelly, R. Steinberg, “A Contract and Balancing 
Mechanism for Sharing Capacity in a Communication Network”, 
Management Science, 52(1), 2006, pp. 39-53. 

[12] C. Courcoubetis, M. Dramitinos, G. D. Stamoulis, “An Auction 
Mechanism for Bandwidth Allocation over Paths”, Proc. 17th Interna-
tional Teletraffic Congress ITC-17, Salvador da Bahia, Brazil, Dec. 
2001. 

[13] C. Courcoubetis, R. Weber, Pricing Communication Networks  Eco-
nomics, Technology and Modelling. Wiley Interscience Series in Sys-
tems and Optimization, 2003. 

[14] Y. Hayel, G. Rubino, B. Tuffin, M. Varela., “A New Way of Thinking 
Utility in Pricing Mechanisms: A Neural Network Approach”.  Pro-
ceedings of the 13th CLAIO (Congreso Latino-Iberoamericano de In-
vestigacion Operativa), Montevideo, Uruguay, November 2006. 

[15] F. P. Kelly, “Tariffs and effective bandwidths in multiservice net-
works”, Proc. ITC-14, 14th International Teletraffic Congress, 401-
410, 1994.   

[16] F. P. Kelly, R. J. Gibbens, ”Resource pricing and the evolution of 
congestion control”, Automatica, 35 (1999), pp. 1969-1985. 

[17] K. Kilkki, Differentiated Services for the Internet, Macmillan Publish-
ing, 1999. 

[18] K. Kilkki, “Next Generation Internet and Quality of Experience”, 
EuroFGI Workshop on Socio-Economic Issues of NGI, Santander, 
2007  

[19] A. A. Lazar, N. Semret, “The Progressive Second Price Auction 
Mechanism for Network Resource Sharing”, Proc. 8th International 
Symposium on Dynamic Games and Applications, Maastricht, The 
Netherlands, July 1998, pp. 359 – 365. 

[20] D. Lopez, F. Gonzalez, L. Bellido, A. Alonso, “Adaptive multimedia 
streaming over IP based on customer oriented metrics”, Intern. Sym-
posium on Computer Networks, Istanbul, June 2006. 

[21] J. K. MacKie-Mason, H. R. Varian, “Pricing Congestible Network 
Resources”, IEEE Journal of Selected Areas in Communications 
13(7), pp. 1141-49, 1995. 

[22] O. Markaki, D. Charilas, D. Nikitopoulos, ”Enhancing Quality of 
Experience in Next Generation Networks through network selection 
mechanisms”, Proc. 18th Annual IEEE PIMRC’07, Athens, Greece, 
Sept. 2007, pp. 1-5.  

[23] L. McKnight, J. Bailey (eds.), Internet Economics, MIT Press 1998. 

[24] A. Odlyzko, “Paris Metro Pricing for the Internet”, Proc. ACM Con-
ference on Electronic Commerce (EC’99), London, UK, 1999, 140-
147. 

[25] P. Reichl, “From ‘Quality-of-Service’ and ‘Quality-of-Design’ to 
‘Quality-of-Experience’: A Holistic View on Future Interactive Tele-
communication Services”. Invited Paper, 15th IEEE SoftCOM’07, 
Split, Croatia, September 2007. 

[26] P. Reichl, F. Hammer, “Charging for Quality-of-Experience – a New 
Paradigm for Pricing IP-based Services”. Proc. 2nd ISCA Workshop 
on Perceptual Quality of Systems, Berlin, Germany, Sept. 2006. 

[27] P. Reichl, D. Hausheer, B. Stiller, “The Cumulus Pricing Model as an 
Adaptive Framework for Feasible, Efficient and User-friendly Tar-
iffing of Internet Services”. Journal of Computer Networks, vol. 43 
(1), pp. 3–24, Elsevier, Sept. 2003.  

[28] P. Reichl, J. Fabini, P. Kurtansky, B. Stiller, “A Stimulus-Response 
Mechanism for Charging Enhanced Quality-of-User Experience in 
Next Generation All-IP Networks”. Proceedings XIII Conferencia La-
tino-Ibero-Americana de Investigación de Operaciones (CLAIO 
2006), Montevideo, Uruguay, November 2006. 

[29] P. Reichl, S. Bessler, J. Fabini, et al., “Practical Experiences with an 
IMS-Aware Location Service Enabler on Top of an Experimental 
Open Source IMS Core Implementation”. Journal of Mobile Multime-
dia (JMM), vol. 2 no. 3, pp. 189 – 224, 2006. 

[30] P. Reichl, S. Bessler, B. Stiller, “Second-chance Auctions for Multi-
media Session Pricing”, Proc. MIPS 2003, Naples, Italy, Nov. 2003. 

[31] G. Rubino, “Quantifying the Quality of Audio and Video Transmis-
sions over the Internet: the PSQA Approach”, J. Barria (ed.), Design 
and Operations of Communication Networks  A Review of Wired and 
Wireless Modeling and Management Challenges, Imperial College 
Press, 2005. 

[32] D. Soldani, M. Li, R. Cuny, QoS and QoE Management in UMTS 
Cellular Systems, John Wiley & Sons, Ltd, 2006. 

[33] B. Stiller, “Quality-of-Service Issues in Networking Environments”, 
Tech. Report TR-380, Computer Laboratory, University of Cam-
bridge, UK, Dec. 1995. 

[34] C. Ware, “The OSI network layer: Standards to cope with the real 
world”. Proceedings of the IEEE, vol. 71,  issue 12, pp. 1384- 1387,  
Dec. 1983. 

18th ITC Specialist Seminar on Quality of Experience

44



Dynamic Bandwidth Control in Wireless Mesh
Networks: A Quality of Experience based Approach

Rastin Pries, David Hock, Nico Bayer, Matthias Siebert, Dirk Staehle,
Veselin Rakocevic, Bangnan Xu, Phuoc Tran-Gia

Abstract—Wireless Mesh Networks (WMNs) are gaining an
increasingly important role in next generation wireless networks.
Due to their advantages over other wireless and wired networks,
WMNs are undergoing rapid progress and are supposed to
deliver wireless services for a large variety of applications.
Especially real-time applications such as voice over IP make
high demands on wireless mesh networks. A small change of the
Quality-of-Service (QoS) metrics like packet loss, delay, and jitter
have a significant impact on the Quality-of-Experience (QoE), a
subjective measure from the user perspective of the overall value
of the provided service or application.

In this paper, we present a dynamic bandwidth control
mechanism which measures the current situation in the network
and adapts the bandwidth in order to ensure a high QoE level.
The mechanism is implemented in a Wireless LAN mesh testbed
and the results show that real-time applications are successfully
protected from disturbing best effort traffic flows.

Index Terms—QoE, Mesh, WLAN, 802.11, Testbed

I. INTRODUCTION

W IRELESS mesh networks (WMNs) provide cheap, re-
liable, and flexible broadband Internet access in local

and metropolitan areas. Similar to wireless ad-hoc networks,
no central unit is distributing traffic and the data is sent directly
from neighbor node to neighbor node. If data shall reach
nodes that are not directly reachable neighbors, the packets
are sent on a multi hop route. All nodes provide relaying
capabilities to forward traffic through the network to reach the
destination. However, in contrast to wireless ad-hoc networks,
WMNs are normally static devices and focus on reliability,
network capacity, and are mainly used as an alternative to a
wired network infrastructure.

Due to the advantages of WMNs like self-organization
and self-healing, several standardization groups have been set
up. The first standardization group for Wireless Local Area
Networks (WLANs) was started in 2003 under the extension
IEEE 802.11s [1]. Besides the IEEE 802.11s standard further
standardization groups for WMNs like IEEE 802.15.5 [2] and
IEEE 802.16j [3] underline the importance of wireless mesh
networks.
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Major research aspects in WMNs are intelligent routing
strategies and Quality-of-Service (QoS) support. In this paper,
we present a distributed, measurement-based approach to
support real-time traffic in WLAN-based mesh networks. The
aim of the proposed mechanism is to keep track of the services
currently present in the network and to ensure a stable and
high QoS. The objective measurable QoS parameters are then
mapped to the user-perceived Quality-of-Experience (QoE),
expressed through the Mean Opinion Score (MOS) [4]. The
tools for the approach are implemented in a WLAN-based
mesh testbed. The results reveal that the mechanism prevents
real-time flows from disturbing best effort flows by observing
the QoS parameters and controlling the throughput of the best
effort flows on the network layer. As an extension to our work
in [5], the performance of the mechanism is measured for two
different scenarios, disturbing traffic flows on the same path
to the destination as well as on a crossing path in the wireless
mesh network.

The remainder of the paper is organized as follows. In
Section II the work related to QoS and QoE issues in wireless
mesh networks is shown. This is followed by Section III,
introducing wireless mesh networks and its known problems.
Our approach is presented in Section IV and Section V shows
the results of performance measurements. Finally, a short
conclusion is given in Section VI.

II. RELATED WORK

One step towards QoS support in IEEE 802.11 networks is
defined in the IEEE 802.11e standard for service differentia-
tion, which slightly modifies the Carrier Sense Multiple Ac-
cess/Collision Avoidance (CSMA/CA) mechanism. However,
the standard does not guarantee a good QoS level, especially
in highly loaded networks. This has been tested and improved
for single hop environments in [6], [7], and [8].

A MAC protocol for QoS support in WMNs is proposed
by Carlson et al. [9]. It is called Distributed end-to-end
Allocation of time slots for REal-time traffic (DARE). In this
protocol, time slots are reserved in all mesh nodes along a real-
time traffic’s route to ensure a transmission with good QoS
performance. The reservations are thus done for fix routes but
repair mechanism are provided if a link fails and the route
has to be changed. The DARE approach is implemented and
tested in a simulation with ns-2.

Besides the simulation-based adaptation mechanisms, Guo
et al. [10] implemented a mechanism called Software-based
Time Division Multiple Access (STDMA) on top of the WLAN
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MAC layer in a testbed. The approach is designed to support
WLAN-based VoIP appplications and it is claimed that a
significant improvement of the maximum number of G.729-
quality voice conversations in a WLAN is achieved. Typical
scenarios with both best effort and real-time traffic are though
not in the scope. This reduction to single use cases is, besides
the MAC layer changes, the second difference to the approach
presented here.

There are also propositions for QoE provisioning on higher
layers. He et al. [11] introduce a middleware-based QoS
control in 802.11 wireless networks. The idea is to implement
a traffic prioritization inside the mesh nodes based on control
theory. To realize this prioritization a ”middleware design with
cross-layer framework” is introduced and implemented in a
Linux-based testbed. Above the middleware, the applications
have the possibility to define requirements for single connec-
tions. Before a service is started, the application informs the
middleware that certain QoS specifications are needed for the
desired flow between two end points. The middleware’s task
is to choose an adequate service class on a dynamical base
depending on the current performance of the service and the
demanded requirements. By a control loop the current quality
is measured and compared to the desired one. Depending on
the current ”quality error” dynamical packet scheduling is
performed.

To distinguish our approach from [11] two things are men-
tioned. As the middleware approach is based on prioritization
inside the mesh nodes, only problems caused by traffic passing
through one of the nodes prioritizing multimedia streams can
be handled. If the traffic problems occur due to collisions on
the air interface caused by nodes that are not demanded to
prioritize any real-time traffic among themselves, they will
not recognize any problem and not control the disturber to
solve the problem. There is no signaling mechanism between
different nodes using the middleware software to locate a
problem outside the real-time route. Depending on the focused
field of application, there might be a second drawback of the
approach presented in [11]: All services that need a certain
QoS performance have to be announced first.

III. WLAN MESH NETWORKS AND THE MESHBED SETUP

Wireless mesh networks are an interesting to provide broad-
band wireless Internet access. Fig. 1 shows a WMN in a
hierarchical structure. Starting at the bottom, normal non-
mesh capable wireless or wireline clients are attached to the
mesh network by Mesh Access Points (MAPs). These MAPs
form together with other Mesh Points (MPs) the mesh network
itself. A MP is responsible for mesh relaying, meaning that it
is capable of forming an association with its neighbors and
forwarding traffic on behalf of other MPs. The top of the
hierarchy in Fig. 1 constitutes a Mesh Point Portal (MPP). The
MPP bridges traffic between different WMNs or connects the
WMN to the Internet.

As todays technology and infrastructure developments have
advanced, e.g. when looking at WMNs, the services used by
the customers nowadays have as well. As for instance Voice
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Fig. 1. MeshBed architecture

over IP (VoIP) has become more and more popular. Networks
and mechanisms are necessary to ensure a high quality. The
performance of these real-time applications in WMNs has
been widely studied in terms of simulation, but only a few
testbeds exist. We have investigated the possibility of real-
time application support in a WLAN-based mesh network
testbed, called ”MeshBed”. The MeshBed has been developed
and is deployed at T-Systems in Darmstadt, Germany and
has been set up ”to investigate carrier-grade aspects from a
network operator’s point of view”. The MeshBed offers all
main aspects of WMNs to make the testing possibilities as
various as possible. Details about the MeshBed can be found
in [12].

Fig. 2 shows the floor plan of the T-Systems building in
Darmstadt, where the MeshBed has been set up. Currently, the
MeshBed consists of 12 mesh points, which can all be config-
ured to serve as MAPs. The MPs consist of embedded AMD
Geode SC1100 Systems with 266 MHz CPUs and 64 MB
of RAM. All mesh nodes are equipped with two Atheros
Wireless Mini PCI Wi-Fi Cards as well as an Ethernet port
and Debian Linux is installed together with the madwifi [13]
driver. Furthermore, two MPPs are set up which are equipped
with 3 GHz Intel Pentium 4 processors and 1 GB of RAM.

Mesh Point

Mesh Access Point

Mesh Point Portal

Fig. 2. MeshBed indoor deployment
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IV. A ROUTING LAYER BASED APPROACH

A. Idea and General Structure

1) Idea of the Approach: The general idea of the approach
is to perform the QoS support at the routing layer. MAC layer
changes would be possible as well but they are not suited
in this case. WLAN has already become a wide spread tech-
nology. Changing something in the MAC layer as currently
standardized would not just mean an update to or recreation
of all drivers for the WLAN devices but also implies possible
hardware changes in those devices. This makes the deployment
and usage of new MAC mechanisms very difficult.

Routing layer mechanisms to enhance QoS are a promising
approach for WLAN-based mesh networks. The routing layer
is easily exchangeable, as it is totally based on software.
Independent of the operating system, the routing layer is
logically situated on top of the network device driver and
interacting with it via driver independent interfaces.

In the presented approach, maximal adaptability and flex-
ibility is reached through a distributed solution. Every relay
node is equipped with capacities to monitor, judge, and react
on the current network situation.

The aim of the proposed mechanism is to keep track of
the services currently present in the network. Approaching
or already present problems shall be recognized as fast as
possible. Solutions to those problems on different ways shall
be provided to ensure a stable and high QoS level.

This aim basically needs two main tools to be realized, a
Traffic Observer that analyzes the current network situation
and a Traffic Controller that offers different possibilities to
influence the actual situation to provide high QoS. Further-
more, an effective way to allow communication between those
two components not only when present on one mesh node but
also when distributed throughout the network is necessary. The
following sections explain the different parts of the mechanism
in more detail.

2) General Structure and Interoperability: Fig. 3 shows the
general structure of the developed mechanisms. The core of
the implementation is formed by the OLSR implementation
of Andreas Tonnesen OLSRd [14]. Running this software on
every node enables the mesh routers to connect to each other
and to form the MeshBed. The Traffic Observer is implemented
as a kernel module. It is runnable independently of OLSRd
and can be compiled and used on any linux machine with the
correct kernel version. The Traffic Controller is implemented
as a plugin to the OLSRd plugin interface. It includes a
signaling unit making use of the OLSRd broadcast messages
and allows thus communication between different Traffic Con-
trollers. Located on one single node, Traffic Observer and
Traffic Controller are contacting each other via the Linux
netlink sockets.

B. Traffic Observer

The key part of the presented approach is the component
called Traffic Observer. Its tasks are two folded. On the one
hand this module has to monitor the current situation in the

Tr
af

fic
 O

bs
er

ve
r

F
ow

 M
on

to
rn

g 
Th

re
sh

o
d 

M
an

ag
em

en
t

olsrd

Tr
af

fic
 C

on
tr

ol
le

r
Tr

af
fc

 C
on

to
ng

 M
ec

ha
n

sm
s

S
gn

a
ng

Broadcast

OLSR Signaling Messages

P
ug

n 
nt

er
fa

ce

P
ug

n 
nt

er
fa

ce

N
et

nk
 S

oc
ke

t

N
et

nk
 S

oc
ke

t

pr
oc

fs

f
er

ea
d

Fig. 3. General structure

mesh network by observing the traffic flows, as well as other
information that can be obtained from the network. On the
other hand it has to judge whether the current network situation
is acceptable or, if this is not the case, how to react on
the occurring problems. To realize this, certain thresholds are
needed. In the following sections each of these two tasks is
presented in detail.

1) Flow Monitoring: As mentioned before, the most im-
portant task of the Traffic Observer, as the name says, is
observing the network and the traffic inside it. Especially
because Traffic Observer and Traffic Controller are normally
situated in every relay node, a lot of information is obtained
and analyzed. In a raw classification one might separate this
information into packet or traffic related information and non-
packet or -traffic related information. Even though the latter
one, including things like CPU usage or memory load at the
monitoring node, might also be of big interest, the main focus
lies on the former.

Traffic related information are those information concerning
the traffic of the network, i.e. the packets describing this traffic
in the case of IP as in WLAN-based mesh networks. One of
the main aims of the approach presented in this work is a
distributed solution to the issue that is highly adaptable to
different scenarios and network changes. This has a large
impact on the possible choice of monitorable information.
No information of neighbor nodes about their observations
can be included in the measurements for two reasons. First,
the standard packet structure of real-time services does not
include any place to transport those information. Second,
sending this information in separate packets with regular time
intervals is impossible due to an insolvable trade off between
too much signaling overhead and too imprecise information.
OLSRv2 might solve this problem because it provides a more
flexible signaling framework but produces more overhead due
to periodic signaling.

All information the Traffic Observer can analyze about the
currently active services is obtained by the observation of the
packets passing by in the own node. Three different types
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of information can be obtained for a certain packet stream.
First of all there is the explicit time independent information
readable out of the packets content, as for instance source
or destination address or protocol type. Next, there is the
implicit time dependent information which is obtainable at
the moment of the packet monitoring, e.g. the packet absolute
arrival time or relative arrival time after the last packet of the
same service. Finally, there is statistical information that is
based on a series of packets rather than on a single one. This
information provides a long term analysis of the monitored
services, for instance packet loss over the last n packets or
the standard deviation of the packet inter arrival time. The
measurement of the widely used one way delay metric is
evidently not possible in this approach as information of more
than one time stamp at other nodes in the network would be
necessary. Though obtaining this information is impossible as
explained before.

Fig. 4 shows a screen shot of the graphical information page
displaying the information provided by the Traffic Observer.
In the following section all displayed values are shortly de-
scribed and assigned to the above classification. Furthermore,
the equations to calculate the statistical information and to
compute the MOS are given.

Fig. 4. A screenshot from the browsers monitoring page

The information collected for Premium and RTP services
are as follows: source, destination, and next hop IP address of
the packet can be obtained as explicit information, either out
of the packet header, or in case of the next hop address out
of the routing table by knowledge of the destination address.
The payload type of the RTP service and its unique SSRC
number are also explicitly readable from the packet header.
The combination of SSRC and next hop address is used to
assign a unique ID to each service. Packets with the same
SSRC and next hop obtain the same ID and are collected
together.

The values meanIPD, stdIPD, and loss are statistical
information. To explain their calculation, the following
definitions are given: For every packet pi the following
implicit and explicit information can be obtained:

φi: unique identification number of pi,

ti: absolute arrival time of pi,

∆ti = ti−ti−1

φi−φi−1

: relative arrival time of pi, and

li: total length of pi in Bytes.

Furthermore, sets are held containing the obtained values for
the last window size w packets P = {plast−w+1, . . . , plast}

sorted by time of packet arrival:

Φ = {φlast−w+1, . . . , φlast},

T = {tlast−w+1, . . . , tlast},

∆T = {∆tlast−w+1, . . . , ∆tlast}, and

L = {llast−w+1, . . . , llast}.

Using these definitions, the statistical information can
be obtained as follows:
The mean inter packet delay meanIPD is defined as

meanIPD = mean[∆T ] =

∑
x∈∆T x

w
. (1)

The standard deviation of the inter packet delay stdIPD is
defined as

stdIPD =

√√√√ w

w − 1
·

(∑
x∈∆T x2

w
−

(∑
x∈∆T x

w

)2
)

(2)

and the packet loss loss is defined as

loss = 1−
|Φ|

max[Φ] − min[Φ] + 1
= 1−

w

max[Φ] − min[Φ] + 1
(3)

The information collected for other traffic, i.e. non real-time
traffic are as follows: The protocol type, source and destination
addresses, and ports are explicit information of the packet
header. The combination of source and destination addresses
and ports are used to assign a packet to the correct monitored
service. Bits/sec and pkts/sec are statistical information calcu-
lated as follows using the above definitions:
The bandwidth in bits/sec bps is defined as

bps =

∑
l∈L l

max[T ] − min[T ]
(4)

The packet rate in pkts/sec is defined as

pktps =
|L|

max[T ] − min[T ]
=

w

max[T ] − min[T ]
(5)

2) Threshold Management: The preceding section has of-
fered a look inside the Traffic Observer’s monitoring facilities.
It displayed which different types of information and parame-
ters are measurable and how they are obtained. All information
provided by the Traffic Observer is always available up to the
most recent packet on demand via the Linux proc filesystem
procfs.

Monitoring of the services alone is though not enough to
do QoS/QoE monitoring and enhancement. There is also the
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need for a mechanism that judges the monitored information
and reacts in the case of a possible quality decrease. To realize
this task, a threshold management in the Traffic Observer is
necessary. Following a common way of illustration, traffic
light charts with colors green, yellow, and red depicting good,
average, and bad quality are used.

Key parameters have to be compared to adequate thresholds
to assign them with the correct color, i.e. quality level. The key
parameters chosen in this work to judge QoS and a possible
QoS degradation are the previously introduced stdIPD and
loss.

In this work, the thresholds to do the QoS judgment on this
parameters are configured service dependent. Each RTP pay-
load type can be configured with four own values describing
the stdIPDgreen−yellow

, stdIPDyellow−red
, lossgreen−yellow,

and lossyellow−red thresholds. One might imagine that thresh-
olds could become less demanding in case of a larger number
of services in the network or more claiming in an empty
network. The thresholds defined in this work are though
intentionally not adapting to different network situations. They
are set to fixed values for every type of service.

As said before, the monitored values of the Traffic Observer
are always available on demand via the procfs. More precisely,
the explicit and implicit information for the w last packets are
saved internally. At the moment of access to the procfs, the
statistical information is calculated. The judged key parameters
stdIPD and loss belong to the statistical information as well.
Nevertheless, they have to be compared to the thresholds
regularly and not just on demand. stdIPD and loss are thus
calculated when b w

10
c new packets have arrived. For instance

in case of w = 100 with the arrival of every 10th packet
the stdIPD and loss values are updated. Afterwards, the
values are compared to the thresholds shown in Table I. If
the thresholds are exceeded, an alert is broadcast via the linux
netlink socket. To avoid an alert flooding during the process
of the reaction period, alerts are sent with an interval of 1
second.

TABLE I
QOE THRESHOLDS

Quality threshold threshold
Level

MOS loss
loss

stdIPD
stdIPD

good 3.8-5 < 0.3 % < 1.7 ms
average 3-3.8 0.3-1.7 % 0.1 % 1.7-7.2 ms 1.5 ms

bad 1-3 >1.7 % 1.5 % >7.2 ms 7.0 ms

As we have seen a really small stdIPD during the measure-
ments for this paper, the parameter was neglected in Section V.
Instead, we just used the QoS parameter loss to calculate
the Mean Opinion Score (MOS). According to Hossfeld et
al. [15], [16] there is a clear exponential relationship between
the packet loss ratio and the MOS for the ITU-T G.711 voice
codec [17]. As we are using this codec for the measurements,
the MOS can be calculated using the following equation from
Hossfeld et al.:

MOS = 2.861 · e−29.816·loss + 1.134. (6)

C. Traffic Controller

The second important unit of the mechanism is the so
called Traffic Controller. So far, the possibilities of the Traffic
Observer to detect a problem and its ways to give alerts have
been presented. The remaining logical steps of the mechanism
to solve quality problems are signaling the quality problems
to other nodes in the MeshBed and to react on the disturbing
influence to increase the quality. These tasks are realized by
the Traffic Controller and are presented in this section.

1) Traffic controlling mechanisms: Quality degradation can
occur for several reasons like packet loss, jitter, and long end-
to-end delays. A common approach to decrease the packet
loss and the jitter is packet prioritization using the type of
service bit in the IP header. However, due to problems on the
air interface caused by subsequent nodes when relaying traffic
over multiple hops, a prioritization alone does not work in
WMNs.

Considering the possibilities of automated and manual
WLAN channel choice, it can be estimated that there are
no external influences to the WMN on the air interface. All
colliding packets are originating from one of the own mesh
routers in the MeshBed. Under these circumstances a reaction
to these collisions can be done by a reduction of the disturbing
traffic’s packet amount. By reducing the allowed bandwidth
for non real-time traffic to a lower but still acceptable level,
the frequency of possible disturbing packets is automatically
decreased as well.

2) Steps of Controlling: Fig. 5 shows the steps of a Traffic
Controller reaction in an example scenario inside the WMN
environment displayed in Fig. 1. A constant bitrate real-time
connection between a and d via A-B-C-D is disturbed by
crossover high bandwidth traffic from e to f via E-F, see
Fig. 5(a).
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Fig. 5. Steps of controlling

The packets relayed from E to F and from F to f collide
on the air interface with the packets relayed from B and C
which results in a quality decrease of the real-time service,
as illustrated in Fig. 5(b). The Traffic Observers at B, C, and
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D detect the quality problem and send an alert to their Traffic
Controllers. At first the nodes try to find possible disturbances
in their own queues. To avoid quality decrease caused by
overloaded queues, all non real-time applications in the own
node are checked first, if a certain bandwidth threshold is
exceeded. If this is the case, the bandwidth of the non real-time
applications is reduced to a predefined threshold. A dynamical
stepwise adaptation of the bandwidth for non real-time traffic
is an interesting topic to be researched and tested by simulation
studies in future work. In the next step as neighbor nodes
might cause crossover problems, like E and F in this scenario,
signaling messages are sent to all one-hop neighbors via the
OLSRd Hello Message system. This is shown in Fig. 5(c).
All nodes receiving such a broadcast message of a disturbed
node are as one-hop neighbors of the disturbed node possibly
responsible for the disturbance. Therefore, they check and con-
trol the bandwidth of possible disturbing traffic the same way
as the disturbed node did before. In the displayed scenario,
E will activate the bandwidth control. F then recognizes that
the bandwidth is already reduced and no further reaction is
necessary. Fig. 5(d) shows the situation after the reaction of
the mechanism. E is performing bandwidth control that leads
to a slower but still working high bandwidth traffic from e to
f. The performance of the real-time flows increases again and
the QoS/QoE demands can be met.

V. PERFORMANCE MEASUREMENTS

To analyze the performance of the presented approach and
to see if the user perceived quality can be kept on a constant
and high level, two WMN scenarios are set up at T-Systems,
see Fig. 2.

A. In-Band Traffic Disturbance
In the first scenario, shown in Fig. 6, the disturbing best

effort flow has to use the same wireless link between mesh
point A and mesh point B. We call this scenario the in-band
scenario. The cause of a quality degradation should thereby
directly be recognized by mesh point B.
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Fig. 6. In-band disturbing traffic

The real-time connection between a and d is realized by
a VoIP connection, similar to the ITU-T G.711 voice codec,
with an inter arrival time of 20 ms and a packet size of
200 Bytes. The bandwidth of the disturbing best effort connec-
tion between e and f is stepwise increased from 1 to 6 Mbps.

Whenever the Traffic Controller detects a QoS degradation
of the VoIP connection, the bandwidth of the disturbing best
effort flow is decreased to 1 Mbps.

Fig. 7 and Fig. 8 successively present the results of measure-
ments with deactivated and activated controlling mechanism.
The x-axis shows the time of the measurement in seconds, the
y-axes show the estimated MOS and the loss in percent of
the real-time traffic measured at D as well as the bandwidth
in Mbps of the disturbing service measured at F.
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Fig. 7. In-band scenario without Traffic Controller

The stdIPD has also been measured at D. However, the
measurements have shown that even for the highest disturbing
bandwidth, this parameter still stays at an acceptable level
below 5 ms. Therefore, it is not displayed in the measurement
results. However, the packet loss has a large influence on the
estimated MOS. Whenever the dashed line at 1.7% packet
loss is crossed, the MOS drops below 3, resulting in a bad
voice quality. This is already the case when the bandwidth
of the disturbing best effort is increased to 4 Mbps. A further
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Fig. 8. In-band scenario with Traffic Controller
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bandwidth increase leads to a packet loss of up to 20 percent
and a MOS of 1.

However, if the Traffic Controller is activated, the MOS is
kept on a high level as shown in Fig. 8. The vertical lines in the
curves show the time of the problem detection and the time of
the controller reaction. The first exceeding values alerted at the
time of the detection of a new problem are marked with a circle
in the loss graph. The Traffic Observer threshold between
average and bad loss values is set to 1.5 % and displayed
in the graph by a dashed horizontal line.

The functionality of our mechanism is most obvious after
420 s of measurements. At this point, the bandwidth of the
disturbing traffic flow is increased to 5 Mbps which results
in 6 percent loss of the RTP packets. The problem is then
detected by the Traffic Observer and the bandwidth for the
best effort flow is reduced to 1 Mbps. Afterwards, the loss

decreases and the mean opinion score increases to 4 again.

B. Out-Band Traffic Disturbance

The second measurement scenario is shown in Fig. 9. This
time, the RTP service from a to d is disturbed by subsequent
crossover high bandwidth connections from e to f via E-F.
This scenario is called out-band scenario. A reaction to a bad
QoE is performed like shown in Fig. 5. However, this time the
bandwidth of the best effort flow is reduced to 5 Mbps instead
of 1 Mbps because the quality decrease does not originate from
overloaded queues but from interferences on the air interface
which have less influence on the voice traffic flow.
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Fig. 9. Out-band disturbing traffic

In contrast to the first measurement scenario, the bandwidth
of the disturbing best effort traffic can now be increased from
5 to 25 Mbps in steps of 5 Mbps, due to the above mentioned
reason. In the first scenario, both flows share the same queues
at the WLAN MAC layer at A and B. In the second scenario,
the quality of the VoIP flow is just degraded by the interference
on the wireless link.

Fig. 10 and Fig. 11 show the measurement results with
deactivated and activated controlling mechanism. Similar to
the previous results, the stdIPD is negligible and not plotted.
Again, the loss value is a lot more sensible to collisions on
the air interface. Fig. 10 shows that the threshold is already
exceeded for a disturber bandwidth of 10 Mbps. For disturber
bandwidths of 20 Mbps and more, the quality remains always
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Fig. 10. Influences of crossover disturbers
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Fig. 11. Improvements by the Traffic Controller in the out-band scenario

below the threshold. For the highest tested bandwidth of
25 Mbps, the service quality at D is totally unacceptable as
the loss value increases drastically.

Fig. 11 shows the same case as Fig. 10 but with activated
mechanism at all nodes. Obviously, as a first perception, the
phases with high loss, invoking low MOS, are a lot shorter
than without the influences of the mechanism. The bandwidth
graph shows the reduction of the disturbers bandwidth to the
configured value of 5 Mbps. This obviously leads to a direct
return to acceptable quality values in the loss and MOS

curves.
To quantify the performance of the mechanism, the key

parameters, reaction time and signaling message load, have
been analyzed. Depending on the number of neighbors a mesh
router in the depicted scenario receives on average between
400 Byte, about 3 to 4 packets, and 2000 Byte, 15 to 20
packets, of OLSRd messages per second. As said before, the
Traffic Observer does not send alerts more frequently than
with an interval of 1 second to avoid an alert flooding. An
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alert is furthermore broadcast by an OLSRd message of a size
fitting in one single OLSRd packet. This one additional packet
per second does not show any increase of the average OL-
SRd signaling bandwidth. Even the highest measured OLSRd
signaling bandwidth of 2 kbps is ignorable even in a highly
loaded network. The signaling load issue is thus no problem
of the presented mechanism.

The second important metric to quantify the mechanism’s
performance is the reacting time. As upcoming quality loss
is recognized latest within the first w disturbed packets, i.e.
in the default case with w = 100 and constant bitrate 20ms

in the first two 2 seconds, the delay between the occurrence
of a quality decrease and the recognition can be disregarded.
Then again an activation of the Traffic Controller e.g. reducing
the disturbers bandwidth is supposed to solve the problem
in maximally w packets as well, what can be confirmed by
a look at Fig. 11. The time between the activation of the
Traffic Controller and the return of an acceptable quality level
is thus also negligible. The scope lies on the delay between
the detection and the reaction. Fig. 11 shows that this delay
depends on the bandwidth of the disturber. For the bandwidths
of 5, 10, 15 Mbps the delay remains between 1 and 3 seconds.
Such a delay results only in a short QoS loss which is still
acceptable for a user.

For the test cases with higher bandwidths of 20 Mbps and
25 Mbps, which are though not expected to occur in real mesh
networks, the delays increase significantly up to 7 seconds. An
analysis of the single controlling steps has shown that the high
delays in the measurement setup are mainly caused inside the
Traffic Controller while activating the traffic reduction. The
delays are due to high CPU use of the used mesh points. In
this case the prerequisite of Section IV that the nodes can be
chosen fast enough to not be the bottleneck of a transmission
is not met anymore with the used equipment. The effects are
though expected to disappear when more powerful machines
or a hardware based realization are used. Investigating such a
realization might be a promising topic for future work.

VI. CONCLUSION

In this paper, we presented an approach to meet a high
Quality of Experience level for real-time applications in wire-
less mesh networks. The approach is based on two main
entities, a Traffic Observer and a Traffic Controller. The
Traffic Observer concurrently measures the network situation.
Whenever a problem is detected in the wireless mesh network,
for example a high rate best effort flow blocks a real-time
application, the Traffic Controller forces this low priority flow
to reduce the bandwidth.

In contrast to other publications in this area, the developed
approach was not just tested in a simulation environment,
but implemented in a real WLAN-based mesh network. Two
different scenarios have been investigated, one with disturbing
best effort traffic on the same path and one scenario with
disturbing traffic within the coverage area of the mesh points.
The results have shown that without the Traffic Controller,
the subjective quality, expressed in the mean opinion score,

decreases drastically when only a small disturbing bandwidth
is set up. However, when the Traffic Controller is activated,
the MOS only drops for one to three seconds below 4.

Comparing the two scenarios, it can be said that the real-
time application is by far more influenced by a best effort
flow on the same path than on a crossing path. This is due
to queuing effects on the MAC layer. The next step is to
reduce the best effort bandwidth not to a fixed value, but to
automatically adapt it to the maximum possible bandwidth
without disturbing the real-time traffic flows.

REFERENCES

[1] IEEE 802.11s/D1.0, “Draft Amendment to Standard for Information
Technology - Telecommunications and information exchange between
systems - Local and metropolitan area networks - Specific requirements
- ESS Mesh Networking,” March 2007, IEEE 802.11s/D1.

[2] “IEEE 802.15 Standard Group Web Site. Available from:
http://www.ieee802.org/15/.”

[3] “IEEE 802.16j Mobile Multihop Relay Project Authorization Re-
quest (PAR), Official IEEE 802.16j Website: http://standards.ieee.
org/board/nes/projects/802-16j.pdf,” March 2006.

[4] ITU-T, “Series P: Telephone Transmission Quality, Methods for objec-
tive and subjective assessment of quality; Mean Opinion Score (MOS)
terminology,” July 2006, iTU-T Recommendation P.800.1.

[5] D. Hock, R. Pries, D. Staehle, V. Rakocevic, N. Bayer, M. Siebert, and
B. Xu, “QoS Provisioning in WLAN Mesh Networks Using Dynamic
Bandwidth Control,” European Wireless 2008, June 2008.

[6] R. Pries, S. Menth, D. Staehle, M. Menth, and P. Tran-Gia, “Dynamic
Contention Window Adaptation (DCWA) in IEEE 802.11e Wireless
Local Area Networks,” in The Second International Conference on
Communications and Electronics, HUT-ICCE, Hoi An, Vietnam, June
2008.

[7] H. Zhu, G. Cao, A. Yener, and A. D. Mathias, “EDCF-DM: A Novel
Enhanced Distributed Coordination Function for Wireless Ad Hoc
Networks,” in IEEE ICC 2004, Paris, France, June 2004, pp. 3886–3890.

[8] L. Romdhani, Q. Ni, and T. Turletti, “AEDCF: Enhanced Service
Differentiation for IEEE 802.11 Wireless Ad-Hoc Networks,” in IEEE
WCNC, 2003.

[9] E. Carlson, C. Prehofer, C. Bettstetter, H. Karl, and A. Wolisz, “A
Distributed End-to-End Reservation Protocol for IEEE 802.11-Based
Wireless Mesh Networks,” IEEE Journal on Selected Areas in Commu-
nications, vol. 24, no. 11, pp. 2018–2027, November 2006. [Online].
Available: http://ieeexplore.ieee.org/xpls/abs all.jsp?arnumber=1717616

[10] F. Guo and T. Chiueh, “Comparison of QoS Guarantee Techniques for
VoIP over IEEE802.11 Wireless LAN,” in Multimedia Computing and
Networking 2008, San Jose, CA, USA, January 2008.

[11] W. He, H. Nguyen, and K. Nahrstedt, “Experimental Validation of
Middleware-based QoS Control in 802.11 Wireless Networks,” in
BROADNETS ’06: Proceedings of the Third International Conference
on Broadband Networks, San Jose, CA, USA, 2006, pp. 1–9. [Online].
Available: http://dblp.uni-trier.de/db/conf/broadnets/broadnets2006.html

[12] N. Bayer, D. Hock, M. Siebert, A. Roos, B. Xu, and V. Rakocevic,
“VoIP performance in MeshBed - a Wireless Mesh Networks Testbed,”
in Proc. IEEE 67th Vehicular Technology Conference (VTC ’08-Spring),
Marina Bay, Singapore, May 2008.

[13] “http://www.madwifi.org.”
[14] Andreas Tonnesen, “Implementing and extending the Optimized Link

State Routing Protocol,” Master Thesis at UniK, 2004.
[15] T. Hoßfeld, P. Tran-Gia, and M. Fiedler, “Quantification of Quality

of Experience for Edge-Based Applications,” in 20th International
Teletraffic Congress (ITC20), Ottawa, Canada, June 2007.

[16] T. Hoßfeld, D. Hock, K. Tutschku, P. Tran-Gia, and M. Fiedler, “Testing
the IQX Hypothesis for Exponential Interdependency between QoS and
QoE of Voice Codecs iLBC and G.711,” 18th ITC Specialist Seminar
on Quality of Experience, Karlskrona, Sweden, May 2008.

[17] ITU-T Recommendation G.711, “Pulse code modulation (pcm) of voice
frequencies,” International Telecommunication Union, Recommendation
G.711, Telecommunication Standardization Sector of ITU, Geneva,
Switzerland, November 1998.

18th ITC Specialist Seminar on Quality of Experience

52



Revisiting FAST TCP Fairness
Tuan A. Trinh, Balázs Sonkoly, Sándor Molnár

Abstract—Fairness of competing TCP flows is an integral
and indispensable part of transport protocol design for next
generation high bandwidth-delay product networks. In this paper
we revisit FAST TCP fairness behavior based on a comprehensive
performance evaluation study. We demonstrate that FAST TCP
with proper parameter settings can always achieve fair behavior
with HighSpeed TCP and Scalable TCP. We also show that this
behavior is rather robust property of the protocol concerning
different traffic mix or network topology. The dynamic behavior
of reaching the fair equilibrium state can be different which
is demonstrated in the paper. Our study also emphasizes the
important need for finding a dynamic sensitive fairness metric for
performance evaluation of transport protocols for next generation
high bandwidth-delay product networks.

Index Terms—High Speed Networks, FAST TCP, Fairness
Analysis.

I. INTRODUCTION

The advance in technologies, newer and newer forms of
applications ensure improved and diversified services to the
end-users but they also bring new challenges for the network
designers. As a result, there is a genuine need for next
generation transport protocols that can efficiently utilize the
resources and that can operate in these new and diverse
network environments.

This question has recently received considerable attention
from the research community [1], [2] and a number of solu-
tions have been proposed (HighSpeed TCP [3], Scalable TCP
[4], FAST TCP [5], and others). Roughly, these protocols can
be divided into two classes: loss-based and delay-based. Loss-
based versions share similar features with traditional TCP
(TCP Reno) whereas delay-based TCP (FAST TCP) is an
extension of TCP Vegas [6]. There is a considerable research
regarding the modeling and analysis of high speed TCP ver-
sions, e.g., [3]–[5], [7]–[9]. It is widely accepted that one of the
most important issues with these protocols is operability and
deployability. This directly leads to the question of fairness.
In fact, this question is tackled by research community for
quite a long time (see e.g., [4], [5], [10]–[14]) and a number
of fairness metrics have been proposed, such as Jain’s index,
max-min fairness, proportional fairness, utility-based fairness,
etc. These metrics are different, but they share a common as-
pect. They all concern with the long term average of the flows
and their stable/equilibrium performance. The main weakness
of these metrics is the lack of attention to the dynamic of
the flows. In this paper, we revisit FAST TCP, a delay-based
TCP version that is designed as a transport protocol for next

T. A. Trinh, B. Sonkoly and S. Molnár are with High Speed Networks
Laboratory, Department of Telecommunications and Media Informatics, Bu-
dapest University of Technology and Economics, Magyar tudósok körútja 2,
H–1117, Budapest, Hungary. E-mail: {trinh, sonkoly, molnar}@tmit.bme.hu

generation networks, especially high bandwidth-delay product
networks. We illustrate and show some surprising benefits of
this approach, in particular FAST TCP, in terms of fairness.
This paper is devoted to give important and demonstrative
results gained from a comprehensive analysis [15].

This paper is organized as follows. In Section II, the
simulation environment and the important parameters are
presented. Section III shows the fairness issues of FAST
TCP with other loss-based TCP versions from a flow-level
perspective. Observations of the deficiencies of the available
fairness metrics are also provided in Section III. Section IV
provides a comprehensive packet-level analysis of the ob-
served phenomena, especially the impact of starting time on
long-term fairness. In Section V, a brief discussion on the
performance in more complex topologies is given. Section VI
concludes the paper.

II. SIMULATION ENVIRONMENT

The fairness analysis of competing high speed TCP pro-
tocols and the validation of the analytical results are carried
out in the Ns-2 [16] simulation environment. Our simulation
scripts regarding different network scenarios can be found
in [15]. The different high speed transport protocols are
integrated in the environment. Ns-2 version 2.27 includes the
algorithm of HighSpeed TCP, while the Scalable TCP control
mechanism can easily be implemented. The Ns-2 source code
of FAST TCP is used from [17].
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(a) dumb-bell (b) parking-lot

Figure 1. Network topology

The examined dumb-bell topology containing one bottle-
neck link is shown in Figure 1(a). The queueing mechanism
corresponding to the bottleneck link is drop-tail. We do not
consider the impacts of the buffer size (B) in our analysis and
the buffers are set according to the bandwidth-delay product.
We found that the quantitative properties of competing flows
are affected by the size of the buffers in the network; however,
the basic phenomena and the qualitative characteristics do
not depend on this parameter. We also investigate a simple
parking-lot topology (Figure 1(b)), where the impacts of
different round-trip times (RTT) can be revealed. Here, only
the second link is congested. In case of these scenarios, a
simulation contains two competing flows starting at different
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time instances and performing an infinite FTP download
(permanent TCP connection). Investigating the impacts of the
starting time, different values are chosen. More exactly, on the
one hand, we analyze scenarios when the second flow enters
later than the saturation time of the first flow (e.g., with 50
sec delay), and on the other hand, scenarios with smaller delay
(e.g., with 15 sec delay) are also examined. In the dumb-bell
topology, the competition of a later entering flow against a
traffic aggregate containing 10 flows using the same protocol
is also analyzed.

During the evaluation, the default parameter set of the
protocols is used (see [3] and [4]). HighSpeed TCP (HSTCP)
and Scalable TCP (STCP) apply the Limited Slow-Start (LSS)
mechanism [18], as well. The parameters of the simulations
are summarized in Table I.

Table I
PARAMETERS

Network parameters
capacity 1 Gbps

RTT 100 ms
packet size 1, 500 bytes

Buffer size
dumb-bell 8, 333 pkts
parking-lot 25, 000 pkts

Sampling periods
cwnd, queue 0.01 s

throughput 1 s
FAST TCP – dumb-bell
α = β 4, 166 pkts

FAST TCP – parking-lot
α = β 12, 500 pkts

FAST TCP seeks to restrict the number of its packets queued
through the network path between an upper and a lower bound.
The appropriate setting of parameters α and β regarding the
bounds is crucial. We use only one parameter (α) setting the
bounds as α = β. The control mechanism is based on the
comparison between the observed RTT and the baseRTT
which is an approximation of the round-trip propagation delay
(when there is no queueing). The α parameter of FAST TCP
flows is chosen so that the total number of outgoing packets
of the flows is smaller than the buffer size to avoid losses due
to buffer overflow for these FAST TCP connections. In case
of two flows, then the α parameter of FAST TCP is set to
B/2.

III. FLOW-LEVEL STUDY

In this section, two competing flows (one FAST TCP flow
and one HSTCP or Scalable TCP flow) are examined at
the flow-level and the dynamics of average throughput and
fairness metrics are analyzed. The deficiencies of the available
fairness metrics are also revealed. Recent researches [13],
[15] showed that competing high speed transport protocols
(such as Scalable TCP, HSTCP) can not always achieve fair
equilibrium state or the convergence time can be too long.
It was also revealed that the starting time of the flows can
have relevant impact on the performance. We show that FAST
TCP with appropriate parameters can exhibit fair or almost
fair behavior. Here, we focus on the inter-protocol properties,
however, FAST TCP with appropriate parameters shows fair
behavior with other FAST TCP flows, as well.

First, the dumb-bell topology is analyzed. The dynamics of
the bandwidth share for scenarios with different starting delays

are presented in Figure 2. It can be observed in all presented
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Figure 2. Performance of competing flows

results that the equilibrium bandwidth share is approximately
fair. On the one hand, when FAST TCP starts first, the
bottleneck bandwidth is always shared fair in equilibrium state.
On the other hand, in case of later entering FAST TCP flow,
the equilibrium state is only near to the fair state (almost fair),
and it is reached after a transient period (which length depends
on the starting delay). This bias in the equilibrium state can be
caused by the estimation error of baseRTT (the FAST TCP
flow does not experience empty buffer).

For the examined scenarios, available fairness metrics can
also be derived. Here, we calculate three important ones that
can be used in our analysis. Let BW 1 and BW 2 be the
average bandwidth share of the two sources, respectively.

Relative fairness (used in [3]) can be defined as follows:

RF =
BW 1

BW 2

.

Jain’s index [19] is a normalized metric in the [0.5, 1]
interval and can be defined as follows:

JI =
(BW 1 + BW 2)

2

2(BW
2

1
+ BW

2

2
)

The bandwidth share is fair if JI → 1 and unfair behavior
can be observed if JI → 0.5.

Another normalized asymmetry metric proposed in [20] can
express which flow is more aggressive. This index is defined
as

BI =
BW 1 − BW 2

BW 1 + BW 2

.

The closer BI is to 0, the more fair bandwidth share can be
observed. BI → 1 shows the dominance of the first flow while
BI → −1 shows the dominance of the second one.

Table II summarizes the fairness indices of the protocols
calculated from the simulations. The results confirm quantita-
tively the qualitative statements based on throughput diagrams.

18th ITC Specialist Seminar on Quality of Experience

54



Table II
FAIRNESS INDICES (DUMB-BELL TOPOLOGY)

Flow 1 Flow 2 del: 50sec del: 15sec del < 5sec
Prot. Prot. BI JI RF BI JI RF BI JI RF

FAST TCP STCP 0.051 0.997 1.106 0.051 0.997 1.107 0.051 0.997 1.107
STCP FAST TCP -0.273 0.930 0.569 -0.051 0.997 0.904 -0.051 0.997 0.905

FAST TCP HSTCP 0.081 0.993 1.177 0.081 0.994 1.176 0.081 0.994 1.176
HSTCP FAST TCP -0.287 0.924 0.555 -0.081 0.994 0.851 -0.081 0.993 0.848

These metrics are mainly capable of characterizing the equi-
librium behavior and can not capture the dynamic properties
of the interaction, thus further analysis both in packet-level
and flow-level is necessary.

Second, we examine the behavior of FAST TCP in the
parking-lot topology where the fairness of competing high
speed TCP flows with different round-trip times (RTT) can be
analyzed. The results are promising and here, some examples
are given as illustration. We found that FAST TCP with longer
path and round-trip time can also achieve good performance
and shows fair behavior with Scalable TCP and HSTCP.
Another attractive property of the protocol is shown when
the round-trip time of the FAST TCP flow is shorter. FAST
TCP does not starve the other flows and fair equilibrium states
are achieved. Demonstrative results are shown in Figure 3.
The upper parts of the figure correspond to scenarios when
the RTT of the FAST TCP flow is greater, while the lower
parts present the results for the reverse case. When FAST
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Figure 3. Performance – parking-lot topology

TCP flow starts first, the characteristics of the interaction is
similar to the behavior exhibited in the dumb-bell topology:
after a transient phase, FAST TCP gives up approximately the
half of the shared link bandwidth. However, the length of the
transient period differs. In case of later entering FAST TCP
flow, the fair (or almost fair) equilibrium state is realized again,
however, in the transient phase other phenomena can also be
observed. The later entering FAST TCP flow with longer RTT

can only achieve the fair equilibrium at the cost of timeout
of the other flow. In our simulation environment, HSTCP and
Scalable TCP can respond to this event in a different manner,
thus, the transient phases show different properties.

IV. PACKET-LEVEL ANALYSIS

This section is devoted to reveal and explain the phenom-
ena experienced at the flow-level based on a comprehensive
packet-level analysis. First, the initial behavior of individual
flows is summarized in order to gain a basic knowledge of
the characteristics of different congestion control principles.
Second, the long-term behavior of competing high speed
TCP protocols is investigated. We apply spectral analysis of
cwnd and queue processes to get an insight into the dynamic
properties of the interaction.

A. Initial dynamics – saturation time

In this section, we focus on the initial phase which plays
a significant role of the performance of an entering flow.
Here, the investigation is carried out considering the simple
dumb-bell topology. We introduce a new performance metric,
namely, the saturation time, as the length of this transient
phase. This metric can be defined for a loss-based protocol
as the time from the starting till the first packet drop. In
Figure 4(a), the saturation time and different phases of an
individual Scalable TCP flow are presented as an illustration.
Increasing the congestion window (and sending rate) of the
source, the bottleneck link will be saturated after a while
(link saturation). After this event, the buffer is filled by the
new arriving packets. The time instance when the buffer is
full at the first time is the saturation time. For a delay-based
protocol, depending on the network environment (buffer size,
parameters of the protocol), packet losses can be avoided
during the operation. In these cases, the network is said to
be saturated when the congestion window has settled down
around the equilibrium state or the source has entered the
delay-based (AIAD) operating regime (see Figure 4(c)).

Various TCP versions apply different mechanisms during
the initial phase. A source generally starts sending according
to a Slow-Start-like manner using a multiplicative increase
algorithm with a protocol-dependent parameter. This means
that the congestion window is increased by a constant value
for each acknowledgement received. In our particular cases,
the protocols use the following mechanisms. The behavior of
HSTCP and Scalable TCP is determined by the Slow-Start and
Limited Slow-Start algorithms. With certain network parame-
ters, the Limited Slow-Start phase can be left for the additive
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Figure 4. Saturation time and equilibrium behavior

increase (HSTCP) or the multiplicative increase (Scalable
TCP) phase, before the first packet drop. FAST TCP increases
its congestion window according to a multiplicative increase
algorithm if it is far from the equilibrium state. As a result, to
understand the saturation behavior of different protocols, we
have to understand the operation of basic algorithms used in
the initial phases.

1) Dynamics of Slow-Start: The Slow-Start mechanism is
analytically tractable and relevant parameters can easily be
derived. Here, we only summarize the main results (for further
details, see [15]).

The Slow-Start phase lasts till cwnd reaches the threshold
ssthresh or a packet loss can be detected. This time
instance is tss = min{tth, tdrop + tdelay}, where tth =
R0 log

2
ssthresh and tdrop is the solution of the following

equation:

2t/R0

lg 2
− Ct +

�
Ct0 −

2t0/R0

lg 2
− B

�
= 0, (1)

where R0 is the round-trip propagation delay, C is the link
capacity and B is the buffer size. The time instance tdrop can
be approximated by the following simple formula assuming
that the congestion window is equal to the sum of the BDP
(bandwidth-delay product) and the buffer size at the saturation
time:

tdrop ≈ R0 log
2
(R0C + B) = R0

lg(R0C + B)

lg 2
. (2)

tdelay corresponds to queueing delay and one-way propagation
delay.

Configuring initial Slow-Start threshold to be 100 packets,
the end of Slow-Start phase is triggered by the event that cwnd
exceeds ssthresh. During our analysis, we always assume
this initial value of ssthresh.

2) Dynamics of Limited Slow-Start: LSS operates in con-
gestion avoidance mode in the Ns-2 implementation till the
first packet drop. LSS affects the increase mechanism of cwnd
comparing the increment of the congestion control mechanism
(e.g., Scalable TCP, HSTCP) with its own increment and the
maximum of these values are used. With this algorithm, a
faster convergence can be achieved when the source’s sending

rate is far from the equilibrium value. In Limited Slow-Start
phase, cwnd is increased by at most max_ssthresh/2
per round-trip time. In the simulations, the parameter is set
to the proposed value (max_ssthresh = 100). It can
easily be derived analytically [18] that log

2
(max_ssth) +

cwnd�max_ssth
max_ssth/2

RTT is needed to reach cwnd (that is
greater than max_ssthresh). The first term corresponds
to the standard Slow-Start phase and max_ssth stands for
max_ssthresh.

The end of the LSS phase, actually, can be caused by a
packet drop or the fact that the protocol’s increase mechanism
“suggests” more aggressive increment than the LSS algorithm.
In our simulations, the end of this phase depends on the
protocol version. As cwnd increases, there will be a state
(WLSS) when the increment of LSS and the increment of
Scalable TCP’s or HSTCP’s algorithm will be equal triggering
the end of this phase. On the one hand, in case of individual
Scalable TCP flow, this state can be expressed by

WLSS =
max_ssth

2

1

a
,

where a is the increase parameter of Scalable TCP. The details
of the derivation can be found in [15]. Our parameters give that
the end of LSS phase is expected to be around WLSS = 5, 000
at t ≈ 10.46 sec. On the other hand, for HSTCP flow, WLSS

can be derived from the following equation:

a(W0) = max_ssth/2,

where a(W0) is the cwnd dependent increase parameter of
HSTCP. In our scenario, WLSS ≈ 29, 000. This high value
of cwnd can not be reached with the computed simulation
parameters resulting in HSTCP source operating in LSS till
the first packet drop. Thus, the initial behavior is determined
by Slow-Start and Limited Slow-Start algorithms.

3) Scalable TCP – saturation time.: In case of Scalable
TCP, the end of LSS phase can be expressed as follows (see
[15] for details):

tLSS = R0

lg max_ssth

lg 2
+ R0

WLSS − max_ssth

max_ssth/2
≈ 10.46 sec, (3)
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where WLSS is the value of congestion window triggering
the end of LSS. After Limited Slow-Start, the multiplicative
increase mechanism of the protocol operates. During this
period, the congestion window is increased from WLSS to
the BDP (R0C). Thus, the link saturation time can easily be
determined:

t0 = tLSS + t′ = tLSS + R0

lg R0C
WLSS

lg(1 + a)
≈ 15.6 sec. (4)

The time till the first packet drop can also be determined
by solving differential equations describing the dynamics of
congestion window and the behavior of the queue. Instead
of solving complicated differential equations (with varying
delays and recursive arguments), a simple approximation can
be applied. In this phase, the congestion window is increased
from W0 = R0C to R0C + B according to the multiplica-
tive increase mechanism. Approximating the increase of the
queueing delay by a linear function, the round-trip time can
be treated as a constant with a mean value: R̃ = R0 + B/2C.
Thus, the saturation time can be expressed as follows:

t̂saturation = t0 + t∗ = t0 + R̃
lg R0C+B

R0C

lg(1 + a)
≈ 26.05 sec. (5)

The analytically derived parameters and the approximation of
saturation time meet well the simulation results presented in
Figure 4(a).

4) HSTCP – saturation time.: In case of individual HSTCP
flow, the time of the first packet drop (saturation time) can
similarly be determined as it was outlined for Scalable TCP.
The link saturation time can be expressed as follows:

t0 = R0

lgmax_ssth

lg 2
+ R0

R0C − max_ssth

max_ssth/2
≈ 17.13 sec. (6)

Determining the saturation time, a similar approximation can
be used as it was applied for Scalable TCP:

t̂saturation = t0 + t∗,

where

t∗ = R̃
R0C + B − R0C

max_ssth/2
= R̃

B

max_ssth/2
. (7)

Our parameters yield that t̂saturation = 42.13 sec which meets
well the simulation results (see Figure 4(b)).

5) FAST TCP – saturation time: Far from the equilib-
rium state of cwnd, FAST TCP converges exponentially to
that equilibrium performing a slow-start-like multiplicative
increase algorithm. This fast convergence of the cwnd is
shown in Figure 4(c). If queueing delay exceeds a threshold
(which is a constant parameter of the protocol in the Ns-
2 implementation), the additive increase additive decrease
control algorithm is used instead of multiplicative increase.
In our simulation environment, FAST TCP (with α = 4166)
reaches the equilibrium approximately after 2 seconds.

B. Equilibrium behavior

In this section, the packet-level characteristics of the long-
term behavior of competing high speed TCP flows are inves-
tigated.

Firts, we focus on scenarios when FAST TCP source starts
the transmission and the other flow enters into the network
when the first one has achieved maximal sending rate. The
simulation results corresponding to starting delay of 50 sec are
presented in Figure 5 for Scalable TCP (a) and HSTCP (b),
respectively. During the transient phase, the additive decrease
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Figure 5. Competition of 2 flows

algorithm of FAST TCP interacts with the control mechanism
of the other protocol (limited slow-start and multiplicative
increase in case of Scalable TCP and limited slow-start in case
of HSTCP). Following the proposed schemes for choosing an
α parameter of FAST TCP, cwnd processes converge to an
equilibrium state corresponding to approximately fair band-
width share. The length of the transient phase is determined by
the congestion control algorithms. After the transient period,
a common periodic behavior is shown by the sources. When
Scalable TCP reduces its congestion window, FAST TCP
can increase the number of packets in the bottleneck queue
performing an additive increase based on queueing delay.
During the second part of a period, the multiplicative increase
of Scalable TCP interacts with the additive decrease of FAST
TCP. Thus, the periodic behavior is affected by the interaction
of AIAD – MIMD algorithms. The common time period
and the dynamics of the bottleneck queue are determined
by the time period of Scalable TCP. It is worth noting that
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losses do not occur during the FAST TCP connection and the
equilibrium state is quasi stable. The equilibrium behavior of
FAST TCP and HSTCP is very similar. Here, the interaction of
AIAD and AIMD mechanisms results in a longer time period.

Second, the FAST TCP source enters later into the network
and try to catch the half of the capacity of the bottleneck
link. Recent researches [13], [15] showed that a Scalable
TCP flow in equilibrium state can starve other flows starting
later (including other Scalable TCP flow). FAST TCP with
α parameter chosen as suggested in [5] achieve significant
bandwidth share against Scalable TCP and HSTCP, too. The
simulation results corresponding to 15 sec delay are presented
in Figure 5(c) and (d). In these scenarios, after a very short
transient period, the congestion windows settle down again
around an equilibrium state.

A significantly different behavior can be experienced at the
packet-level increasing the starting delay of the FAST TCP
flow. As an illustration, the simulation results of the compe-
tition of Scalable TCP and FAST TCP flow corresponding to
50 sec delay are shown in Figure 6. This behavior can be
examined in the frequency domain, too. The power spectral
density (PSD) functions of the cwnd process of Scalable TCP
and FAST TCP and the bottleneck queue process are also
shown in Figure 6. The good performance of FAST TCP
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Figure 6. STCP – FAST TCP, delay: 50s
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Figure 7. HSTCP – FAST TCP, delay: 50s

can be explained by the special control algorithm used by
the protocol. When FAST TCP is far from the equilibrium
sending rate, it performs multiplicative increase algorithm. As
the bottleneck queue operates around its full state, during the
transient period, FAST TCP also suffers from losses and halves
the cwnd. After a recovery period, the exponential increase is
performed until the next loss. After a long and oscillating tran-
sient phase, the previously seen common periodic equilibrium
behavior is exhibited when FAST TCP does not suffer from
losses. The dominant frequency of a single Scalable TCP flow
(ω ≈ 0.34 1/s) occurs in the PSD of FAST TCP (with lower
energy value), as well, while the presence of a higher fre-
quency component can also be observed corresponding to the
MIMD oscillation of the transient phase. These two frequency
spikes mainly determine the dynamics of the bottleneck queue.
In case of interaction with HSTCP, a similar behavior can be
observed. We observed that the length of the transient period
depends on the starting time and other parameters of FAST
TCP, as well.

FAST TCP can also achieve good performance and fair
behavior against Scalable TCP or HSTCP traffic aggregate. On
the one hand, we found that later entering FAST TCP flow can
occupy the half of the bottleneck bandwidth beside HSTCP
flows (if the parameters are well chosen) and the behavior is
similar to the behavior of two competing flows: FAST TCP
realizes a quasi stable equilibrium state without losses (AIAD).
On the other hand, the interaction with Scalable TCP traffic
aggregate can have different characteristics. To illustrate the
point, we let a traffic aggregate that contains 10 Scalable TCP
flows (Figure 8) and 10 HSTCP flows (Figure 9) mixed with a
FAST TCP source entering with a delay of 50 sec. Here, the
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Figure 8. STCP aggregate – FAST TCP

characteristics of the equilibrium behavior is determined by the
MIMD mechanisms of the protocols and FAST TCP is not able
to reach a stable (or quasi stable) state and shows oscillation.
However, the achieved throughput approximates the half of the
bottleneck capacity (as it is targeted by the parameter setting
of FAST TCP) resulting in good performance.
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Figure 9. HSTCP aggregate – FAST TCP

V. DISCUSSION

Surprisingly, the performance of FAST TCP shows degrada-
tion in complex parking-lot topology with multiple congested
links. Here, we show some demonstrative results (for further
details, see [15]).

���

� �

� �

��� ���

� �

� ��� � �
� �  ��

��" � #

� #

� ��� � �
� �� ��

� �

� ��� � �
���� ��

��� � � �
���  ��

� � � � � " � " � #

Figure 10. Complex parking-lot topology with four congested links

A complex parking-lot topology with five nodes is shown in
Figure 10, where all links are congested. Here, one FAST TCP
flow traverses across the backbone containing four congested
links and four flows of a loss-based protocol use single links,
respectively. Here, the parameters of FAST TCP are set to the
same value as it was used in the dumb-bell scenarios.
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Figure 11. Parking-lot: 5 nodes, FAST TCP – HSTCP (FAST TCP with
longer RTT starts first)

As an illustration, the competition of a single FAST TCP

flow traversing the backbone and four HSTCP flows using
separate links is shown in Figure 11. The congestion window
of FAST TCP can settle down around the same equilibrium
state where the other flows operate. Therefore, the bandwidth
share of FAST TCP is significantly below the fair state.
Obviously, the performance of FAST TCP can be enhanced
increasing the α parameter of the protocol. However, this can
yield unstable network behavior with degraded link utilization.

VI. CONCLUSION

In this paper, we revisited FAST TCP, a delay-based TCP
version proposed for next generation networks. We illustrated
and showed some surprising benefits of this approach in terms
of fairness.

Our main findings are the following: In contrast to loss-
based protocols, FAST TCP with appropriate parameters can
always show fair (or almost fair) behavior beside HSTCP and
Scalable TCP flows. Concerning the dynamics of TCP starting
times the fair or almost fair state is achieved by different ways:

• If FAST TCP flow starts first then a fair and quasi stable
equilibrium state can always be directly achieved.

• In case of a later entering of FAST TCP flow the equi-
librium state is reached through an oscillating transient
phase with a length depending on the starting time and
other parameters.

We have also found that this fair behavior of FAST TCP
seems to be a robust property of the protocol which still holds
in an aggregated traffic mix or in different topologies. More
specifically, we have found that FAST TCP can achieve good
utilization against Scalable TCP or HSTCP traffic aggregate.
Moreover, FAST TCP can exhibit these good properties op-
erating in more complex network environments (parking-lot
topology). We should also note that this property holds for a
certain range of the parameter alpha depending on the actual
network topology, flow parameters, etc. To find a method
which can continuously change this parameter according to the
network and flow environments to keep this property broadly
general is a good point of future research.

We have also revealed the drawbacks of currently used
fairness metrics and showed the urgent need to find metrics
which can reflect the dynamic protocol behavior. In the future,
we plan to continue the analysis with other high speed proto-
cols and more complex network environments. Our aim is to
define a dynamics sensitive fairness metric for performance
evaluation of transport protocols for next generation high
bandwidth-delay product networks.
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Abstract—We propose a cross-layer optimization 

architecture that leads to optimized usage of network resources 
for multiple users running diverse applications (e.g. voice calls, 
video streaming, file transfer). Our main objective is to improve 
the user’s Quality of Experience (QoE). Our approach is based 
on a joint optimization of the application layer, the data-link 
layer and the physical layer of a wireless protocol stack, in 
which key parameters from each layer are abstracted. The 
Mean Opinion Score (MOS) is used as a common metric in the 
optimization scheme to represent the user perceived quality of 
all applications. Simulation results show that our MOS-based 
optimization leads to remarkable improvements in terms of 
user perceived quality as well as an increased number of users 
in a cell when compared to conventional throughput-based 
optimization.  
 

Index Terms—Cross-layer optimization, wireless multimedia 
communication, Mean Opinion Score, multi-user resource 
allocation 

I. INTRODUCTION 

UTURE wireless networks are envisioned not just to 
provide a higher data rate to the mobile users, but also to 

efficiently allocate the available resources to them. This 
includes both maximizing the network resource usage and 
providing high quality of services to the largest possible 
number of users. Heterogeneity of applications (e.g. voice 
calls, video streaming, file transfer) run by different users 
and non-predictable variation of wireless transmission 
quality makes dynamic resource allocation a complex task.  

Several existing approaches mainly address finding 
efficient wireless transmission techniques based on 
optimizing a single layer in a protocol stack, such as the 
adaptation of the physical, data link or network layers to the 
application requirements [1-2]. Recent results indicate that 
local optimization of each layer may not lead to global 
optimization, and therefore, a new paradigm to design 
networks by optimizing across layers, so called “Cross-
Layer Optimization (CLO)” has been proposed. Many 
studies on CLO focus on optimization of resource allocation 
for multiple users running single applications [3-6]. Others 
extend this work to a more realistic scenario, where users 
run different applications [7, 8]. The optimization used in [7, 
8] is based mainly on throughput maximization, which is 
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suitable for applications that are not sensitive to delay and 
packet loss. Furthermore, the impact of losses on the user-
perceived quality is also very much application-dependent. 
Therefore, jointly optimizing the system for different users 
and applications requires: 1) defining a common metric that 
quantifies the user perceived quality of service for the 
service delivery and 2) mapping network and application 
parameters onto this metric. 

The Mean Opinion Score (MOS) [9] originally proposed 
for voice quality assessment is a possible metric to capture 
user satisfaction. It uses mathematically averaged subjective 
test scores. The scaling of MOS is ranged between 1 to 5 
(from “bad” to “excellent”).  

In this paper we use MOS as a Quality of Experience 
(QoE) metric for different applications for the purpose of 
CLO, as originally proposed in [14]. In this framework, the 
optimizer tries to maximize the objective function, which is 
defined as, for example, the average MOS of all users 
sharing the available network resources: 

�=
=

K

k
kK

F
1

)~(MOS
1

)~( xx                         (1) 

where )~(xF  is the objective function with the cross-layer 

parameter tuple X~~ ∈x . K  is the total number of users in 

the system. X~  is the set of all possible parameter tuples 
abstracted from the protocol layers representing the set of 
candidate operation modes. The decision of the optimizer 
can be expressed as: 

)~(~~
maxarg~ x
x

x Fopt
X∈

=                     (2) 

where optx~  is the parameter tuple which maximizes the 

objective function. After selection of the optimal values of 
the parameters, those parameters are sent back to the 
individual layers, which are responsible for translating them 
back into actual layer-specific modes of operation. Further 
details on parameter abstraction can be found in [3-5]. In 
this paper we show that by using MOS-based CLO, the 
number of users admitted to the system can be increased 
while keeping all users with the same quality of experience 
(QoE) or MOS.  

Section II describes the MOS functions for voice 
telephony, file download and video streaming. Our multi-
application cross-layer optimization framework including a 
greedy resource allocation algorithm, which improves a lot 
on convergence time to find the optimal values of 
parameters, is described in Section III. Section IV gives an 
overview of our simulation setup that is used to compare our 
approach with throughput maximization. Simulation results 
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are presented in Section V, and Section VI concludes the 
paper. 

II. MEAN OPINION SCORE (MOS) 

In this section, we discuss how to map transmission 
characteristics in the wireless network (in our case 
transmission rate and packet error probability) to MOS for 
different applications.  

A. Voice call application 
Voice quality is traditionally determined by subjective 

tests with panels of human listeners. Since such tests are 
expensive and are not feasible for online voice quality 
assessment, the ITU-T has standardized a model, Perceptual 
Evaluation of Speech Quality (PESQ) [11]. With this 
algorithm, it can predict the one-way voice quality scores 
(MOS), which would be given in a typical subjective test. 
PESQ compares the degraded output signal with the input 
signal. Figure 1 presents the mapping between MOS and 
user satisfaction. 

very satisfied
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Figure 1: Relation between MOS and user satisfaction 
However, in real-time scenarios, the PESQ algorithm is 

still computationally too expensive. To solve this problem 
we propose an approach to estimate MOS as a function of 
the transmission rate R and the packet error probability PEP. 
The available rate determines the voice codec that can be 
used. In Figure 2 we show experimental curves for MOS 
estimation as a function of PEP for different voice codecs. 
The curves are drawn using an average over a large number 
of voice samples and channel realizations (packet loss 
patterns). These curves can be stored at the optimizer for 
every codec that is supported. If transcoding from an 
unsupported codec is required, the corresponding curve has 
to be signaled to the optimizer as side information. It should 
be noted that the average MOS (averaged over a large 
number of packet loss patterns for a fixed PEP) of individual 
voice samples may differ as much as 10% for the highest 
considered PEP, but the deviation from the mean values 
(averaged over a large number of voice samples) as shown 
in Figure 2 is found to be less than 7%. 

Depending on the distortion imposed by the source codec, 
every voice codec leads to a different MOS value in the case 
of error-free transmission. Also the codecs exhibit different 
sensitivities to packet losses. As an example let us consider 
two lower layer parameter tuples (R = 64 kbps, PEP = 14%) 
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Figure 2: PESQ-based MOS vs. packet error 
probabilities for different voice codecs 

and (R = 6.4 kbps, PEP = 0%) and assume these two 
represent possible operating modes of the lower layers for a 
particular user. In this example the second parameter tuple 
(R=6.4 kbps, PEP=0%) leads to a gain of 0.3 on the MOS 
scale and the cross-layer optimizer would select it as its 
outcome. 

B. File download application 
In [12] it has been shown that the utility of an elastic 

service (e.g., FTP) is an increasing, strictly concave, and 
continuously differentiable function of throughput. Based on 
this assumption, the relationship between MOS and 
throughput can be approximated with a logarithmic function 
as following.  

)]1(**[log* 10 PEPRbaMOS −=         (3) 

where a  and b  are determined from the maximum and 
minimum user perceived quality. If a user has subscribed for 

a specific rate serviceR  and receives serviceRR = , then in 

case of no packet loss user satisfaction on the MOS scale 
should be maximum, i.e., 4.5. On the other hand, we define a 
minimum transmission rate (e.g., 10kbps in Figure 3) and 
assign to it a MOS value of 1. Using the parameters a  and 
b , we fit the logarithmic curve in (3) for the estimated 
MOS. Figure 3 presents the MOS surface by varying the 
actual transmission rate R and packet error probability PEP. 
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Figure 3: MOS as a function of transmission rate and 
packet error probability for file download applications. 

C. Video streaming application 
We use Peak Signal to Noise Ratio (PSNR) to measure 

the video quality due to its simplicity and high degree of 
correlation with subjective quality as studied by the video 
quality experts group (VQEG) of ITU [15]. The PSNR is 
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based on the total distortion D , which is composed of the 

source distortion SD  caused by the compression of the 

video sequence and the loss distortion LD  from packet loss 
in the network.  

D
PSNR

2

10
255

log*10=                       (4) 

LS DDD +=                              (5) 

As mentioned in [10], SD is inverse proportional to the 

exponential function of the data rate, while LD is linearly 
proportional to the PEP. Also, for simplicity, mapping 
between the objective measurement (PSNR) and the 
subjective measurement (MOS) is assumed to be a linear 
relationship. Figure 4(a) and Figure 4(b) are two examples 
of MOS surfaces for the ‘Foreman’ and the 
‘Mother&Daughter’ test sequences, respectively. Since the 
characteristic of the ‘Foreman’ video sequence is more 
dynamic than for the ‘Mother&Daughter’ sequence, it is 
more sensitive to the transmission rate and the packet error 
probability. 

III. CROSS-LAYER OPTIMIZATION FRAMEWORK 

In this section, we discuss how the cross-layer 
optimization framework can be applied based on the 
common utility (QoE) framework as discussed in the 
previous section.  

A. Architecture 
Our cross-layer optimization architecture has been first 

proposed in [3, 4]. The key component, called cross-layer 
optimizer (CLO), periodically gets the abstracted parameters 
from different layers, for example, possible transmission rate 
and expected packet loss rate from the lower layers, and 
utility function (MOS vs. PEP and R) from the application 
layer. After optimization based on the objective function 
previously set, it selects the optimal parameter settings of the 
different layers. In our work, we assume that the optimizer is 
located at the base station of a wireless multi-user network, 
and the utility functions are either installed in advance or 
generated at the sender and are sent as side information 
along with the media bitstream. The following approach can 

be extended to wireline networks in which case the physical 
layer stays relatively static over time. In this regard, the 
optimization for wirelines network can be regarded as a 
special case of the proposed scheme. 

B. Optimization policy 
As an example, we consider three types of users: U-

requesting for voice service, V-file download, and W-video 
streaming. Depending on the type of application, the mobile 
users require different resources over the wireless channel. 
The available transmission rate for each user depends on the 
modulation scheme, the channel code rate and the assigned 
share of the medium access. In our example, a user 
requesting voice service may be served with different voice 
codecs (G.711, Speex, iLBC, or G.723.1.B), his data may be 
encoded with different amount of channel resources.  

We create sets of transmission policies for every service. 

UT  is the set of transmission policies for voice service, VT  

is the set of transmission policies for the file download 
service and WT is the set of transmission policies for the 

video service. 

C. Mean Opinion Score maximization 
With MOS-based optimization, the average user 

satisfaction in the system is kept as high as possible. 
Depending on the service run by the users and the objective 
function, the optimizer will set the boolean-type decision 
variables whether to serve the user with the given 
transmission policy or not. For example, we have decision 
variables kju  for voice users, where ‘k’ denotes the k-th user 

and ‘j’ refers to the j-th transmission policy available for the 
voice users.  

Our objective function for multi-user multi-application 
cross-layer optimization is defined in equation (6). A 
maximization of the sum of the MOS perceived by every 
user in our multimedia wireless network has to be achieved.  

Maximize 
[ ] [ ]

[ ]
U V

W

uk kj kj vk kj kj
k U j T k V j T

wk kj kj
k W j T
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Figure 4: Fig. 4.  Illustration of the MOS surface for a video streaming application with the ‘Foreman’ (left), and the 
‘Mother&Daughter’ (right) sequences 
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                       (10) 
 
The constraints (7), (8) and (9) ensure that each user is 

served with only one operational mode from the 
transmission policy. The constraint (10) allows us to make 
sure that the rate given to all users has to be less than the 

total symbol rate of the system, *S . The above optimization 
problem can be solved with a full search through the 
possible parameter space which has the worst case number 

of cost function calculations of WVU K
W

K
V

K
U TTT ⋅⋅  

where UT , VT  and WT  are the number of transmission 

policies and UK , VK , WK are the number of users of user 

classes U, V and W, respectively. 
With this MOS-based maximization (6), the optimizer 

will find the optimal resource allocation maximizing the user 
satisfaction among users. The parameters ukλ , vkλ , wkλ in 

(6) are inserted to ensure a fair allocation of resources, since 
there is a possibility that even though the system 
performance is maximized, a given user is not satisfied. This 
may happen, when the user has a low receiver SNR and the 
optimizer can decide to allocate the resources to the other 
users. This contradicts with the fairness we are trying to 
offer to the users independent of their location. This can be 
solved by scaling the coefficients ukλ , vkλ , wkλ  based on 

the history of the user estimated MOS. On every rate 
allocation procedure, we find the user with the maximum 
average of the estimated MOS from the previous steps. Let 
us assume that we are at rate allocation step “N” and we 
have K users in the system. The value of the maximum 
perceived MOS by a single user is found by 
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The scaling coefficient for every user is calculated with 
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The user with the maximum perceived MOS has a scaling 
coefficient of one. The other users have scaling coefficients 
in the range [1; 4.5], because the denominator is also 
bounded in the interval [1; MaxMOSN]. Since these λ  
values scale the estimated MOS for every transmission 

policy and we maximize the sum of the MOS of all the users, 
the optimizer assigns transmission policies with high 
estimated MOS to the users with higher λ . This ensures 
fairness by assigning more resources to the users which have 
been receiving lower MOS up to the time of the current 
optimization step. 

D. Throughput maximization 
A common network performance metric is the throughput 

of the system. Traditionally, the goal of the network operator 
is to maximize the network throughput. By throughput we 
consider the effective rate (goodput) kjG  of a given user k  

at time j : 

*(1 )kj kj kjG R PEP= −                           (13) 

with kjR the actual transmission rate and kjPEP  the 

packet error probability. The objective function for such an 
optimization model is to maximize the sum of the goodput 
provided to all the users in the system and is given with 
equation (14). The assumption is that a higher goodput will 
result in a higher user satisfaction regardless of the 
application type. 

For throughput maximization we have the same set of 
decision variables as in equation (6). The difference is the 
absence of the scaling parameter λ . Here we do not need 
scaling of the allocated transmission rate, because the 
transmission rates required by different applications are not 
comparable. Additionally, in order to make a fair 
comparison with our MOS-based optimization, we include a 
constraint on the packet error probability for each 
application type, so that the real-time applications are 
assigned a sensible share of the resources. 

Maximize  
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,k k maxPEP PEP≤                                      (19) 

IV. GREEDY RESOURCE ALLOCATION ALGORITHM 

The full-search resource allocation described in Section 
III becomes computationally infeasible as the number of 
users in the system grows. For example, with three voice 
users, two ftp users and two video users, the number of 
resource allocations that have to be considered is 

12104.845 ⋅ . 
In this section, we consider the same maximization 
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problem of (2), with a constraint on the total symbol-rate, 

*S . Specifically, we have *

1

K

k
k

S S
=

≤� , where kS  is the 

symbol-rate assigned to user k .  
Algorithm 1 shows the greedy resource allocation 

algorithm adopted from [13]. The algorithm is initialized by 
assigning an amount of resource to every user such that 

*

1

K

k
k

S S
=

=� . In each subsequent step a small amount of 

resources is taken from the user with the lowest sensitivity to 
a decrease of resources and assigned to the user that receives 
the maximum benefit. This is repeated until there is no 
further improvement in the objective function. The greedy 
algorithm for the MOS-maximization is described below. 
The throughput maximization is performed in a similar way. 

Let kU denote the utility function, and kα  the share of 

resource (symbol rate) of user k . kα  denotes the fraction 

of total symbol-rate assigned to user k , so that 

*
k kS Sα =  and 

1

1
K

k
k

α
=

=� . We consider a discrete set of 

kα :  

{ }0| N ,0 1 ,k kn n kα α α∈ ⋅ ∆ ∈ ≤ ≤ ∀  

where 0N  is the set of non-negative integers.  

Let kU∆  denote the change of utility for user k  due to a 

change of its resource share, α∆ . The greedy algorithm can 
be expressed as an iterative maximization of the incremental 

utility values of two users k +  and k − , k k+ −≠  such that 
 

arg max{ | }k k k
k

k U α α α+ = ∆ ← + ∆  

arg min{ | }k k k
k

k U α α α− = ∆ ← − ∆  

Algorithm 1 Greedy Resource Allocation 

    Input:                                                                                               
2: Utility Function U , transmission policies T , total number of users K , 

Budget 1=totalα , step of resource share α∆ , step increase of resource 

4:  share 
incα∆ , minimum expected utility change 

minU∆ , maximum 

number of iterations 
maxI ; 

    Output:                                                                                               
6: Optimal operating mode 

optx~ ; 

 Initialization: 
8: initial resource share � [1,0,0,...,0]= , set 

max,incU∆  to a value greater 

than 
minU∆ . Iteration index, 0I = . 

10: Procedure Resource Allocation 
 for k = 1 to K do 
12:  get operating mode 

kx�  from 
kα , where 

k kx T∈�  

  Compute ( )kU x�  
14: end for   
  
while (1) do 
16:  for k = 1 to K  do 

get operating mode 
,inc kx�  from ( )kα α+ ∆ , where 

,inc k kx T∈� ; 
18:   get operating mode 

,dec kx�  from ( )kα α− ∆ , where 
,dec k kx T∈� ; 

   compute 
,( )k inc kU x∆ �  and 

,( )k dec kU x∆ � ; 

20:  end for 
  if (

max, minincU U∆ < ∆ ) then 

22:   set α∆  to 
incα α∆ + ∆  

  else 
24:   find  k + , k −  such that 
  ( ),arg max{ }k inc k

k
k U x+ = ∆ � , ( ),arg min{ }k dec k

k
k U x− = ∆ �  

26:   ( ) ( )max, , ,inc k inc k k dec kU U x U x∆ = ∆ − ∆� �  

    set α∆  to 
incα∆  

  ;I ++   

  if (
maxI I> ) break; 

28: end while  

 output 
,

1

arg max ( )
K

opt opt k
k

U x
=

= �x� � ; 

 
In the following, we show that in order to find the optimal 

operating point, optx� , we need only to consider the points 

1

{ | 1}
K

k
k

α
=

=�x� , i.e., optx�  lies on the convex hull of the 

constraint space. 
This follows directly from the fact that the utility function, 

kU , for any user k  is a non-decreasing function of α . In 

Fig. 5 - 7 we show the utility functions of video, voice and 

FTP, respectively, given * 100Ksymbol/secS =  for 
different channel conditions. In other words, each curve 
corresponds to the bound on the QoE of the user as a 
function of the given resource for a particular long-term 
receiver Signal-to-Noise Ratio (SNR) experienced by the 
user. We note that the utility functions are monotonically 
increasing with respect to α . In general, kU  is non-

concave and non-differentiable. 
In the following, for illustration purposes, we show 

scenarios consisting of only two users. The method naturally 
extends to higher number of users. 
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Figure 5: Video Utility function for different channel 
conditions 
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Figure 6: Voice Utility function for different channel 
conditions. The discontinuities are because of the use of 
fixed-rate codecs. 
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Figure 7: FTP Utility function for different channel 
conditions 

 

Figure 8: Utility space for the two user case; SNR(video)  
= 15dB, SNR(FTP)  =  5dB 

Figure 8 shows the utility space for a two user case: one 
video user and one FTP user. The receiver SNR for the two 
users are 15dB and 5dB, respectively. The individual points 
correspond all possible combinations of 1 2( , )α α  such that 

1 2 1α α+ ≤ .  
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Figure 9: Boundary of the Utility space, U(15,5) 

Figure 9 shows the boundary of the utility space. We 
denote this boundary as 15,5U , the subscripts specifying the 

channel-state of the users. The greedy algorithm described 
earlier starts from an arbitrary point on the boundary 15,5U , 

and at each iteration it remains on the boundary. As a result, 
it quickly reaches to the optimum. For example, in Figure 9, 
the algorithm may start from point a , and traverse to point 
b  and then to c , which turns out to be the optimum point 
maximizing the mean utility. Graphically, the optimum can 
be found by drawing a family of straight lines L : 

1video FTPU U
C C

+ = , where C  is an arbitrary constant. The 

optimum point on the utility space corresponds to the point 
which touches the line maxL , so that 

max max 15,5: max | 1video FTPU U
L C C U

C C
� �� �= ∩ + =� �� 	


 �� 
. 
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Figure 10: Boundary of the Utility space, U(10,20) and 
U(20,10) for the two user case. User1: video, User2: FTP. 

Figures 10-12 show three other examples of utility spaces 
for the two user case, each with a total resource constraint of 

* 100 /S ksymbol sec= . 
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Figure 11: Boundary of the Utility space, U(10,20) and 
U(20,10) for the two user case. User1: video, User2: 
voice. 
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Figure 12: Boundary of the Utility space, U(10,20) and 
U(20,10) for the two user case. User1: voice, User2: FTP. 

V. SIMULATION 

The simulations shown in this paper are performed with 
the following parameter settings. We assume a total of seven 
simultaneous users in the wireless network. Three voice 
users, one male, and two female voices are used. The voice 
samples are 60 seconds long. The voice signal comes from 
the backbone network encoded with G.711 voice codec at 
64kbps. In the base station, following the optimization 
output, the signal could be transcoded to 6.4kbps with the 
G.723.1 codec, 15.2kbps the with the iLBC codec, 24.6kbps 
with the Speex codec or it can be transmitted without 
transcoding at 64 kbps. 

Two users perform a file download using FTP. Both of 
them have subscribed for a service with maximum offered 
transmission rate of 192kbps. 

Two users are using video streaming service. The video 
sequences used for our simulation are ‘Foreman’ and 
‘Mother & Daughter’, encoded with the H.264 reference 
software encoder. The GOP structure is I-P-P-…, encoded at 
30 frames per second in QCIF resolution (176x144 pixels). 

The physical-layer model we consider here corresponds to 
a fixed transmit power, variable bit-rate downlink shared 
channel, using adaptive modulation and coding. The 
supported modulation schemes are DBPSK and DQPSK. 
Channel code rates of 1/2, 1/3, 1/4 and 1 (uncoded) are 

supported, using convolutional codes. To reflect user 
mobility, the receiver long-term Signal to Noise Ratio (SNR) 
for every optimization step is drawn randomly for every user 
from a uniform distribution from 5 dB to 25 dB. A closely 
related practical system is the High Speed Downlink Shared 
Channel (HSDPA). 

The λ  values in (4) are all set to 1 in our experiments. 
The total available symbol rate is constant and we have 
examined three different cases: 500 Ksymbol/sec, 1000 
Ksymbol/sec and 1500 Ksymbol/sec.  

The system is active for 60 seconds and we assume that 
the average channel characteristics remain constant for 1.2 
second periods, which results in 50 optimization loops. 

maxPEP  is set to be 0.1, 0.2 and 0.3 for video, voice and ftp 

services, respectively. 
For the voice users, the signal samples are partitioned into 

1.2 seconds and every sample is encoded using the voice 
codec determined by the optimization algorithm. At the end 
of the optimization loops, these voice samples are assembled 
into a single file and the perceived quality (MOS) is 
computed by comparing the original signal and the distorted 
one using PESQ. 

For the video user, if a slice (packet) is lost, it is not 
written in the bit stream, which tells the decoder to invoke 
the error concealment algorithm. The PSNR of every frame 
and the resulting average PSNR are computed. For file 
download we compute the MOS using the relationship given 
in (3). 
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Figure 13: Mean Opinion Score of all seven users for 
three different total symbol rates (500, 1000 and 1500 
Ksymbol/sec) and two different optimization techniques, 
MOS maximization and Throughput maximization 

VI. RESULTS 

A. Comparison between MOS-based and throughput-
based optimization 
The results of this section are based on the setup 

described in the previous section and the results are based on 
600 runs.  

Figure 13 shows the cumulative density function (CDF) of 
Mean Opinion Score over all the users for the two 
optimization approaches and three different total system 
rates: 500 Ksymbol/sec, 1000 Ksymbol/sec and 1500 
Ksymbol/sec. The average gain in MOS for the three 
systems is 0.26, 0.30 and 0.34, respectively. 
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In the throughput maximization approach we set a 
maximum allowable packet error probability, maxPEP  of 

0.2 for voice and 0.1 for video service. This turns out to be a 
reasonable choice for the voice users and the second video 
user (‘Mother and Daughter’), but is too high for the first 
video user (‘Foreman’), because of its dynamic content 
which is highly sensitive to packet loss. In our MOS-based 
cross-layer optimization approach, application requirements 
are taken care of individually for each user, which results in 
optimum allocation of resources in terms of user perceived 
quality. 
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Figure 14: Bar plot showing the average MOS over a 30-
second simulation run. 

Figure 14 shows the average MOS of the seven users over 
a 30-second simulation run. Figure 15(a) shows the receiver 
SNR which was fixed during the simulation and 15(b) shows 
the resource shares, α . Video1 receives a very low SNR, 
which results in poor received video quality for both 
optimization approaches. However, our MOS maximization 
approach, being aware of the utility function of the 
applications, does not assign any resource to this user, and 
distributes the saved resources to other users which results in 
higher mean MOS.  

Figure 16 shows the average increase in number of users, 

incN  of the system as a function of target mean MOS, 

targetMOS . This result is drawn as follows. We do a large 

number of simulations (1500 in this case) of maxMOS and 
maxThroughput schemes using the same random set of 
channel realizations for a ten user scenario, with two video, 
two data, and six voice users. In another set of runs, we 
arbitrarily add from 0 to 10 new voice users. Out of all the 
simulations from the first and second set, we find the set of 
simulation which have a mean MOS that is more than or 
equal to a target mean MOS of targetMOS . We calculate the 

average increase in number of user, incN , by taking the 

average of the number of users within this set of simulations. 
From Fig. 16 we observe that the maxMOS scheme can add 
more than four users on the average when the target QoE is 
3.5 MOS, while the maxThroughput scheme can only add an 
average of 0.8 users. The fractional increase of user number 
less than unity for the maxThroughput case indicates that in 
many cases no user can be added in order to keep the target 
of QoE. For both schemes, the number of users that can be 

added decreases slowly with the increase of the target QoE. 
We observe that the maxMOS scheme can admit 
significantly more number of users than the maxThroughput 
scheme. 
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Figure 15: (a) Mean receiver SNR of seven users (top), 
(b) resource shares (bottom) 
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Figure 16: Target mean MOS vs. the increase in number 
of users for maxMOS and maxThroughput scheme 

B. Performance of the greedy search algorithm 
  
The full-search algorithm described in Section III is 

computationally too expensive to be implemented. In order 
to use our cross-layer optimization scheme in a real-time 
scenario, we also developed a greedy search algorithm, as 
described in Section IV. The resource that is allocated 
among the users is the time-share, which translates to a 
particular symbol-rate for a user, as the total symbol-rate of 
the system is fixed. Figure 16 shows the mean MOS vs. the 
number of users using the greedy search approach for 

18th ITC Specialist Seminar on Quality of Experience

70



 

7 to 200K =  while the total symbol rate of the system is 
fixed at 1000 Ksymbol/sec. In the simulations when we use 
varying number of user, we keep the number of video and 
ftp user fixed at two and two respectively, and increase only 
the number of voice user. At 7K =  and 8K = , we also 
compute the mean MOS using the full-search approach, and 
we observe little difference between the two approaches. For 

8K > , the computation for the full-search approach 
becomes infeasible, while the greedy search remains fast 
enough to be used in online optimizations. As the number of 
user increases, the gap between the MOS-based and 
Throughput-based approaches gradually decreases. Please 
note that for satisfied users the MOS should stay above 3.5. 
At this level we see significant improvements when using the 
MOS-based optimization. 

The convergence speed of the greedy algorithm can be 
measured in terms of the number of iterations. Number of 
iterations tends to be dependent on the resource allocation 
step size α∆  and a minimum threshold of utility 

improvement at each iteration, minU∆ . The improvement of 

utility at each iteration, max,inc k k
U U U+ −∆ = ∆ − ∆ is 

compared with the threshold, minU∆ . The algorithm is 

assumed to converge when max, minincU U∆ < ∆ . For a 

comparison of the number of iterations required for different 
number of users for a wide range of channel conditions, we 
keep these two parameters fixed, 0.0001kα∆ =  and 

0.00005thU∆ =  (MOS). 
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Figure 17: CDF of number of iterations with greedy 
algorithm 

 
Figure 17 shows the CDF of the number of iterations for 

5, 10 and 50 users. The worst-case number of iterations is 
found to be in the range of 3000 to 4000 iterations. It is 
interesting to note that the 5 user case may take more 
iterations to converge than what we observe for the case of 
50 users, the reason being the use of equal step size for both 
cases. Further fine-tuning is possible by choosing a step-size 
that is a function of the number of users. Also, for those 
applications which have a limit on the rate (e.g., voice 
communication applications with at most 64 kbps) we can 
speed up the greedy algorithm by using this fact during 

initialization. 
The time to complete each iteration, however, increases 

with the number of user. The convergence speed of the 
greedy algorithm in terms of time is shown in Figure 18. The 
measurements are taken from the Matlab-based simulation 
environment, with an Intel dual-core T2300 1.66GHz 
processor. In an actual network/base station scenario, with a 
dedicated software/hardware solution the convergence speed 
is expected to be much faster, and can be done in real-time. 
Moreover, as the scheme is based on a relatively long-time 
(over periods of seconds) physical channel model, and the 
Utility models are not expected to be changed abruptly over 
time, the real-time constraint on the performance of the 
algorithm is not very critical.  

 

0 0.2 0.4 0.6 0.8 1 1.2 1.4
0

0.2

0.4

0.6

0.8

1

convergence time (second)

C
D

F

5 user
10 user
50 user

 

Figure 18: CDF of convergence time with greedy 
algorithm 

VII. CONCLUSION 

In this paper we investigate the performance of a multi-
user cross-layer optimization approach. The optimization 
considers multiple applications using MOS as a common 
application layer performance metric. With this approach we 
are able to dynamically optimize the wireless transmission 
system resource usage and the user perceived quality of 
service in a multi-user environment. We compare our 
approach to a traditional approach where allocation is done 
with the goal of maximizing overall throughput. Our 
simulation results show significant improvements in terms of 
user perceived quality for a variety of circumstances. 
Specifically, we show that using the QoE-based approach, 
we can accommodate significantly more users in the system 
compared to the throughput based approach. In future work, 
we would like to incorporate delay requirements into the 
QoE framework, which would improve the performance of 
interactive and real-time applications. 
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Quality of Experience Based Cross-Layer Design of

Mobile Video Systems

Hans-Jürgen Zepernick, Markus Fiedler, Lars Lundberg, Mats I. Pettersson, Patrik Arlos

Abstract— This paper introduces and discusses quality of
experience based cross-layer design of mobile video systems
as a means of providing technologies for jointly analyzing,
adopting, and optimizing system quality. The many benefits
of our novel approaches over traditional concepts will range
from efficient video processing techniques over advanced real-
time scheduling algorithms, to networking and service level
management techniques. This will lead to better service quality
and resource utilization in mobile video systems.

Index Terms— Quality of experience, cross-layer design, mobile
video systems.

I. INTRODUCTION

Mobile communication systems provide powerful means of

expanding the communications environment in which humans

can interact. This is accompanied by a shift from human-to-

human communication (voice) to human-to-human interaction

(multimedia) with the communication partners expecting al-

ways best Quality of Experience (QoE). As humans are the

final judges of service quality, a key issue largely neglected

in research becomes the creation of experiences that closely

resemble human-to-human interaction.

Recently, the importance of taking care of user satisfaction

with service provisioning as a whole has been realized [1].

The related QoE concept covers end-to-end (E2E) Quality

of Service (QoS) parameters [2], factors such as coverage

or support, and subjective factors such as expectations of

and experiences with the service. Clearly, satisfactory ser-

vice delivery demands technologies that support intuitive and

scalable human interaction addressing issues such as mobility,

functionality, and maintainability of the service including sta-

tus information towards providers and customers. To monitor

and adapt QoE, performance indicators that represent service

integrity, e.g. throughput, delay, jitter, data loss, bit error rate

(BER), peak signal-to-noise ratio (PSNR) and many others,

have to be selected and related to objective measures that

correlate well with the quality as perceived by humans and

thus can be used to optimise quality perception in technical

systems. On the other hand, the rapid evolution of mobile

networks is driven by the growth of packet data applications

such as mobile multimedia and video applications, and mobile

streaming services. Also, heterogeneous network structures,

severe channel impairments, and complex traffic patterns make

The authors are with the School of Engineering, Blekinge Institute of
Technology, SE–37179 Karlskrona, Sweden, E-mail: {hans-jurgen.zepernick,
markus.fiedler, lars.lundberg, mats.pettersson, patrik.arlos}@bth.se

mobile scenarios much more unpredictable as their wired

counterparts.

Although international research has realized the need for

cross-layer management in recent years, contemporary work

focuses on two neighbouring layers in the protocol stack.

For example, the cross-layer designs for wireless systems

with multiple antennas proposed by researchers at Hong Kong

University [3] considers scheduling designs using queuing and

information theory in an attempt to optimize the medium ac-

cess (MAC) layer. Researchers at the University of California

and Qualcomm together investigated the interaction among

physical, MAC, and application layer in an effort to select

optimal modulation schemes and to optimize power consump-

tion [4]. As with many other works, user-perception of video

quality is evaluated by subjective tests or to be account for by

PSNR. The former approach is not suitable for a live scenario

while the latter assumption uses a fidelity metric known to

not necessarily correlate well with human perception. A group

at Stanford University presented conceptual work on cross-

layer design of ad hoc networks for real-time video streaming

[5]. Although a cross-layer design framework for low-latency

media streaming over ad hoc wireless networks is provided

and spans over several layers, focus has been given to consider

interaction only among adjacent layers. Again, incorporation

of E2E-QoE aspects appear to be missing as does practical

aspects of implementation complexity. Within Europe, the

IST Project SOQUET investigated QoS management for au-

dio/video multicasting over IP to operate on UMTS and DVB.

Neither cross-layer optimization nor E2E-QoE concepts were

considered but only limited to conventional networking service

integrity measures.

In view of the above, this paper introduces and discusses

QoE-based cross-layer design of mobile video systems as a

means of providing technologies for jointly analyzing, adopt-

ing, and optimizing system quality. A major challenge is hence

the design of mobile networks and services that fulfil the

stringent QoE requirements of the many emerging mobile

video applications. In contrast to traditional layer independent

protocol stack designs, the work presented in this paper aims at

a much more flexible, QoE-based cross-layer design paradigm

as this will be critical in the development of technologies

suitable for mobile video systems.

This paper is organized as follows. Section II introduces

fundamentals on the paradigm of QoE. In Section III, the gen-

eral framework for QoE-based cross-layer design as concep-

tual basis for facilitating current and future generation mobile
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Fig. 1. Classification of QoE degradations, their causes, effects and visibilities in the context of mobile video.

video systems is described. The suggested QoE-based cross-

layer design approach is outlined and discussed in Section IV.

Subsequently, Section V presents a showcase that is going to

be deployed for validating our novel approaches within a live

mobile network. Finally, conclusions are drawn in Section VI.

II. FUNDAMENTALS ON QUALITY OF EXPERIENCE

The notion of “Quality of Experience” appeared around the

beginning of the century, mainly promoted by industry, with

reference [6] as an early example.

The work presented in [7] defines QoE as “how a user

perceives the usability of a service when in use – how satisfied

he or she is with a service”. The concept of QoE extends

significantly beyond technical network E2E-QoS parameters,

which have been of interest so far. QoE is concerned with user

expectations, requirements, and particular experiences. Also,

QoE takes factors such as network coverage, service offers,

or level of support into account [7]. The QoE of a service

is considered as being good if the user is content with the

service as a whole. The degree of the latter is reflected in key

performance indicators (KPI), addressing

• Reliability aspects such as service availability, service ac-

cessibility, service access time, and continuity of service;

• Comfort aspects such as session quality, ease of use, and

level of support.

In order to equip service providers and network operators

with a clear view of user QoE, the KPIs need to be measured

as realistically as possible. The focus of the work presented in

this paper is on session quality, which also comprises service

access time and service continuity.

Figure 1 provides an overview of causes for QoE degrada-

tions for mobile video as well as their effects and visibilities.

Typical causes of problems while traversing the network link

are the following:

• Bit errors due to disturbances on radio link level, however

not affecting the validity of data units in higher protocol

layers;

• Losses, jitter (i.e. delay variations) and potentially even

reordering of data due to the connectionless and unreli-

able nature of IP-based data transfer;

• Capacity assignments and handovers, which are a natural

part of traffic handling in mobile networks. The capacity

assignment in UMTS networks happens through assign-

ing a dedicated channelization code, offering for instance

16, 64, 128 or 384 kbps.

We observe that bit errors imply the risk for data loss if the

errors are perceived as critical by a higher layer, e.g. if they

affect the validity of a frame or packet. Data packets missing

deadlines might considered to be lost. Also, code assignments

and handovers might imply data loss and potentially heavy

jitter.

Moving to the next level in Fig. 1, we realise the different

effects of the problems described above on different layers:

• Artifacts, i.e. spatial impairments within the picture(s)

such as blocking, blur and others, are mainly caused by

bit errors and losses but also due to the source encoding

used. Artifacts are visible in the application layer.

• Hacks, i.e. short-term temporal freezing not exceeding

the users reaction time in the order of one second [8],

are mainly due to losses and jitter. On network layer, they

can be identified as distinct gaps between subsequent data

packets.

• Startup delay, a typical effect seen in UMTS [9] originat-

ing from code assignments and threshold behaviors in the

receiving stack. This effect is experienced on application

level through the fact that the user has to wait some extra

seconds for the streaming to start. On network level, this

effect manifests itself through considerable initial data
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Fig. 2. Scenario for QoE-based cross-layer design.

losses and extraordinary high data rates throughout the

first seconds of the streaming [9].

• Pauses, i.e. longer-term temporal freezing extending be-

yond user reaction time and providing her/him with the

possibility to intervene. These are also caused by losses,

heavy jitter and traffic handling. They are also visible

very clearly on network layer through considerable gaps

between data packets.

• Break of the streaming due to loss, jitter and traffic

handling from which the streaming cannot recover. The

network level realises these breaks. For the end user, a

break belongs to the set of most annoying QoE degrada-

tions.

Clearly, we can summarise the above-described effects

under Quality of Presentation (QoP) and Quality of Delivery

(QoD). While QoP is related to spatial content problems

preferably perceived on application level, QoD is strongly

linked to the network-and-stack incapability to deliver data in

time, i.e. temporal impairments. Both QoP and QoD affect

the comfort of a session, while QoD also strongly relates

to reliability aspects. Cross-layer QoE management needs

to take both QoP (on application level) and QoD (below

application level) into account to reach best-possible user QoE.

A conceptual framework for QoE-based cross-layer design that

incorporates the above ideas in the context of mobile video

systems will be detailed in the following section.

III. FRAMEWORK FOR QOE-BASED CROSS-LAYER DESIGN

The benefits of our approach over traditional concepts

reaches from computationally efficient video processing tech-

niques over reduced power consumption of mobile terminals to

real-time scheduling, resource and network management tech-

niques. This in turn enables the user to be longer connected,

and to expand even further up in the value chain by increasing

available system capacity allowing operators to accommodate

more users into the same coverage area. To meet these objec-

tives and challenges in the context of such a difficult medium

as the radio channel, it is required to identify and develop

novel cross-layer protocol architectures, stacks, monitoring

and control facilities along with a theoretical framework,

methods, and algorithms for exploiting these measures for

mobile communication and service management. Due to the

complexity and wide spread of required areas of expertise

associated with the aforementioned research challenges, the

related work is conducted within a research project driven

by a multidisciplinary research team along with support from

major industry partners, namely, Ericsson AB, Sony Ericsson

Mobile Communications AB, UIQ Technology AB, and Wire-

less Independent Provider. The project involves a showcase

connected to the application portfolio of our industrial partners

in which a mobile video service will be provided to users in

a live system. The general framework of the research project

on QoE-based cross-layer design for mobile video systems is

illustrated in Fig. 2 and may be composed into the following

four parts:

A. Application layer

This project part is concerned with QoE monitoring and

performance assessment from the end user’s and mobile video

application’s point of view. This includes identification of

the relevant video artifacts such as blocking, ringing, and

freeze frame along with the related video features such as

edges, busyness, and structural similarity, respectively. As

such, mobile video processing plays an important role in this

area. In particular, feature extraction algorithms need to be

developed and implemented to serve as a translation of the

human visual system (HVS) into signal processing algorithms

that can be used in a technical system. Depending on the

impact of the different artifacts on the user’s perception, a

relevance weighted combination of the related feature values

is considered in the derivation of objective perceptual quality

measures. As conventional techniques for perceptual quality

measurements of video services are based on double-ended

systems, requiring a reference signal, we focus on the devel-

opment of reduced-reference measures that can be used for
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real-time applications. This is supported by our feature-based

quality assessment as features can be computed at transmitter

and receiver of the mobile video systems. Only mobile video

feature values need to be communicated with this approach

and can readily be compared with the extracted features of the

impaired mobile video at the receiver. The difference between

original and impaired video may potentially be quantified,

for example, by the Minkowski metric as a simple distance

measure. This type of objective quality measures can be

correlated to the response of the HVS on different artifacts,

which will result in an analytical function for predicting user-

perceived quality. It is noted that the development of suitable

prediction functions benefits from our experience and data

base on subjective tests that were conducted with respect to

impaired images [10]–[18]. The QoE indicators obtained at

this level such as predicted mean opinion scores or individual

feature values will be fed back to the middleware, networking,

and cross-layer management. The application in turn may

process suitable QoE indicators such as data flow problems

and QoE targets to support adaptation of its operation to the

system dynamics.

B. Middleware

This project part aims at providing a (multithreaded) soft-

ware architecture that can benefit from the multi-core proces-

sor chips that are currently making their way into handheld

devices. The software architecture must also be adaptable

so that the application software can adapt to changing en-

vironments, e.g. different bandwidth and different hardware

resources in the terminals (including multi-core processors).

One of the key ideas is that information about current network

capacity and quality provided by the networking layer (see

Section III-C), is used in the middleware. For instance, if

network capacity goes down or if the error rate goes up, the

processor capacity may be used for more advanced coding

(source and channel coding), and data packets should be sent

to the network at a slower pace. Again, the user-perceived per-

formance evaluation method discussed above makes it possible

to objectively and quantitatively evaluate how the scheduling

of more CPU capacity to such video processing activities will

impact the user-perceived performance in terms of QoE in

case of network problems. Further, we investigate real-time

scheduling (single- and multiprocessor) of data packet streams.

In the area of multiprocessor scheduling both dynamic and

static approaches are considered, i.e. the case when tasks can

migrate dynamically from one processor to another during

execution and the case when the tasks are statically allocated to

processors. The automatic evaluation of user-perceived quality

opens up options for evaluating QoE implications of different

scheduling algorithms and parameters. The fact that algorithm

A misses more deadlines than algorithm B during certain load

conditions does not necessarily mean that B is better than A,

as user-perceived quality may be higher when A is used.

C. Networking layer

This project part is concerned with monitoring and on-line

analysis of the packet delivery process at the radio network

interface (I/F) of the handheld and at the network interface

of the server. Such monitoring is motivated by the fact that

disturbances on network level affect the E2E-QoS and thus

the QoE. Indeed, their effect can be seen from the comparison

of certain summary statistics between sender and receiver,

e.g. average and standard deviation of the throughput [19],

[20]. These summary statistics can be considered as reduced-

reference metrics on network level, which are communicated

towards the cross-layer management in order to be used for

optimization purposes and performance threshold monitor-

ing. There, a correlation with the reduced-reference metrics

on application level allows for pinpointing the sources of

perceived performance problems in the network and/or the

protocol stack. Furthermore, direct performance feedback can

be provided towards the scheduler in the middleware. The path

between sender and receiver can be described as an equivalent

bottleneck [19], which opens up for using queuing-theoretical

investigations of the perceived problems, and subsequently

even for trend analysis predicting upcoming problems. Given

the limited processing and communication resources of mobile

terminals, the E2E monitoring has to be lightweight, but yet

accurate enough to be able to extract the reduced-reference

metrics of interest. Yet another option is the correlation of

E2E measurements with measurements inside the network to

pinpoint the source of the problems along the communication

path. Other than the above layers, the network layer offers

quite few control features, e.g. the choice of a suitable service

class if made available by the operator. These features and

their potential effects on the E2E-QoE on network level need

to be carefully examined.

D. Cross-layer management

This project part serves as an overlay to the application,

middleware, and networking components and develops the

cross-layer mechanisms and management strategies among

these functionalities. Accordingly, this component has to deal

with the relationship between resource management and QoE

constraints more fundamentally to reveal potential cross-layer

strategies. While each of the considered individual function-

alities may optimize their performance locally in the short-

term based on suitable QoE indicators deduced either locally

or provided by their neighboring functions, the cross-layer

management is dealing with the long-term integrity of the

mobile video service. As such, it sets the overall QoE targets,

which the application, middleware, and networking have to

jointly meet and to adapt to due to the dynamic nature of

the mobile environment. QoE indicators and constraints of the

components in the different layers are used to optimize the op-

eration and cross-layer cooperation of application, scheduling,

and networking. The inputs to the cross-layer management are

a variety of QoE-based performance indicators and the QoE

constraints of the components of the system, which are to be

processed such that the objectives of the mobile video system
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are optimized. The outputs are the long-term QoE targets that

are fed back to the components in the different layers. To

communicate the current QoE towards providers and operators,

the cross-layer management needs to interface with their

service level management. This may occur through regular

quality reports and spontaneous quality alarms upon crossing

critical thresholds. To these aims, a set of KPIs building upon

QoE indicators needs to be agreed upon. These KPI serve the

provider’s and/or operator’s service level management as basis

for decisions regarding the network-side service provisioning

and pricing.

IV. SUGGESTED QOE-BASED CROSS-LAYER DESIGN

APPROACH FOR MOBILE VIDEO SYSTEMS

In view of the framework of QoE-based cross-layer design

presented in Section III, the suggested approach for incorpo-

rating QoE concepts in and among the different layers will be

outlined and discussed in the sequel.

A. User-perceived quality and mobile video processing

The considered applications include interactive mobile

video, mobile streaming services, and mobile TV. For these

types of applications, video processing algorithms that extract

artifacts from the viewing area are developed along with

the mapping to user perceived quality and their linkages

to the middleware, network, and cross-layer management.

Concerning spatial artifacts, we commence with contemporary

approaches such as edge estimation and from these produce

low complexity algorithms that are suitable for implementa-

tion. Regarding temporal artifacts, dependencies among video

frames will be explored. As the human eye responses mainly

to intensity, algorithms focusing on mobile video’s luminance

will have preference over chrominance. This also supports

lightweight processing. Over the last decade, research has been

focusing on finding objective metrics to assess video quality

[21], [22]. Among the most widely adopted objective metrics

belong the PSNR and the mean square error. However, these

fidelity metrics require the original video as reference, which

makes them unsuitable for real-time mobile video applications.

Also, this class of fidelity metrics is poorly correlated with

subjective tests and does not describe quality as perceived by

the end user [23]. Therefore, major emphasis in recent research

is given to feature extraction techniques based on the HVS

[24]. For example, HVS related video characteristics include

luminance contrast sensitivity, frequency contrast sensitivity

and masking effects, that are correlated well with perceptual

video quality [25]. There are two approaches, namely the error

sensitivity-based method and the structural distortion-based

method, reported in the literature to incorporate HVS into the

quality metric. The structural distortion-based method shows

better performance compared to the error sensitivity-based

method as the main function of the human eye is to extract

structural information from the viewing are [25], [26], [27].

However, all of these techniques are for double-ended systems

requiring the availability of the original video at the receiver.

Apart from those, there is a reduced-reference measurement

technique, picture appraisal rating (PAR), for video coding

[28]. However, this and the many other methods focus only on

the compression errors. They neither consider the impact of the

network on the user-perceived quality nor are they deployed

for cross-layer management or fed back to support service

level management. In contrast to conventional approaches de-

scribed above with their sole focus on compression algorithms,

we will investigate the impact of the whole network on user-

perceived quality and as such aim at E2E-QoE assessment. The

suggested algorithms aim at reduced-reference or no reference

approaches in order to cope with real-time video applications.

In addition, user-perceived quality shall be extracted from

the application automatically without the need for tedious

subjective tests, as many viewers would need to be selected

and screened. Our objective perceptual quality measures, on

the other hand, use models which take characteristics of the

HVS into account to come up with quality estimates close to

subjective values.

B. Middleware accounting for QoE

Multi-core processors are today developed by leading com-

panies such as Intel, Sun and IBM. There are already multi-

core processors that can execute 32 threads in parallel. This

means that (small) multiprocessors will gradually replace

uni-processors in almost all applications, including handheld

mobile terminals. The many simultaneous requests from the

clients make it relatively easy to benefit from multiprocessors

in server applications. However, it is still an open (and very

relevant) research question how one can provide a flexible and

adaptive software architecture that has the ability to adjust/tune

its structure/behaviour according to the properties of the

surrounding execution environment, including the changing

from uni-processors to multi-core. Several approaches for

dynamic adaptation have been investigated in the last years,

e.g. [29], [30]. There have also been efforts towards automatic

parallelization and efforts for providing software development

tools for writing parallel terminal/client software [31], [32].

The problem of finding real-time scheduling algorithms with

guaranteed performance characteristics for multiprocessors

and single-processors has been studied extensively and a

variety of promising results exist today, both for periodic

and aperiodic cases (see e.g. [33], [34], [35]). An advantage

of the QoE-based approach is that the quality metrics dis-

cussed above make it possible to objectively investigate how

different real-time scheduling policies affect user-perceived

quality. It is therefore beneficial to not only evaluate different

scheduling algorithms but also how different software archi-

tectures/implementations of such scheduling policies affect the

software development cost (and lead-time).

C. E2E-QoE networking

Passive observation of the throughput characteristics of

traffic streams at sender and receiver and a subsequent com-

parison of these reduced-reference metrics have shown to

provide valuable insights into the impact of the network on

the data stream, the E2E-QoS and thus on the QoE [19].
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Fig. 3. Scenario for the showcase of a mobile video system.

Surprisingly, passive methods are hardly used for comparative

E2E measurements. Instead, the state-of-the-art are active

measurements sending probing traffic through a network and

deducing QoS-related parameters such as the available band-

width from the related measurements. This comes at the

expense of additional network load in a constrained mobile

environment. The measurement traffic might interfere with

the data streams. Moreover, the measurement packets may

perceive performance in a different way from the data packets.

Thus, a passive approach is preferable. The only overhead

consists in the exchange of reduced-reference metrics, e.g.

one data packet in each direction typically every 10 seconds.

The challenge in a mobile environment consists in designing

a lightweight monitoring solution and to parameterize it such

that it reveals the main problems with a reasonable amount of

overhead. This includes the choice of summary statistics and

corresponding reduced-reference metrics. Following the traffic

stream through the network and carrying out comparisons

between different measurement points, offers the possibility

to pinpoint the position of the bottleneck. Another important

difference to other approaches using average throughput values

during a session consists in the use of higher-order statistics

of throughput averages on rather small time scales during an

observation window [9], [19], [36]. This gives valuable insight

into the bottleneck behavior of the network. This method has

shown robustness against time synchronization problems, yet

it reveals significant queuing problems through throughput

variations. Another new approach is the queuing-theoretical

description of the E2E path as an equivalent bottleneck based

on a fluid flow model [19]. The matching of such a model

supports deeper understanding of the observed effects in the

network, including possibilities for trend analysis and forecast-

ing of performance problems. Finally, it may be beneficial to

investigate the potential of using control features offered by the

network level. This includes validation of their effectiveness

through measurements in real systems.

D. QoE-based cross-layer management

Both on mobile terminal and server side, cross-layer man-

agement needs to implement a control loop involving KPIs,

determination of control actions based on optimization and

their actuation. The related control loop is typical in the

context of autonomic computing and autonomic networking, a

recently emerged concept aiming at solving problems in highly

complex computing systems in a self-organizing way [37].

Applied to our scenario, mobile terminal and server try to solve

QoE problems to the greatest possible extent before issuing

warnings towards the service level management. In particular,

the management and optimization problem to be posed in

this project involves several layers of a mobile video system

and may be solved using iterative optimization or decision

tree approaches. Accordingly, favorable groups of adaptation

strategies are optimized at the time while other strategies

would remain fixed during this optimization. Subsequently,

this process is iterated until convergence is achieved. The

possible solutions include the top-down approach, bottom-

up approach, application-centric approach, and the integrated

approach that is suggested to be adopted here allowing us the

largest degree of freedom.

With the set of easily computable KPIs from application,

middleware, and networking it is possible to reveal optimal

strategies for cross-layer management. These strategies have to

account for determining the initialization, optimization groups

at the particular stages and the order by which these strategies

should be executed. As such, the cross-layer management has

to investigate about the timescale of the short-term optimiza-

tions in each layer and how to align these with the long-term

optimization as performed by the cross-layer management.

Clearly, this needs to be investigated in view of the rate of con-

vergence and convergence value as this relates to the system

dynamics that can be coped with. Regarding the convergence

value, optimization will be performed with respect to E2E-

QoE parameters and will output related metrics.

V. SHOWCASE

The showcase is going to be selected from the application

portfolio of our partner, Wireless Independent Provider (WIP),

which offers the project access to application areas including

mobile health, stock trading, and mobile streaming services

for the naval museum in Karlskrona, Sweden. The showcase
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and related field tests are used to verify favorable cross-layer

design approaches in a live system.

In particular, a potential scenario of a mobile video system

within the context of the World Heritage of the Naval City

of Karlskrona, Sweden, is shown in Fig. 3. It may comprise

of services such as delivery of video greetings. We are

envisioning two modes of operation, marked as 1 and 2 in

the figure. In mode 1, designed to work in an almost real-

time fashion, user A sends a notification to a friend B telling

her/him “Would you like to see a nice ship?”. Friend B has the

option to accept or decline the message. If it is accepted, A

starts streaming a video sequence to B via WIPs Mobilis server

in between. The goal here is to start showing the video at B as

early as possible. If B cannot receive or rejects the message,

A can still choose to store the video on the Mobilis server,

allowing B to receive it on request, which is mode 2. It is also

possible that the mode 1 video stream is stored on Mobilis for

future usage. Thus, both modes offer the possibility to share

the video with user C. We will start by implementing mode

2, as it will allow the development and implementation of the

layer-related algorithms and cross-layer strategies within non-

critical time constraints. Secondly, the insights gained from the

offline option will then be used to the benefit of an almost real-

time mobile video messaging service and the associated harder

requirements on the computational complexity and processing

speed. This will not only allow us to evaluate the impact of

parameters such as startup time, spatial, and temporal artifacts

on the QoE in a live system but also provide feedback from

users that are participating in the showcase.

VI. CONCLUSIONS

In this paper, we have introduced and discussed QoE-

based cross-layer design of mobile video systems as a means

of providing technologies for jointly analyzing, adopting,

and optimizing system quality. The presented framework and

suggested approaches span across layers and link subjective

quality as perceived from mobile video systems to objective,

measurable quality, which for the first time is expressed

in KPI’s from application, middleware, and networking. It

promotes automatic feedback of E2E-QoE to the service level

management. This will lead to better service quality and

resource utilization in mobile video systems.
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Framework for the Integrated
Video Quality Assessment

Piotr Romaniak, Mu Mu, Andreas Mauthe, Salvatore D’Antonio, Mikołaj Leszczuk

Abstract—The increasing availability of broadband access is
becoming a decisive factor for the success of multimedia services
provided through IP networks. However, the use of IP networks
for video delivery implies unavoidable quality degradation due
to packet loss and jitter. The ability of measuring how well a
video service satisfies the user’s expectations and needs is a
fundamental requirement for service providers. In this paper
we present a framework for integrated video quality assessment
in content distribution networks, which combines “artifacts mea-
surement” and “quality of delivery” approaches. This framework
is broader than the standard Quality of Service (QoS) scheme
that primarily focuses on performance measures considering the
network perspective only. In order to get an accurate estimate of
the video quality level on an end-to-end basis an adjustable bal-
ance between performance and feasibility is provided according
to different implementations of the framework to meet various
requirements.

Index Terms—video quality metrics, quality of experience,
content distribution network, perceptual quality

I. INTRODUCTION

Telecommunication service providers these days are moving
towards triple play offerings by combining voice, video and
high speed data services. While voice and high speed data
services form already a solid building block of the service
providers’ portfolio, video represents a new element being
introduced into the traditional telecommunications services.
Since IP-based technology is increasingly used by service
providers to support video services, the need arises to design
and develop assessment methods and frameworks to evalu-
ate and guarantee a high level of user experience. This is
especially critical when delivering a large number of high-
quality video streams with different content characteristics in
heterogeneous environments where networks can range from
high-speed networks to wireless low capacity networks and
devices range from wall-sized TV sets to handhelds. The
challenge is to build an assessment model which evaluates
video quality within the content distribution network that
reflects the user’s experience. This model should be deployed
within the delivery infrastructure to assure good quality video
delivery.

Traditional approaches to video quality assessment within
the network focus on Quality of Service (QoS) aspects. QoS
is typically understood as a performance measure from the
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network perspective at the packet level. However, in order to
enable more accurate assessment of the quality experienced by
the user, a more comprehensive approach is required. Network
measurements can be used to estimate the impact of a breach
in QoS on the perceived quality. However, this does not fully
reflect the user experienced quality. The concept of Quality
of Experience (QoE) has been introduced to address the issue
concerning the assessment of how well a video service meets
the customers’ expectations [1]. In a content delivery context
it describes the performance of the whole end-to-end video
delivery system from the user’s point of view.

Most of the current approaches towards video quality as-
sessment in terms of user satisfaction level (i.e. QoE) are
dedicated either to one specific video content type/application
or to one specific scenario. Existing quality metrics aim to
meet wider expectations by providing a good correlation with
subjective rating, cross-content, cross-distortion accuracy, and
low computational complexity in order to enable in-service
applications. The design of a metric (or number of metrics)
that fulfils all mentioned expectations is the most intricate but
also interesting issue nowadays.

In this paper we present a framework for integrated video
quality assessment in content distribution networks. The ob-
jective is to get an accurate estimate of the video quality
level on an end-to-end basis and to meet all the mentioned
expectations. The idea is to combine currently existing “arti-
facts measurement” (AM) and “quality of delivery” (QoD)
approaches and to enable the perceptual evaluation of any
video application with adjustable level of accuracy, ranging
from the simplest metrics offering instant quality estimation
up to the sophisticated ones showing high accuracy with heavy
computational load. The proposed framework assures high
scalability, content and application independency.

This paper is organized as follows. Section II gives current
state-of-the-art in video quality assessment. Section III defines
two key parameters proposed for comprehensive video quality
metrics comparison and benchmark, namely “performance”
and “feasibility”. A new video quality metrics classification
using complex classification scheme is proposed in Section IV.
Section V gives detailed description of the framework, while
Section VI draws conclusions and provides further discussions.

II. STATE OF THE ART IN VIDEO QUALITY METRICS

In this section we take a brief look at the current studies
of objective video quality assessment. The most outstanding
ones and the best among the metrics in the Video Quality
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Experts Group (VQEG) FR-TV Phase I and II evaluation [2]
are described.

The Structural Similarity Index (SSIM) is a top-down ap-
proach modelling functionality of the overall Human Visual
System (HVS) (more detailed description of HVS can be
found in [3]) [4]. Suppose x and y the reference and the
distorted image signals respectively. The overall similarity
metric S(x, y) is combined of three components: local lu-
minance l(x, y), local contrast c(x, y) and structure s(x, y)
comparison between the original and the distorted images.
Video quality assessment using SSIM is performed in three
levels: the local region level, the frame level, and the video
sequence level. First, random 8×8 pixels blocks are extracted
from the original and the distorted video sequences. In this
level, SSIM index is calculated for each block for Y , Cb and
Cr components separately. In the second step, local quality
values are combined into a frame-level quality. Quality of local
regions is weighted according to the mean luminance level
(dark regions less sensitive to quality degradation). In the last
step, quality for entire video sequence is computed. Frame-
level quality is weighted using frame motion vectors, since
some types of distortion (e.g. blur) does not affect perceived
quality for scenes, where large motion occurs [4].

Moving Picture Quality Metric (MPQM) is an objective
quality metric for moving picture using vision modelling
approach [5]. The model accounts for spatio-temporal aspects
of HVS, namely contrast sensitivity and masking. Based on
assumption that HVS processes visual information in separated
spatial and temporal channels, the original and coded video
sequences are decomposed into perceptual channels segmented
using uniform areas, textures, and contours classification block
by block. Then, contrast sensitivity and masking are con-
sidered for each perceptual channel in detection threshold
calculation. Afterwards, filtered error signal is divided by the
detection threshold. In the last step, data from channels is
gathered together in order to account for higher level quality
and the overall distortion level is computed; this process is
called pooling [5].

Perceptual Evaluation of Video Quality (PEVQ) metric is
designed to estimate the video quality degradation occurring
through a network and is based on spatial a temporal artifacts
measurement aided by replica of HVS [6]. PEVQ outputs
Mean Opinion Score (MOS) [7] ranging from 1 (bad) to 5
(excellent) and additional indicators for more detailed analysis
of the perceptual level of distortion in the luminance, chromi-
nance and temporal domain. The latest version of PEVQ,
i.e. PEVQ v.2, is optimized and capable of a real-time video
processing. It accepts the following input data: (i) AVI with
RGB24, YUV video data, (ii) QCIF, CIF, VGA and Rec. 601
frame sizes, (iii) 6 to 20 seconds in length [6].

Video Quality Metric (VQM) measures the perceptual ef-
fects of video impairments including blurring, jerky/unnatural
motion, global noise, block distortion and colour distortion,
and combines them into a single metric [8]. VQM takes
the original video and the processed video as input and
is computed through the following steps: (i) Calibration:

it estimates and corrects the spatial and temporal shift as
well as the contrast and brightness offset of the processed
video sequence with respect to the original one, (ii) Quality
Features Extraction: a set of quality features is extracted that
characterizes perceptual changes in the spatial, temporal, and
chrominance properties from spatial-temporal sub-regions of
video streams, (iii) Quality Parameters Calculation: this step
computes a set of quality parameters that describe perceptual
changes in video quality by comparing features extracted from
the processed video with those extracted from the original
video, and (iv) VQM Calculation: VQM is computed by using
a linear combination of parameters calculated from previous
steps [8].

V-Factor is a particular MPQM implementation specifically
designed for the Internet Protocol Television (IPTV), and
leverages MPQM research that several labs have developed
over the last years [9]. Just like MPQM, V-Factor provides the
video quality score but also some extra information needed for
monitoring and diagnosing the root cause of problems.

III. PERFORMANCE AND FEASIBILITY

A number of objective video quality assessment models
have been developed [10], [11], [12]. However, a comparison
of the different approaches is quite difficult since no common
metrics exist. Generally, the two main factors to evaluate a de-
sign of objective quality assessment solution are performance
and feasibility.

Considerable effort has been spent in quality of service
(QoS) and more recently quality of experience (QoE) research
in trying to improve the correlation between the output of
their assessment model and the subjective measurement results
[10], [13]. The degree of correlation can be considered as the
performance or accuracy of this metric. This usually applies
to well-defined test case under specific conditions. In order to
assess and compare the performance of different models in
a quantitative manner, test must be executed in a controlled
environment under identical conditions for all target models.

Since the delivery of multimedia audio-visual content within
packet-based networks is becoming more common, real-time
quality of experience assessment becomes a key requirement
for service providers. This is especially critical in heteroge-
neous environments with networks ranging from high-speed
networks to wireless low capacity networks, and devices
ranging from High-definition Television (HDTV) sets to hand-
held devices. Thus, the assessment solution must consider
feasibility aspects which includes the requirement for flexible
deployment in different network architectures, scalability to
various user terminals, and efficient evaluation of a large
number of concurrent video streams (even considering dif-
ferent end-systems). Feasibility involves questions such as
whether certain mechanism is possible to operate on existing
system, how difficult it will be to deploy and wether expected
performance can be achieved with practical restrictions.
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IV. METRICS CLASSIFICATION

Matching the perceived video quality by computerized
assessment is a massive and challenging task since many
different factors are affecting the users’ perception. A gen-
erally recognized quality factor is video fidelity, which is
considering distortion levels introduced through codecs (e.g.
by lossy compression) and during transmission (e.g. through
packet loss).

In order to address these issues, different types and classes
of video quality metrics have been proposed in recent years
[11], [10], [12], [13]. This resulted in at least one well-defined
and recognized classification criterion: the amount of required
reference information. More detailed types of classification
also exist, as presented by Winkler [10] and by Eskicioglu
[14]. More recently, a survey on image and video quality
metrics was presented in [15].

However, a more structured approach is needed. Therefore
a classification scheme is proposed comprising a super-set of
existing classifications and thereby allowing a more accurate
aggregation of existing metrics (see Fig. 1). Video quality
metrics are classified using three orthogonal classifications: (i)
the amount of the reference information required to assess the
quality, (ii) the measured features, and (iii) the metric output
(i.e. the way the quality is expressed).

Fig. 1. Video quality metrics classification

A. Classification Based on Metric Output Type

Video quality metrics can be classified by the way the
actual quality is expressed. This can be either qualitative or
quantitative [14]. Quantitative criteria are usually expressed by
a numerical score using and open scale (e.g. PLR = 10−6)
or limited, fixed range (e.g. 1..100). It is important to note,
that the quantitative measures can be calculated, processed
and compared, but there are no obvious mappings on quality
scales (like Mean Opinion Score – MOS [7]) and the exact
quality of user experience may remain unknown. Qualitative
criteria reflect the quality of experience and are described by
either textual or numerical measures. Textual measures use
a corresponding verbal description (e.g. MOS ranges from
“Bad” to “Excellent”). Numerical description (such as R-
Value) translate the quality perception into a number range
e.g. the percentage of users who are satisfied with the quality
[16].

In order to predict the quality of experience (i.e. qualitative
scale) using quantitative indicators, subjective experiments
have to be performed and a model (i.e. mapping function)
has to be developed. General provision for the subjective
experiments’ methodology is presented in ITU-R BT.500-11
recommendation [17]. The process of model creation is quite
complex and based on some statistical techniques. In fact,
the model is an empirical function that allows the mapping
between multiple quantitative input parameters resulting in one
quantitative output score. Some examples of proper statistical
models are presented in [18], [19]; and examples in General-
ized Linear Model (GLZ). A detailed description of the GLZ
model can be found in [19]; an application for video quality
assessment is presented in [20], [21].

B. Classification Based on the Amount of the Required Refer-
ence Information

At lot of research has focused on different ways of assessing
quality considering the additional information used in the
assessment process. Usually three approaches (metric classes)
are distinguished. The first one is called “Full-Reference”
(FR) approach, which is assuming unlimited access to the
original (reference) video. Quality assessment is performed
in a comparative way, i.e. the research question is What is
the quality of the distorted video compared to the original
one? Since full access to the original video is needed the
area of possible application is restricted to laboratory tests like
codec comparison and testing, encoder tuning, or the quality
acceptance level testing. Examples of the metrics are MPQM
[5] and SSIM [4].

The second class is commonly referred to as “No-
Reference” (NR) and stands for a quality evaluation without
any knowledge of the original material. Quality assessment
is performed in an absolute way, i.e. the research question
is What is the absolute quality of the video? This is an
emerging and still not fully-defined approach. The goal is to
use this methods to build services enabling, e.g., real-time
in-service application for network performance monitoring,
alarms generation or quality-based billing. Disadvantages of
this approach currently are a lower correlation with MOS [7],
a high CPU load and resulting time limitations. At present the
only well-defined metric representing this approach is V-Factor
[9].

The last class is referred to as “Reduced-Reference” (RR)
approach that takes advantage of both previous approaches.
Only some well specified features (such as motion information
or certain spatial details) are extracted from the reference video
stream and used for comparison. This information is usually
communicated out-of-band, and leads to a partial alignment of
compared parts. The idea is that only key features are used so
that the amount of extracted information is still manageable
and allows for more precise quality evaluation. The possible
applications are both laboratory and in-service. At present
there are only few video quality metrics using this approach,
namely [20] or [8].
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C. Classification Based on Measured Features

Ultimately the quality of the presented video is the only
relevant factor. If only this is being assessed the whole end-
to-end video delivery system as a black box and only the
decoded video quality at the receiver site (in a comparative
or an absolute way) is analyzed. This is commonly referred
to as “artifacts measurement” (AM) approach. However, this
approach does not take into account what might have happened
to the video in between, where quality loss might have
occurred, and if this has happened in a random or moderated
fashion. Therefore, the second approach considers relevant
parameters of the delivery system, which are collected in
order to predict output video quality. This is referred to as a
“quality of delivery” (QoD) approach. In this section the two
approaches are clearly distinguished and described in details.
Furthermore, a discussion on performance and feasibility for
each class is introduced.

TABLE I
PERFORMANCE AND FEASIBILITY FOR DIFFERENT METRIC CLASSES

Class Performance Feasibility
Data metrics low – poor correlation with

MOS
low – plenty of tools,
restricted to FR scenario

Spatial and
temporal
artifacts

medium-high – perceptual
and spatio-temporal
segmentation may assure
high quality

low-medium – high
computational
complexity, some
artifacts may be
measured in NR scenario

Structural
information

medium-high – good
cross-content and
cross-distortion correlation

low-medium – restricted
to FR and RR scenario

Vision
modelling

high – catch the
degradation of key
perceptual information

low – heavy
computational
complexity

Watermarking medium – different
susceptibility of the mark
and the content

medium – additional
amount of information
in the video stream

QoS
parameters
measurement

low – pure correlation
with MOS

high – instant assessment

Extended
QoS

medium – analyze impact
of network parameters on
perceived quality

high-medium – almost
instant assessment

Artifacts
prediction

Medium-high – analyze
impact of packets delivery
on perceived quality

medium – requires deep
packet inspection and
computation.

1) Artifacts Measurement Approach: The AM approach can
be sub-divided into groups with the metric calculation com-
plexity ranging from simple pixel-to-pixel comparison algo-
rithms (i.e. data metrics), over separate artifacts measurement,
to sophisticated HVS-based frame-level artifacts analysis. The
artifacts measurement AM approach aims to detect distortions
that can be introduced at any stage in the end-to-end video
delivery system (i.e. coding, network transmission, decoding).
Based on the level of detected distortion the overall quality
grade is then calculated (note, all detected distortions can
contribute with different weights).

Data metrics look at the fidelity of the signal without con-
sidering its actual content [3]. In other words, every pixel error
contributes to a decrease of quality with equal weight, even if

it is invisible [22]. Examples of such metrics are: Peak Signal-
to-Noise Ratio (PSNR), Mean Absolute Error (MAE), (more
examples are in [11]). Data metrics have been an extremely
popular over research topic in the past and are widely used
in image and video quality assessment. The reason for this
popularity is instant quality assessment resulting in a singular
metric, relatively low computational complexity, and relatively
simple implementation. However, they always operate on the
whole frame and do not consider any other important factors
which can strongly influence the perceived quality such as
HVS characteristics. For this reason data metrics show low
correlation with psychophysical experiments and are therefore
rather inadequate for precise quality assessment.

Fig. 2. Images with different types of distortions, a) original, b) and c)
PSNR=24.0654 dB, MSE=254.9982

Fig. 2 shows two distorted pictures which according to the
MSE and PSNR metrics have the same quality. However, as
can be clearly seen, the diversity in perceived quality is very
strong. Thus, the data metrics fails in cross-distortion and
cross-content quality assessment [11]. The satisfactory perfor-
mance appears only in case of certain distortions measurement,
e.g. MSE is accurate in additive noise but is outperformed by
other metrics for coding artifacts [23]. The conclusions are
that data metrics have a relatively low performance and low
feasibility (see Table I).

In order to overcome these drawbacks a number of more
advanced approaches have been developed recently, e.g. PEVQ
[6] and [24]. For instance, spatial artifacts measurement is
performed on separated video frames. The principle idea
assumes whole frame analysis. However, in order to as-
sure higher performance some features derived from vision
modelling are employed. These are namely mechanisms for
perceptual decomposition of video frames, weighting and
pooling procedures. Temporal artifacts refer to the video as
a whole and focus on unnatural motion detection within a
video stream. This type of artifacts is mainly caused by severe
network conditions, but sometimes also by video scaling in
the temporal domain. The performance is medium-high and
the feasibility is low-medium (see Table I).

The structural information approach is an innovative and
promising idea, showing good performance for cross-distortion
and cross-content video and image quality assessment. It is
based on the extraction of certain features (e.g. structure of the
objects, spatial orientation and activity) and the comparison
between the original and the distorted video sequences (as
presented in [4] or [8]). The main drawback and limitation
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is the fact that it cannot be applied in a NR scenario. The
performance is medium-high and the feasibility is low-medium
(see Table I).

In the watermarking (also referred to as data-hiding) ap-
proach additional data is embed into video stream that can
be traced and indicates quality deterioration. This is a NR
approach in terms of architecture, and at the same time a FR
comparative approach in terms of methodology. The inserted
mark is a well-known pattern, stored at the receiver site,
examples of metrics are described in [25], [26]. The idea
of quality assessment is based on the fidelity of the mark
extracted from the distorted video measurement. The extracted
mark is compared with the reference mark. There are several
issues influencing performance of this approach. For instance,
the susceptibility to coding and transmission distortions with
respect to the mark can be different to the video content.
Other important issues are the degradation of the original
video quality caused by the introduction of the mark and the
additional amount of data attached to the video stream. The
performance and feasibility are medium (see Table I).

The vision modelling is the most sophisticated approach,
and one of the most popular at the same time, implementations
are presented in [5], [27]). A video sequence or a single video
frame is considered with respect to the visual information
it contains. The idea of this approach is to reproduce the
human perception by modelling some components of the
HVS. According to [3] the most important characteristics of
HVS are light adaptation, contrast sensitivity, colour matching,
opponent colours, spatial masking, temporal masking and
pattern adaptation. A model for each component is built
upon results from psychophysical experiments [10]. Metrics
based on vision modelling have a high performance but their
feasibility is low due to the high computational effort (see
Table I).

HVS offers also a number of properties that cannot act
as a sole metric for the user experience assessment but are
extensively utilized in order to increase the performance of
other metric classes within the artifacts approach. The first
property is called a multi-channel model of human vision. The
human brain possesses a collection of separate mechanisms
tuned for a specific class of visual information. Based on this
assumption the Gabor filter bank was successfully used in or-
der to model this property and implemented in [5], [28]. In this
approach visual information is decompressed into separated
channels limited in orientation, spatial and temporal frequency.
Each channel is considered as an independent object and the
quality evaluation should be performed for each separately.
In order to account for a higher level of perception (video
frame or a whole video sequence level) all the channels have
to be combined together. This process is termed “pooling” and
represents another property of HVS. According to Winkler [3]
it remains one of the least well understood aspects of vision.
The pooling mechanism applied for the visual channels can
be referred to as a “channel pooling”. Another type of the
pooling is called “spatio-temporal pooling”. It is based on an
assumption that a human observer never looks at the whole

image at the same time. This happens because of the focus of
attention and the viewing distance [5]. This property is referred
to as a Regions of Interest (RoI) in [10]. According to this the
global video quality metric should be computed over three-
dimensional blocks (two spatial and one temporal dimension).
The spatial dimensions should be adjusted according to the
display size and resolution (e.g. to cover two degrees of visual
angels), while the temporal dimension should fit the artifacts
characteristics (i.e. should cover an average transmission error
visibility stretch that is around 1-2 seconds) [8].

2) Quality of Delivery Approach: All artifacts-based met-
rics operate on the decompressed video frame level. This
implies high computational complexity; i.e. first the video
stream has to be decompressed, then the artifacts have to be
calculated and the results have to be presented in a given
metric. This approach does not make use of any additional
information about indicators for distortions such as for in-
stance packet loss in the network. In order to overcome this
problem the QoD tries to utilize as much additional informa-
tion as possible, though limited to this information (does not
consider decompressed video frames inspection and artifacts
measurement). The performance and feasibility of different
classes within this approach (QoS parameters measurement,
Extended QoS measurement and Artifacts Prediction) are
presented in Table I. In this approach the video quality is
predicted based on information gathered along different stages
of the video delivery path. It is based on network QoS, video
codec parameters, content entropy (e.g. structure of the group
of pictures, GoP) and characteristics (e.g. spatial and temporal
activity). All this required information is gathered on a video
stream packet level (QoS) or the partially decompressed stream
(video entropy). The more parameters are measured the better
video quality estimation should be. This approach is preferable
for in-service applications since the computational complexity
is significantly reduced.

In the most simple scenario quality indicators are only some
QoS parameters such as packet loss ratio (PLR) or bit error rate
(BER). This is a naive approach that shows as poor correlation
with MOS since a packet loss can have a drastically different
impact on perceived quality depending on several other factors.
These factors are for instance compression algorithms (MPEG-
2 vs. H.264), GOP structure (I, P and B frames ratio), type
of information lost (e.g. I, P, B frame), codec performance
(coding, decoding), complexity and diversity of the video
content (e.g. talking heads vs. action movie or cartoon).

Considering these problems extensions have recently been
proposed in [9], [22], [29], [21]. The idea is to assess the
impact on the perceived quality of each packet loss based on
information regarding video entropy (limited to GoP structure
and codec information). The main drawback of the proposed
metrics is the strong codec dependency and a slightly lower
performance in comparison to artifacts-based approaches.
Further, the issues still not addressed are complexity and
diversity of video content (i.e. amount of spatial and temporal
details considered), since no decompressed frame inspection is
applied. The performance is low to medium but the feasibility
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is high (see Table I).
It should be noted that the above methods are unaware of

each packet’s significance on the quality deterioration. Due to
the limitation in transmission bandwidth and terminal capacity,
video tends to be encoded (and compressed) with many
advanced features to improve the packet network delivery.
These advanced en/decoding, quantification techniques can
on the one hand intensify the data loss impact (e.g. spatial
and temporal loss propagation), on the other hand that may
mask delivery impairments (e.g. through error concealment
techniques). Thus, in order to have a clear view of delivery
impacts, video assessment based on QoD should be divided
into two approaches. First, the artifact is predicted by ana-
lyzing packet header or payload without fully decoding the
content. For example, the quality of a B-frame in a MPEG
encoded video stream can be predicted by the number, pattern
and other characteristics of packet losses within this frame and
the quality of its depended frames (I-frame or P-frame) which
are also predicted with the prediction mechanism. Secondly,
the correlation between characteristics of artifacts and user
experiences has to be investigated experimentally. In this step
extra information about the video service, user equipment and
even user preference are required to improve the performance.

V. A FRAMEWORK FOR INTEGRATED VIDEO QUALITY
EVALUATION

For large scale content distribution systems the challenge
is to assess if the delivered video quality of all streams is
acceptable and adheres to the Service Level Agreement (SLA).
The kind of method applied in this context therefore has to
be efficient and cost effective. Further the solution has to
be scalable considering different requirements of performance
and feasibility under various scenarios. In order to achieve
this, an integrated solution is being proposed. This framework
does not define any specific class of video quality metrics to
be used; in fact any class discussed in IV can be applied.
The principle idea is to combine the advantages of both
“artifacts measurement” (AM) and “quality of delivery” (QoD)
approaches. The idea is that through their combination the
framework can be flexible for different assessment scenar-
ios. Different functionalities and approaches are represented
through well-defined functional blocks. With this framework
the video quality can be assessed with NR, RR or FR
approaches by enabling the respective function blocks. The
outcome of the assessment is a final quality score reflecting
quality of experience (i.e. a quality expressed in qualitative
scale), as well as more detailed quantitative indicators (e.g.
levels of measured artifacts, PLR, playout delay, etc.). The
later allows also to analyze the root of the possible video
quality degradation. The idea is that by distributing dedicated
function blocks throughout the delivery network the frame-
work can also analyze which network segments are the source
of quality deterioration for network diagnosis.

Fig. 3. Block diagram of the proposed framework

A. Block Diagram

Fig. 3 presents the framework in form of a block diagram.
The Quality Estimator (QE) is the key component of this
framework which gathers related information and evaluates
the target video content with the quality score as output.
However, QE does not cover the entire assessment procedure
since we decompose the function into two separate paths and
multiple layers to keep our framework scalable considering
the heterogeneity of content delivery networks and also the
variety of user terminals. There are two distinct assessment
paths, one reflecting AM and one based on the QoD ap-
proach, both described in IV.C. The first one is based on
examining the picture (or group of pictures) after decoding.
The Artifacts Measurement Block (AMB) of this approach
studies picture quality of video content directly using the
spatial and temporal signal information. The first component
in the QoD approach is the Packet Inspector (PI), which
gathers packet status information (such as packet id, send time,
receive time, encoding attributes) in an end-to-end mode, then
the status will be summarized before being sent to Network
Analyzer (NA). Using this information the NA calculates how
and where network impairments happened. Playout delay and
packet loss status, as the two key metrics, are calculated used
in the quality evaluation. The estimation of the playout delay
derived from network latency, jitter, etc. is used to inform
the QE whereas packet loss information is sent to Artifacts
Prediction (AP) where picture artifacts such as blockiness,
blurriness due to packet loss are estimated. The latter also
uses additional information such as characteristic of packets’
availability, transport scheme, codec, content type, etc. From
the artifacts and playout delay of the video content the QE
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is capable of estimating the quality a user perceives in a
given context. In the following sections, function blocks and
their correlations with each other within the framework are
described in more detail.

B. Artifacts Measurement Approach

The AM approach builds on the methods introduced in
IV.C.1. Artifacts measurement is performed by Artifacts Mea-
surement Block in Fig. 3. The idea behind it is to provide
an as accurate perceived quality evaluation as possible, within
the bounds of the available resources. As presented in Table
I, some metrics classes within this approach have significantly
higher performance that the ones within the QoD approach.
However, there is a tradeoff since the higher performance is
the higher computational complexity.

1) Artifacts Measurement Block: Artifacts measurement is
performed on the decompressed video stream level (or video
frame level) as presented in IV.C.1. Hence, in the first step
the video stream has to be decompressed at the receiver
site. Afterwards, individual video frames form the input to
the AMB. Within the block video frames are processed and
some artifacts are evaluated. Video processing should be based
on vision modelling techniques. The preferable flow is as
follows: (i) perceptual decomposition into spatial and temporal
channels, (ii) segmentation into spatio-temporal blocks, (iii)
artifacts evaluation, and (iv) pooling and weighting. Arti-
facts measurement can be performed using all the techniques
presented in IV.C.1. If the video quality metrics classifica-
tion described in IV.B is considered, all three approaches
are possible but with considerably different performance and
overhead. Some spatial and temporal artifacts can be measured
in NR (blockiness, blur, unnatural motion), the same artifacts
measurement may be supplied with video entropy information
in order to improve the performance (RR). Of course, all
possible artifacts can be measured in FR approach but this
scenario is limited to some laboratory applications since the
availability of the original video content is required. Specific
technique for artifacts evaluation should be adjusted according
to the specific implementation and video service requirements.
At the end of the whole process, AM path produces a scalar
or a vector of quantitative quality indicators, one for each
evaluated artifact.

C. Quality of Delivery Approach

The QoD approach tries to predict the visible artifacts
from packet header and packet payload information without
fully decoding the video content. When extra source video
information is available, this approach is then extended to
RR from NR approach. With as much information about the
video has to be utilized as possible, QoD approach can achieve
considerably high performance. Further in-depth research is
required to establish the complex correlation between the
network effects and the perceived video. Packet Inspector, Net-
work Analyzer and Artifact Prediction are three key functions
of this approach.

1) Packet Inspector: The Packet Inspector (PI) studies all
the packets being delivered to the application from delivery
network. QoE evaluation usually requires more than just
assessing if the QoS parameter adhere to the given specifica-
tion. However, data packets do usually not contain additional
metadata explaining transport scheme, session information
and payload status such as encoding scheme of the content.
This requires the PI to access the packet beyond layer 2
information (as usually done by traditional shallow packet
inspection). PIs are part of a distributed infrastructure and
therefore their distribution should also be scalable. When
several PIs are distributed at the key locations along the
delivery path, researchers are able to have a better view of
the content delivery status, where quality loss occurred which
results in a quicker diagnosis.

2) Network Analyzer: With all the packet information gath-
ered by the PI(s) the Network Analyzer (NA) is then aware
of the transmission status of the content such as type of
content, transport protocol, packet loss, jitter etc. The NA
will summarize and categorize this information into two parts.
which are both related to the source of the video applica-
tion quality deterioration. The first part is the playout delay.
Depending on the characteristics of transmission networks,
transport schemes, terminal equipments, and applications the
playout delay can be the constitution of network latency, de-
jittering or loss concealment techniques. The second part is
packet loss. The sources of packet loss can be packet drop,
buffer overflow or unexpected arrival of packets (i.e. packets
that have to be delayed for too long). The playout delay value
will be sent to Quality Estimator (QE) directly while the packet
loss information is past to Artifacts Prediction (AP). The NA
also informs the AP about the network QoS metrics such as
packet loss rate for quality level decision.

3) Artifacts Prediction: The Artifacts Prediction (AP) func-
tion gives an estimation of how certain packet loss will be
displayed on screen as described in IV.C.2. The estimation
can be rough if only general network QoS parameters like
packet loss rate is available or can increase its performance
when advanced information is available. Theoretically, the
more related information it has the better performance the
estimation result the AP is able to provide. The related
information includes packet size, frame size, frame type,
transport mechanisms, content characteristics, etc. Based on
further research it has to be established how specific artifacts
affect the quality perception and how this can be correlated to
specific information coming from the NA in combination with
additional (meta-)data such as spatial and temporal complexity
of the content.

D. Quality Estimator

The Quality Estimator (QE) aggregates four quantitative
inputs (i.e. playout delay, network QoS, and the results from
the artifacts estimation and artifacts measurement) and gives a
“quality score” which is a prediction of the end user’s experi-
enced video quality (see IV.A). An assessment of the effects of
the playout delay is optional and depends on the requirements
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of the application For some real-time interactive applications
such as video conferences and online gaming, the playout
delay may even be more critical than packet loss. Network
QoS parameters like PLR facilitate a rough but quick quality
assessment before any further high computational assessment
is performed. It is especially useful when certain thresholds are
met so quality scores can be settled in advance. QE achieve
this goal by collaborating between function blocks of both
AM and QoD approaches. By selectively enabling function
blocks, QE can dynamically adjust assessment methods to
balance feasibility and performance for specific scenarios.
For example, when the PLR of the network QoS parameters
increases above a certain threshold (e.g. PLR=0.1) the QE can
instantly determine the quality as “out-of-services” or “bad”
and notify the service provider. In contrast, when the PLR
drops to the other threshold where packet loss effect can be
neglected, the QE simply announces the quality as “perfect”
so no more assessment actions are required. If none of the
threshold is reached, then QE can use PLR in relation to video
entropy, content characteristics, encoding schemes and other
additional information for extended assessment as mentioned
in IV.C.2. With even higher performance requirements, QE
use artifact prediction or artifact measurement results for more
precisely prediction of video quality. The results can achieve
higher performance if artifact measurement is available. But
this procedure usually requires heavy computation in the back-
ground so it is more suitable for high performance assessment
on few quality critical video applications. Compare to artifact
measurement, artifact prediction can give information about
certain levels of artifacts with less computational complexity,
which means better feasibility but the performance may vary
depending on test instances. The amount of input information
that can be considered plays a crucial role. In some case,
certain input will be eliminated for feasibility reasons while
in other cases all the input will be aggregated with different
aspects on each of them. QE should decide which procedure
to use and which parameter to consider balancing between
performance and feasibility under different circumstances.
Unlike other function blocks in the framework, QE is more a
model based on an aggregation function using empirical data,
rather than a pure engineering process. In order to get qualified
empirical data subjective experiments need to be setup to
study the users’ opinion on each typical artifact and ranges
of playout delay to increase the performance of the QE and
the entire framework.

VI. CONCLUSIONS AND FUTURE WORK

In this paper we classified existing video quality metrics
and applied them to Content Distribution Networks (CDN)
using three orthogonal classification schemes (i.e. considering
the amount of reference information, metric output and mea-
sured features). Subsequently all presented metric classes were
evaluated and compared using two key parameters, namely
performance and feasibility. The introduced framework builds
on this investigation and proposes to integrate two com-
plimentary approaches where the functionality is distributed

into several blocks. The first approach “quality of delivery”
shows high feasibility while the “artifacts measurement” based
approach allows achieving high performance. The advantage
of the proposed integrated solution is the adjustable balance
between performance and feasibility according to different
implementations of the framework for varies requirements.
The proposed framework aims at all important aspects of video
quality assessment within a CDN. Using such an integrated
approach overcomes than main drawback attached to single
metrics based solutions that produce only incomplete or non-
scalable solutions. Thus, in the context of emerging large scale
content distribution systems the feasibility of the introduced
solution is much higher.

The presented framework is a system level work, in order
to realise the function blocks further studies and experiments
are required. The most challenging research issue is the inves-
tigation of the complex logic behind the function blocks the
mapping of this logic into effective computational functions.
An example is for instance the Quality Estimator block. Its
task is the mapping between quantitative and qualitative scores
considering complex relationships between user perception
and measurable features while keeping the balance between
performance and feasibility.
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Abstract  The objective of any sound network engineering 
practice should be to meet users’ QoE while making the 
underlying access technology as agnostic as possible to the user. 
The main objective of this paper is to propose a systematic 
approach for designing and optimizing multimedia solutions to 
deliver enhanced Quality of Experience (QoE). Access networks 
are typical bottlenecks in an end to end scenario and hence 
require careful engineering to meet users’ expectations.  The 
motivation to optimize access network performance is also driven 
by the need of providers to create service differentiation and to 
minimize customer churn.   This paper is divided in two parts. 
First part discusses a Top Down QoE driven Multimedia (MM) 
framework to engineer multimedia services over access networks 
while the second part demonstrates its applicability in the context 
of a WiMAX access where the discussion is supported by results 
using simulation analysis. 

Keywords: Multimedia Services, WiMax, Quality of Experience 
(QoE), Quality of Service (QoS)

I. INTRODUCTION
ith increasing pervasiveness of broadband wired and 
wireless services, Access Service Providers (ASP) are 
enabling rich multimedia services with the goal of 

differentiating themselves from their competitors. This 
situation is driven by two important factors: The 
commoditization of services like voice by non-traditional 
providers has resulted in continuous decline in revenues from 
traditional services for mainstream providers; Increasing 
convergence of services on a single IP infrastructure is 
enabling providers to deploy newer services faster and in a 
cost effective manner. Although IP convergence results in 
reduced costs of deploying and managing services, it also 
raises well-known issues concerning user expectations also 
termed as Quality of Experience (QoE) and whose key 
component is to meet Quality of Service (QoS) of the 
deployed real and non-real time multimedia applications 
sharing resources over a converged infrastructure.  

To address this challenge of meeting the QoE requirement 
in broadband access networks, a Top-Down multimedia 
solution framework has been developed. 

Ravi S. Ravindran is with the Advanced Research group in Nortel, Ottawa, 
ON, K2H8E9, Canada (Phone: +1-613-763-8089; fax: +1-613-763-8800;        
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François Blouin is with the Advanced Research group in Nortel, Ottawa, 
ON, K2H8E9, Canada (Phone: +1-613-763-9775; fax: +1-613-763-8800;        
e-mail: fblouin@nortel.com). 

The proposed framework is a methodical approach that 
addresses several issues to achieve user QoE, some of which 
are: Method for deriving end-to-end application requirements; 
Translation of end-to-end application requirements into 
localized network segment and nodal QoS targets; Framework 
to evolve user profiles; Understanding the affect of critical 
control knob parameters in order to meet end-to-end 
requirements with the goal of effectively using the available 
bandwidth resources. The rest of the paper discusses this 
framework and shows its applicability in the context of 
WiMAX system considering VoIp, Interactive Gaming and 
Web Browsing applications. 

The outline of the paper is as follows: Section 2 describes 
the Top-Down multimedia framework concepts with 
discussion of the steps that constitute this framework. Section 
3 applies the framework over WiMax, where the objective is 
to show how the framework can be used to evolve engineering 
guidelines useful to network planners during the planning, pre 
and post-deployment stages of network deployment process. 

II. TOP-DOWN MULTIMEDIA FRAMEWORK

In order to capture and address the fundamental challenges 
underlying multimedia applications delivery over converged 
network infrastructure, we propose a methodical solution in 
the form of a Top-Down design framework.  

The highlight of this framework is that it adapts a user 
centric approach rather than the commonly followed bottom-
up network-centric engineering design approach where 
applications are deployed without considering their QoE 
requirements, but by relying on practices like over-
provisioning, and class based service differentiation using the 
Differentiated Service (DiffServ) framework. The proposed 
framework takes a top-down approach that begins by first 
understanding the QoE requirements of the services and use 
the understanding in subsequent steps along with properties 
like access network topology, user demand information, SLA 
requirements, understanding of critical control knob 
parameters to evolve engineering guidelines to achieve QoE 
objectives of services being deployed. The success of meeting 
the QoE requirements depends on understanding the 
engineering requirements with respect to all three Data, 
Control and Management plane during the service planning 
and deployment stages. But considering the complexity of the 
problem, the proposed framework focuses on understanding 
the media path engineering requirements of an access 
network. Fig. 2.1 shows the various steps of the top-down 
multimedia framework. In the subsequent sub-sections we 

QoE Driven Framework for High Performance 
Multimedia Delivery Over WiMax 

Ravi S. Ravindran Associate Member, IEEE, François Blouin

W

18th ITC Specialist Seminar on Quality of Experience

91



discuss the steps of the framework with issues and solutions 
proposed for each step.

A. Step 1: Application QoE Target Requirements and QoE 
to QoS Mapping 
Quality of Experience (QoE) is the overall performance of a 
system from the point of view of the users. In this step we 
determine QoE requirements of the set of services being 
offered and map them into network level (QoS) targets. For 
traditional services like voice, research exists to map 
subjective measures of user experience into objective metrics 
(e.g. ITU-G.107). Such a mapping includes metrics and 
targets that should be followed while engineering or planning 
a network. Using the QoE requirements to guide network 
engineering and design has two important benefits:  (1) 
Network design targets are grounded in user needs and their 
experience for the services being planned, making the planner 
fully aware of the user expectations; (2) It avoids any serious 
over or under engineering of the network, enabling the 
provider to deliver user acceptable service quality with 
efficient use of available resources. 

The process to determine the end-to-end QoE targets can be 
broken down into three steps: Step a) Identifies the 
fundamental attributes and properties of the service being 
deployed. Step b) Defines mathematical relationship rules for 
the service attributes and context of use. Step c) Determines 
the preferred and acceptable QoE target for a given 
application. 

Step a: Identifying Attributes/Properties of application 
Understanding and defining the service characteristics and its 
impact on user expectation is a challenging task. As a first 
step towards understanding the service properties, we 
decompose and classify the service by their fundamental 
characteristics and relevant attributes which are timeliness and 
modality.  Timeliness identifies whether interaction over the 
given application takes place in real time or non-real time.
Modality involves understanding the components that make 

up the service like audio, video, text, still graphics or data.  It 
should be noted here that timeliness and modality based 
classification here is purely based on the service’s property 
and independent of the type of transport network.  

Step b: Determine Context of Use and Relationship Rules
Once the context independent properties have been 
determined, we evolve the rules and method for effectively 
mapping QoE metrics depending on the context of use. In this 
step we make use of special algorithms that reflect this 
relationship.  An algorithm that describes such mapping inputs 
several parameters, among them are: service media type; the 
nature of the end device (e.g., cell phone, desktop, laptop, 
PDA); transmission mode (e.g. one to many, many to many).  

To arrive at the QoE requirements, at first a ‘Preferred’ 
value is derived from the context independent classification 
attributes from Step a i.e. based on timeliness and media 
modalities. The Preferred value is the desired target to 
achieve, but which may not be easily achievable. Once this 
value is determined, we determine an ‘Acceptable’ range.  An 
Acceptable range is based upon the knowledge of previously 
known user experience, which may not necessarily be the 
perfect quality, but one that is acceptable to the user. This also 
takes into account service specific information like the context 
of use and the relationship between attributes of the service.  

Step c: Determination of QoE Targets
The output of this step is a set of QoE targets for a given 
service to meet the end user quality requirements.  One should 
note that even at this stage, these QoE target metrics are 
technology agnostic. Literature on QoE requirements is spread 
among international and industry standards, research reports, 
and industry experience.  To consolidate this knowledge base 
into a useable and manageable form, Nortel scientists and 
engineers have developed a tool called the QoE Decision 
Matrix (QDM). This tool helps to find accurate QoE targets 
for a given service taking into account various factors 
affecting QoE.  Fig. 2.2 is a high level view of the QDM tool 
engine, which inputs several context dependent and context 
independent factors to determine Preferred and Acceptable 
target for a given service as discussed in the previous steps. 

1. Application end-to-end QoE requirements & 
QoE-to-QoS mapping

6. Capacity planning and dimensioning

8. Resource allocation & control knobs
optimization to enforce SLA

7. Control knobs selection

9. Traffic monitoring

4. Service Profiling & 
SLA Characterization

2. Network topology

3. Impairment budget
allocation

5. Traffic demand 
characterization

Checkfor SLA
compliance& network

performance

Figure 2.1: Top Down QoE Driven Multimedia Reference Model
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B.  Step 2: Network Topology Analysis 
In this step we provide a procedure to analyze the QoS 
requirements of a service from an end-to-end perspective, 
taking into account the aspects like network topology and 
critical intermediate network encountered in the media path 
required to realize the service.

We start by abstracting the end-to-end topology for a given 
service using Hypothetical Reference Connections (HRX) 
framework [1].  HRX modeling technique is a well-defined 
telecom practice that has been applied by service providers to 
understand budget allocation standards in a nodal context 
within their networks. The connections are hypothetical in the 
sense that it involves abstracting domains, rather than 
modeling the exact scenario of a real network connection amd 
takes into account variables like physical size of network 
segments, number and type of equipment involved.   

HRX in the packet networking context can be applied to 
analyze QoS requirements for a specific service and its end-
to-end context. HRX in this context can be used to cover 
typical, important and extreme operating conditions of a 
particular network to account for all end-to-end possibilities 
and reduce deployment risk. Once the end-to-end network 
scenarios are abstracted, the properties of intermediate 
network elements in each scenario are studied.  The network 
element properties to understand will depend on the 
engineering objective of the path analysis. For this paper our 
interest is to understand the media path properties of the 
terminal and critical nodes in the abstracted network segments 
in terms of application and transport layer functions. 

C. Step 3: Impairment Budget Allocation 
To ensure that a network scenario meets the QoS targets, we 
must execute an impairment budget planning exercise to 
determine an allowance of end-to-end QoS budget for each 
network segment and nodes within that segment. In this paper 
we focus on the problem of end-to-end latency budgeting.  

The budgeting process discussed next can be viewed as a 
conservative analysis that begins by first breaking down the 
end-to-end latency target into fixed and Variable components.  
Fixed budget component of the end-to-end delay account for 
the factors that are due to load independent functions like 
packet data serialization, packet encoding/decoding, 
compression/de-compression, security functions and control 
protocol overhead. While the variable budgets take into 
account factors that are load dependent and this includes 
budgets primarily induced because of queuing/scheduling 
discipline or congestion at a node or network segment.  

Fig. 2.3 shows the proposed Latency Budgeting Algorithm.  
The inputs to the algorithm are: 1) End-to-end network 
scenario broken down into three segments: the source access 
segment (that is of interest) which we refer as A-Access, the 
core segment (C), and destination access segment B-Access; 
2) The upstream (LUS) and downstream (LDS) end-to-end delay 
targets for the assumed scenario. 3) The maximum Service 
Data Unit (SDU) size of the service’s payload size and the 
associated transport (TCP/UDP/RTP) overhead. 4) The fixed 
delay contributed by each intermediate network element and 
network segments. 5) And the available upstream and 

downstream (DS) bandwidth (CUS(i), CDS(i)) available for a 
packet flow at each hop i along the end-to-end scenario.  

We next elaborate on the steps of the latency budgeting 
algorithm shown in Fig.2.3. 

Step 1-2:  The first step in the process is to estimate the upper 
bound delay of the Core and B-Access segment. For the core 
network we use the understanding that the major delay 
contributions are due to propagation and switching delay. To 
quantify this we apply two variables: the maximum physical 
distance a packet has to travel in the core, and the maximum 
number of intermediate router a packet hops though across the 
network. We use these parameters to arrive at core upstream 
and downstream latencies represented as COUS and CODS. In 
case of the B-Access, the latency bounds (ABUS, ABDS)
normally based for well known transport technologies can be 
obtained from literature and network planners for access 
technologies of interest.  Having computed the Core and B-
Access segment delays, the US/DS latency budget for the A-
Access segment denoted as (AAUS, AADS) can be derived.  
Step 3:  In this step we focus on the A-Access segment and 
characterize the fixed (i.e the non-load dependent functions) 
latency contributions due to packet processing in end device, 
network elements in the network segment, and control 
protocols. These delay contributions can be understood by 
traversing the different layers (TCP/UDP/IP/MAC/PHY) of 
data processing functions and quantifying the delay 
contribution by each one of these processes. These delays can 
be quantified by studying the complexity of the underlying 
algorithms executing the data processing functionalities for a 
given system’s processing and memory specifications. 
Step 4: Having understood all the fixed delay functions at a 
node, one can derive the aggregate fixed latency because of 
non-load dependent components in the upstream and 
downstream directions as the packet travels along the nodes of 
the A-Access.
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Figure 2.3:  Latency Budgeting Algorithm 
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Step 5: Using the available A-Access segment US/DS latency 
from Steps 1-2, we calculate the available variable delay 
budget in the US/DS directions as the difference of the total 
US/DS A-Access available delay budget (AAUS, AADS) and 
total fixed delay from US/DS components. We denote to this 
total variable US/DS component as VUS and VDS.
Step 6: Next we check if the available variable delay budget is 
less than zero, this in effect checks if the sum of the fixed 
components exceeds the available US/DS delay budget of the 
A-Access. If so, then either the total end-to-end US/DS 
latency has to be revisited, or the fixed delay component 
functions may need further optimization till the point where 
there is positive margin to account for delays due to 
congestions or queuing delays. 
Step 7-8: In these steps the available US/DS variable delay is 
budgeted such that the higher variable budget gets allocated to 
links with slower bit rates, and lower delay budgets to links 
with higher bit rates. For this the ratio �US(i) and �DS(i)  is 
calculated for each segment of the network as a function of 
the link bit rates along all the hops. These hop specific factors 
are then used to calculate the variable delay budgets for each 
hop. The property of �US(i) and �DS(i) ensures that the allocation 
is greater for resource constrained access hops versus those  
network segments in the core with high bit rates in A-Access 
segment.  
Step 9: From the variable budgets, initial estimate of the Jitter 
buffer at the terminal for smooth playback of the media can 
also be derived. This can be approximated as the sum of the 
variable delay budgets along the access segment in the DS 
direction. 

The delay budget derived in this step is later used as upper 
bound thresholds, while determining the appropriate settings 
of the engineering parameters in Step 7 for a given service. 

D. Step 4: User Service Profiling 
Service profiling involves understanding and quantifying 
several variables like current, future user demand information 
and SLA requirements for the service being delivered in the 
context of a  given access network. This information is later 
combined with appropriate traffic source model derived as 
part of the traffic demand characterization in the next step to 
arrive at varying temporal load offered on the network.  In 
traditional telecom networking particularly for voice, user 
service profiling is a well established process. But very 
limited study as in [2] has been conducted in the context of 
multimedia services for broadband access networks.  

Service profiling is a complex exercise and a multi-
dimensional problem with several variables affecting it like: 
The short and long term projection of number of subscribers; 
Average number of sessions per user per hour or day or 
month; User population; Subscriber demography; User 
mobility; Media types and type of terminal device. These 
variables can be combined in different ways to generate a 
variety of user profiles for the same service as well as generate 
time varying user session activity. In order to derive these 
values, it is common practice to look at historical user activity 
data from already deployed scenario, current and historical 

market forecast data derived from market modeling tools or 
reports mostly available through thirds parties.  

We next briefly discuss a framework, which could be used 
as a reference to generate user profiles for various services. A 
similar model has also been studied in the context of 3G 
networks in [2]. The process of evolving service profile can be 
broken down broadly into three phases: 

Phase 1: Categorize the applications or service types for 
which service profiles needs to be generated.  

Phase 2: Identify the class of users the service is targeted for. 
For this we broadly classify the population of a region broadly 
based on properties like user behavior, user expectations and 
service criticality requirements, one such classification could 
be, Residential, Enterprise and Small/Medium Business 
Enterprise. The classification is considering the fact that the 
type of usage through the day and hence the aggregate user 
activity by each type of the user population belonging to the 
different user type would be different from one another.   

Phase 3: In the third phase, for each type of user population 
identified in the previous step, user profile influencing service 
factors like demography, age/gender, week/time of day, 
market forecast, media type, network context, contact type, 
terminal type, transmission mode are applied in order to 
understand the user behavior and expectations from which 
user demand and SLA profiles can be characterized. 

E.  Step 5: Traffic Demand Characterization 
The goal in this phase is to understand the statistical 
characteristics of a given service type, and abstract it in terms 
of appropriate statistical distributions which is then used to 
derive its aggregate demands using the user demand profile 
information derived in the previous step. Traffic 
characterization in the context of packet networks entails the 
study of traffic statistics of different application types and 
derive their statistical models to describe its behavior.  

Several research studies are available that characterize well 
known application like VoIp [3], Video [4], and Internet data 
[5]. The packet and session distributions are usually derived 
through statistical means by understanding the long and short 
time scale traffic characteristic. Once an understanding of the 
traffic characteristics has been established, the next step is to 
derive the set of traffic descriptors that could be used in the 
capacity planning and dimensioning process. Depending on 
the analytical or simulation framework applied in the 
dimensioning phase discussed next, few services may only 
require single source statistical description, while others may 
need statistical description of its aggregate behaviour. 

F.  Step 6: Network Capacity Planning and Dimensioning 
There are two main objectives of this phase.  We first 
determine the capacity required to support a given service at 
each aggregation point, based on the aggregate demand for a 
given service obtained from the previous phase, and the QoS 
constraints that need to be met, obtained from the QoS 
budgeting exercise (Step 3).  
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Capacity planning is a non-trivial problem as it has to be 
conducted considering several variables like QoS 
requirements, user service profile, future demand dynamics 
and the traffic management capabilities available at the ingress 
and egress of the aggregation points.. In general for a mesh 
network, the required link capacity is also a function of 
routing applied in the network domain. But in case of a access 
network, it can be abstracted as a tree topology with multiple 
levels of aggregation. Hence the problem is to find the 
marginal link capacity for each of the service type and the 
required link capacity at the aggregation points in the 
upstream and downstream directions because of asymmetric 
nature of the applications.  

The first step of link dimensioning is to determine the 
amount of offered load for each service type. At the bottom of 
the hierarchy, i.e the last mile, is the first aggregation point is 
the link that terminates at the user’s premise. In general, such 
a link carries traffic generated by a small number of active 
sessions. Packets from each session are classified with the 
appropriate service class. Each service class should be 
allocated bandwidth based on the maximum number of 
sessions a user can generate and the traffic characteristic. The 
aggregate link capacity requirement can be derived 
subsequently for higher levels of aggregation from the traffic 
load offered for each of the service types and the asymmetric 
characteristic from the first level of aggregation. This problem 
can be addressed applying notion like effective bandwidth as 
in [6]. 

G. Step 7 8: Control Knob Selection and Optimization 
Control knobs in general refer to the tunable parameters in the 
service, control and transport plane of the critical nodes 
identified in Step 2 belonging to different network segments 
to achieve desired QoS for a given service.  Here we limit the 
discussion to only those control knobs that affect the media 
path performance in the access network. The objective of this 
phase is twofold: To understand the relationship between the 
application impairments and the parameters occurring in the 
application and transport layer that affect an application’s 
QoS; To identify the set of control knobs that can be used to 
realize the capacity dimensioning requirement (such as 
scheduling discipline and its configurations, media path 
affecting control protocol parameters) realized in the previous 
phase for each service type, to meet the end-to-end or access 
segment QoS requirements. Step 8 deals with optimizing these 
control knobs to meet operators business and user SLA 
objectives.

H. Step 9: Traffic Monitoring 
In this step the operator considers the strategies and 
framework for monitoring the services for its adherence to the 
SLA requirements, and taking remedial action in case of any 
violations. Considering the complexity of this topic we do not 
discuss this further in this paper.  

We next discuss a case study of applying the top-down 
framework in the context of a fixed WiMax deployment. 

III. APPLYING TOP-DOWN MULTIMEDIA FRAMEWORK TO 
WIMAX

WiMax is backed by two important standards: 802.16-2004 
[7] and 802.16e-2005 [8]. [7] enables fixed wireless 
broadband service operating in both Line-Of-Sight (LOS) and 
Non-LOS mode, while [8] is a corrigendum of [7] to improve 
user mobility. Complementing IEEE 802.16 standard is the 
activity of the WiMax forum which has multiple working 
groups responsible for proposing frameworks and solutions to 
address end-to-end network functions across multiple 
providers. Current research efforts in 802.16 have mainly 
concentrated on the last mile topics related to resource 
management techniques and optimization problems in the 
MAC layer.  [9] [10] and references therein gives a good idea 
of the work till now in these areas. Only a few researchers 
have studied the problem of understanding WiMax 
engineering requirements in an end-to-end context. In [11] the 
authors study the problem of enabling video broadcast while 
focusing on the MAC layer enhancements to improve video 
delivery and resource usage. Our goal in this section is to 
show the application of the Top-Down MM framework in the 
context of WiMax assuming a set of Subscriber Station (SS) 
in a fixed or nomadic mode. To study the validation process 
we assume that the WiMax Service Provider (WSP) is 
interested in deploying three multimedia services: VoIp, 
Interactive Gaming and Web Browsing. In the subsequent 
sections, we show the applicability of Steps 1-7 of the Top-
Down MM framework in a WiMax context discussed in 
Section 2.  

A.    Step1: Determining Application End to End QoE/QoS 
Requirements 
The goal in this step is to understand the QoE/QoS 
requirement of services in a WiMax context considering 
service’s contextual and non-contextual properties. The QoE 
requirements for the applications have been derived from an 
internally developed QDM tool and references from standard 
bodies like WiMAX Forum [12].  Table 3.1 summarizes the 
in-session QoE and media path QoS requirements for fixed 
case deployment of VoIp, Interactive Gaming and Web 
Browsing over a WiMAX access. The ‘N.A’ in the QoS 
column indicates a lack of conclusive data for the 
corresponding service type. The (P) and (A) qualifiers in the 
table refers to Preferred or Acceptable targets as was 
introduced in Section 2 (A). 

Table: 3.1: End to End targets for Voice, Gaming and Web
Browsing
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B.  Step2: Network Topology Considerations
In this step we understand the end-to-end network scenario 
and the important network elements associated with different 
services in the context of a media path in a WiMax context. 
Understanding the end-to-end topology also enables one to 
conduct a path analysis considering specific requirements 
such as ability of nodes or network segments to meet the QoS 
requirement for a given service. To aid the discussion we 
consider an end-to-end scenario whose functional 
decomposition has been referred from WiMax forum [13]. 
Fig. 3.2 shows the end-to-end scenario for WiMAX access 
with the critical service affecting network elements relevant in 
the case of either a fixed or a mobile WiMAX deployment. 

 To illustrate a path in Fig. 3.2, a VoIp call initiating from 
the WiMax access will traverse through the Base Station (BS), 
Aggregation Router border node in the Network Access 
Providers (NAP) domain to a Home Agent in the Network 
Service Providers (NSP) domain and through appropriate 
media gateways before terminating in a destination access 
network. Also depending on the distribution of functions like 
mobility, the media path may vary. We next summarize the 
key functions of the important nodes with impact on 
application performance for the scenario shown in Fig. 3.2. 

Terminal: The terminal or the SS is either a fixed or mobile 
end device. Each application supported by the terminal would 
have its application layer requirements and its expectation 
from the layers below for it to meet its QoS requirements. The 
application layer requirements whether real or non-real time 
would depend primarily on the type of media components of 
the application the user interacts with. For instance, real time 
applications involving interactive components like voice and 
video will have more stringent requirements with respect to 
both application layer like the codec properties and transport 
layer requirements in terms of QoS requirements. To meet 
these requirements terminal properties in terms of processor 
requirements, memory, appropriate codec settings, scheduling 
discipline, queue sizing, de-jitter buffer size  have to be 
considered as they have significant impact on the QoE of a 
service.

Base Station: All the mobile or fixed SS within a cell radius 
are managed by a BS. The BS implements all the key resource 
management functions both in the MAC and PHY layers 
hence controlling the available resource in the Up Link (UL) 
and Down Link (DL) directions. The key media path functions 
executed by the BS includes: Radio Resource Management, 
Call Admission Control, Packet Scheduling and Connection 
Management. Application performance in the last mile is 
highly dependent on how these functions are used to satisfy 
the QoS requirement in the context of a given service.  

Aggregation Router: This is a first aggregation point where 
traffic from multiple BS nodes aggregate before forwarding it 
to the backhaul access network. An important QoS function in 
this node is to enforce QoS functions associated with different 
application sessions as determined during the time of session 
setup to enforce the SLA requirements of the service. This 
would also entail the need for appropriate mapping of the QoS 
service class properties supported on the 802.16 interface to 
the QoS properties in the wired backhaul of the network, like 
the choice of DSCP marking and traffic prioritization when 
the flows are forwarded towards and from the access network.   

ASN Gateway: The Application Service Network (ASN) 
gateway handles the ASN functions [13] which include 
control, data and service plane functions related to 
provisioning and managing users in Network Access 
Providers (NAP) domain and acting as a proxy to both BS and 
the SS to seek services from the Network Service Provider 
(NSP). Some of the key functions of the ASN gateway 
include: Service Flow Management and Authorization, Traffic 
Management, Mobile IP functions related to handover while 
meeting delay thresholds and preserving service flow 
properties.  The ASN-GW functions can also be categorized 
as Policy Enforcement or Policy Decision (PEP/PDP) 
functions imposed either in the bearer or the control plane.  
With respect to the media path, ASN-GW handles several 
traffic management functions like enforcing QoS policies like 
admission control, traffic prioritization, scheduling and rate 
shaping on per service class or on a subscriber basis. Another 
important function handled by the ASN-GW is that of 
mobility related to inter and intra-ASN mobility, for which the 
handoff delay and packet loss during the transition are very 
critical performance metrics. 

CSN Gateway:  The Connectivity Service Network (CSN) 
gateway which handles the CSN functions is part of the NSP, 
and provides connectivity to other domains like the Internet, 
Application Service Provider (ASP) and to other access 
networks. To the SS, it provides Layer 3 (IP) services like: IP 
address allocation and configuration management; secure 
tunneling and mobility by playing the role of a Home Agent; 
management layer services like AAA, billing, and inter-
operation settlement to the NAPs. CSN gateway is also 
another point of QoS PEP and PDP where its functions also 
includes service authorization and admission control of the 
SS. As part of its data gateway function it enables access to 
services by enabling connectivity to neighboring network 
domains hence responsible for applying appropriate QoS rules 
in terms of packet marking at domain demarcation point. In 
addition, the CSN-GW also handles the functions related to 
inter-NSP call handoffs. 

C. Step 3: Impairment Budget Allocation 
In the following section we summarize the results of end-to-
end delay budgeting for VoIp and Interactive Gaming service 
for a fixed SS WiMax scenario. Before discussing the results 
of the budgeting excercise, following are the assumptions 
made to account for the fixed delay components as discussed 

Figure 3.2: WiMax Network Topology 
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in Step 3 of Section II. These fixed delay assumptions in the 
context of WiMax have been referred literature from industry 
and academic sources. 
� We assume that WiMax is operated in a TDD multiplexing 

mode with a frame size of 5ms. Hence a minimum frame 
transmission delay of 5ms is assumed between the SS and 
the BS. This delay also accounts for the delay a MAC PDU 
encounters waiting for bandwidth grant opportunity to 
transmit in the UL to the BS. Further, depending on the 
type of application and its mapping to a given WiMax 
scheduling service class type, additional delay assumptions 
because of the control plane overhead is made during the 
budgeting process. 

� As user mobility is not being considered, ASN-GW and 
CSN-GW is assumed to contribute to only fixed switching 
and processing delay. The fixed processing and switching 
delay at the gateways is assumed to be 0.1ms. 

� A propagation delay of 5µs/km has been assumed to 
compute the total propagation delay across a network 
segments. We also assume that the NAP and the NSP 
network are of national scale with a maximum network 
width of 5000Km and maximum number of hops in the 
longest path to be 20 hops. 

The end-to-end delay targets for VoIp and Gaming used for 
budgeting is referred from Step 1 in Section III(A). As the 
goal of the budgeting analysis is to study the worst case 
scenario, we assume the most constrained destination access 
network technology as the B-Access segment for VoIp and 
Gaming scenarios discussed next. 

1) Voice Service Budgeting 
For the purpose of budgeting, we assume a case where the 
VoIp traffic is G.711 encoded with 10ms voice packet size 
with Voice Activity Detection (VAD) enabled. We assume 
that the VoIp flow is mapped to Extended Real Time Polling 
Service (ErtPs) [8] service class. ErtPs tries to optimize 
bandwidth usage by updating BS of its bandwidth needs 
periodically. In addition to the 5ms MAC delay, an additional 
fixed delay of 10ms is assumed to account for this control 
message exchange required between the SS and the BS.  

The end-to-end scenario assumed is an SS in session with a 
subscriber in a cellular network based on either GSM or 
CDMA. Because of the mobility factor of the destination SS 
we budget for an acceptable delay target of 250ms. A 
CDMA/GSM access (B-Access) network is typically 
engineered to achieve a target access delay of 115ms, leaving 
a delay budget of 135ms for the NAP (A-Access) and NSP 
(Core) network segments. Fig 3.3(a) shows a detailed 
budgeting of 135ms over the NAP and the NSP network 
segments. Fig 3.3(a) shows the UL and DL fixed and variable 
delay components corresponding to network elements of the 
access segment as a result of applying the budgeting algorithm 
discussed in Section 2(C). Considering a 135 ms budget, we 
observe that after accounting for the fixed delay components, 
the variable delay margins is 23ms in the UL and 60ms in the 
DL. This also indicates a feasibility of much tighter end-to-
end delay than the assumed 250ms as a possibility. 

2) Interactive Gaming Budgeting 
A variety of gaming applications exists with different traffic 
characteristics. For this paper we consider a popular type of 
action oriented game called as Quake-2 [14]. The one way 
target assumed for budgeting analysis, from Step 1, is 150ms. 
The UL and DL connection bandwidth handling the gaming 
traffic is assumed to be symmetrical at 25Kbps. Here we 
assume that the gaming session is mapped to Real Time 
Polling Service (RtPs) [9] scheduling class. In RtPs type of 
scheduling, the BS awards unicast polls to the SS to request 
bandwidth for its backlogged traffic. To account for this delay 
we assume a control protocol overhead of two frame duration 
of 10ms. The gaming server is assumed to be connected to the 
Internet. The symmetrical delay budget assigned to the 
Internet is 50ms. Fig 3.3 (b) shows the fixed and the variable 
latency budgets in the upstream and downstream directions for 
a delay budget of 100ms spanning the NAP and the NSP. 
From the budgeting analysis we see that 100ms delay target 
for the access allows a reasonable variable delay margin of 
13ms and 31ms in the UL and DL directions on the WiMax 
access link. 

The latency bounds thus derived for VoIp and Gaming 
services for the UL and DL WiMax hop will be used as 
thresholds in Step 7 where operating regions will be derived 
for Service Flow Parameters [8] of the service class these 
applications are mapped to. 

D. Service Profile Characterization 
As discussed earlier in Section 1.4, the output of this step is to 
establish guidelines to characterize subscriber service profile 
that consists of two important definitions: User demand 
profile and SLA characterization. We discuss this step in the 
context of VoIp, Gaming and Web Browsing service with 
reference to the factors mentioned in Section 2(D): 

VoIP: The following are the key variables to be considered 
when creating VoIp service profile: Total number of VoIp 
subscribers classified by the type of consumer (as in 
Residential, Enterprise, Small Medium Buisiness); Data on 
percentage of user sessions on a diurnal basis for each of the 
applicable subscribe type; Network context classification in 
terms of percentage of source and destination type calls 
initiated by the subscribers such as mobile-to-mobile, mobile-
to-fixed etc.  

To determine SLA characterization, in addition to the above 
mentioned factors, other factors that should be considered are: 
Service QoE metric that the provider intends to achieve in 
terms of subjective metrics as in R-factor or MOS score; 
Transport plane QoS requirement in terms of Delay, Latency 
and Jitter requirements that needs to be met. In this context, in 
a heterogeneous network environment it may not be practical 
to enforce end-to-end QoS. In this case budgeted QoS 
requirement for the WiMAX access would be more practical 
target to achieve. 
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Gaming: User demand profile in this case should consider 
factors like: Classification of population demography in terms 
of adult versus young population accessing the gaming 
services; Activity in terms of number of gaming sessions 
initiated during a day for each application type depending on 
the population segment; Classification of user session in terms 
of type of the gaming application as in action oriented, 
strategy based etc [14]; Consideration of user terminal 
properties  in   terms of   processing   ability   and    memory  
considerations and protocols involved in enabling the online 
applications. 

In addition to the above factors the SLA requirements 
should include: Classification of the games in terms of those 
that have real time requirements versus non-real time 
requirements; Further, determining the appropriate QoE 
requirements for each game type in terms of latency and 
packet loss, either on an end-to-end or the access segment to 
meet the user’s QoE requirements. 

Web Browsing: Factors that should be considered to profile 
user browsing are: Break down of type of subscriber 
population as percentage of youth versus adult; Total number 
of subscribers accessing the Internet and the peak user session 
times of the day; Since browsing involves accessing several 
applications, further classification in terms of browsing 
application types like video/music streaming, P2P sessions 
and HTTP based browsing; Terminal characteristic and web 
browsing protocols enabling subscribers access to the Internet. 

In terms of SLA characterization, since the set of 
applications under this category is generally treated as a best-
effort service, QoE expectations in terms of response times 
expected by subscribers is an important design criteria. 
Further this class of applications is often subjected to 
oversubscription, which should also be chosen so as not to 
violate the expected user response time during peak load 
conditions.  

E. Step 5:Traffic Demand Characterization 
In this step we capture the packet and session traffic 
characteristics of a single traffic source. The summary of the 
traffic    characterization   is   shown in Table 3.4, they have    
been mostly referred from [14] and other literature sources. 
We discuss these characterizations briefly in the context of 
each application. 

VoIp: VoIp traffic characterization depends on the choice of 
voice encoder and its settings related to voice sampling rate, 
voice frame size, transport protocol overhead and ability to 
mitigate voice impairments. The two well known encoders 
applied in the context of WiMax are G.711 and G.729. The 
encoders can be operated in two modes with or without Voice 
Act Detection (VAD) or Silent Suppression (SS). The non-
VAD mode of operation is normally chosen to simplify 
resource provisioning of VoIP service. When SS is enabled, 
the encoder allows better bandwidth utilization by improving 
the statistical multiplexing gain between voice flows. The 
voice flow in this mode is characterized using the ON/OFF 
session distribution. The packet and session distribution for 
G.711 with VAD enabled is shown in Table 3.4. 

Gaming Applications: For gaming service we present traffic 
source model of a popular action oriented form of multi-player 
online game called as Quake-2. Online games mostly use 
UDP as the transport layer mechanism because of its stringent 
latency requirements. Gaming traffic is typically characterized 
by its high periodic nature between the clients and the server. 
This is so to keep the client updated with the continuous 
changing state of the game and keep the clients synchronized 
as much as possible.  

Web Browsing: Considering the nature of a browsing session 
and bursty web traffic, characterizing it accurately requires 
one to characterize several components of the browsing 

Figure 3.3 (a b): Fixed Variable Delay Budgets for VoIp and Gaming Service  

APPout APPin UPout DWin UPOUT DWin UPout DWIN UPout DWIN UPout DWIN UPout DWIN UPout DWIN

Link Speed 25000 N/A 1E+09 25000 1E+09 1E+09 1E+09 1E+09 1E+09 1E+09 1E+09 1E+09 1E+09 1E+09
# of user 1 1 1 1 1 1 1 1 1 1 1 1 1 1

Fixed 16.10 1.10 0.00 N/A 10.00 7.00 0.10 0.10 26.51 26.52 2.00 2.00 26.51 26.52 2.00 2.00

Variable N/A N/A 13.37 N/A 0.10 31.46 0.10 0.10 1.50 1.50 0.10 0.10 1.50 1.50 0.10 0.10

End-Device N/W Access ASN-GWNAPBS Aggregation Router  NSP CSN-GW

                  L2/L3 IN OUT IN OUTOUT IN OUT           L2/L3 IN N INOUT OUTOUT

APPout APPin UPout DWin UPOUT DWin UPout DWIN UPout DWIN UPout DWIN UPout DWIN UPout DWIN

Link Speed 96000 N/A 1E+09 96000 1E+09 1E+09 1E+09 1E+09 1E+09 1E+09 1E+09 1E+09 1E+09 1E+09
# of user 1 1 1 1 1 1 1 1 1 1 1 1 1 1

Fixed 41.10 7.10 0.00 N/A 10.00 7.00 0.10 0.10 26.53 26.53 2.00 2.00 26.52 26.52 2.00 2.00

Variable N/A N/A 23.35 N/A 0.10 60.45 0.10 0.10 1.50 1.50 0.10 0.10 1.50 1.50 0.10 0.10
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process as shown in Table 3.4. Several traffic 
characterizations have been proposed by researchers since the 
early publication in [5]. The distribution shown in Table 3.4 is 
one of the latest one from 3GPP which has been referred from 
[12].  

F.  Step 6: Capacity Planning for VoIP, Gaming and Web 
Browsing 
The previous two steps on understanding the user profile and 
the traffic source model are the inputs in this phase to 
determine the aggregate offered load for a given type of 
service. Considering the bottleneck of the WiMax hop we 
focus here on understanding the aggregate capacity 
requirements in the last mile when multiple Subscriber 
Stations (SS) seek services simultaneously. The UL and DL 
estimates are required because of asymmetry associated with 
most of the multimedia applications in access networks today. 
The goal in this step is to understand the aggregate traffic 
offered by each of the service types with increasing number of 
subscribers, which in combination with user demand profile of 
each service type can be used to determine the capacity 
requirements at peak times of the day.  

We analyze the traffic offered using simulation analysis 
using OPNET [15]. The simulation topology used for the 
study is shown in Fig. 3.5 which is similar to the network 
topology discussed in Section II (B).  The scenario has 
multiple SS being served by a single BS, with the traffic 
backhauled to an access network. The PHY is set up to 
operate with bandwidth of 20 MHz in TDD mode, with a UL-
DL frame size of 5ms. All the SS are set to use the same 
Modulation and Coding scheme. On the WiMax interface, the 
VoIp service is mapped to ErtPs service class, Gaming to RtPs 
service class, and Web Browsing to NRtPs class of service. 
The packet and session characteristic is referred from the 
previous step. The number of subscribers is varied from 1 to 
100, and the aggregate UL and DL offered load on the system 
was observed. Fig. 3.6-3.8 shows maximum  offered load 
corresponding to VoIp, Gaming and Web Traffic.  

The number of SS for which the traffic has been estimated 
is constrained by the available UL capacity determined by the 
PHY layer settings. VoIp traffic load is expected to be 

symmetrical hence aggregate UL is almost same as DL 
directions as seen in Fig 3.6. With respect to gaming traffic as 
single source mean UL bit rate is greater than the DL traffic, 
we see in Fig. 3.7 that the ratio of aggregate peak UL load to 
the DL load is in the order of 2 as observed in Fig 3.7. Web-
browsing traffic shown in Fig 3.8, as expected is the most 
skewed of the three. The average ratio of the peak aggregate 
DL to the UL traffic was observed to be extremely high, in the 
order of 25, and may not necessarily increase monotonously 
like VoIp or Gaming service with the increasing number of SS 
because of its bursty nature.

In a WiMax context, in addition to the capacity requirement 
because of load offered by the services, overhead because of 
the scheduling service class and MAC/PHY layer overhead 
should also be accounted for before arriving at the final 
capacity requirements. The overhead gets particularly 
significant for large number of SS.  

Figure 3.5: Simulation Scenario 
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Figure 3.6:  Aggregate UL/DL VoIp Traffic Load 
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Figure 3.7:  Aggregate UL/DL Gaming Traffic Load
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Table 3.4: Packet and Session Traffic Demand Characterization

OFF : (Thinking Time): Exponential 
(Mean :30s)

No  of Pages/Session: LogNormal(17,22)

Page Request Size(B): Constant(350)

No  of objects/Page: LogNormal (39.9, 23.55)

Main Page Size (B) :Exponential (48302) shift 
=+4978
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Packet Size (B): Mean (44B), Distribution: 
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G. Step 7: WiMax Control Knobs Analysis 
The objective of this step is to understand the controllable 
parameters in the MAC layer of the WiMax access segment 
and determine their optimal operating range to meet user’s 
QoS requirement and to optimize resource usage. Though 
several control knobs parameters exist in an end-to-end 
scenario, WiMax link being the most resource constrained 
requires special attention. To understand the affect of the 
MAC control parameters on the service, we use the latency 
budgets derived in Section III(C) in this step for our analysis. 
For VoIp and Gaming, we use the thresholds for the WiMax 
UL delay budget. For web-browsing page response time from 
Step 1 is used to study the engineering requirements.  

802.16  is based on a connection oriented paradigm, where 
each IP flow is mapped to a service flow definition in the 
MAC layer which is then further mapped to a pre-established 
connection with provisioned QoS requirements. In order to 
satisfy the QoS property of the accepted service flows, service 
class definitions have been proposed in [7]. The service 
classes defers from each other in terms of the way the spectral 
resources are granted for UL transmission and the QoS 
guarantees it provides to the service flows in terms of 
bandwidth, delay, latency and jitter guarantees. Fig 3.9 shows 
the scheduling service class parameters of each application 
type and the control knob parameters we analyze in this step 
for each type of service. These metrics were chosen 
considering the tunable parameters of each service class in the 
BS scheduler implementation in OPNET. OPNET implements 
a hierarchical based UL scheduling scheme where resources 
are prioritized by first satisfying the bandwidth required by 
UGS and ErtPs connections satisfying its Maximum 
Sustainable Rate. The remaining capacity serves the RtPs and 
NRtPs based service flows using Weighted Round Robin 
(WRR) scheduling discipline weighted by their Maximum 
Sustainable Rate and Minimum Reserved Rate. The output of 
WRR policy and the left over capacity is contended by the 
Best Effort connections using a priority queuing mechanism. 

We study this step using simulation analysis where the 
network topology is same as that shown in Fig. 3.5, with PHY 
settings also similar as that mentioned in Section 3(F). 

1) Control Knobs Analysis for VoIp 
The VoIp on the SS is enabled using G.711 encoder with 
VAD, with the connection mapped to  ErtPs scheduling class. 
We study in particular the affect of varying Minimum 
Sustainable Rate (MSR) and the Unsolicited Grant Interval 
(G) and understand the operating range of these values to 
guarantee a VoIP connection to meet WiMax segment UL 
delay target. To determine the optimal operating setting we 

use the upper bound delay obtained from the budgeting 
process in Section III(C). The threshold includes the fixed and 
variable UL delay components which includes the delay 
accrued from the moment a VoIp packet is handed over to the 
MAC in the SS to when it is received by the MAC in the BS. 
These delay components sum to 40ms. A parameter that is 
derived from the MSR and G is the Grant Size (GS), which 
indicates the bandwidth in terms of number of bits that has 
been allocated in the UL as part of the periodic grant awarded 
by the UL scheduler of the BS to the SS.   

To determine the appropriate configurable value for MSR, 
we go by definition of MSR in [7], which is defined as the rate 
at which the application SDU is injected into the MAC layer. 
By this definition, for G.711 with 10ms voice frame size and 
with IP/RTP/UDP overhead is 96Kbps. Fig. 3.10 shows the 
affect of UL delay performance by decreasing MSR. From 
Fig. 3.10 we observe that reducing the MSR beyond a certain 
threshold increases the delay exponentially, exceeding the 
desirable UL delay threshold. From the simulation we observe 
that setting MSR in the range of 96-85Kbps had no affect on 
the end-to-end delay performance. As VoIp traffic has a CBR 
nature during the ON period, setting MSR to the maximum 
SDU rate of 96Kpbs would be the recommended setting, but 
the ability to set it to lower values with no degradation to 
voice quality would depend on scheduler implementation 
properties.  

Fig. 3.11 shows the performance of the UL delay when the 
unsolicited grant interval G is increased. The grant interval in 
an ideal situation should be set to the voice packet duration 
setting of the voice encoder. With this setting the grant size 
GS awarded to the SS at intervals of G would be equal to the 
desired SDU size of 120B which can also be determined by 
the relationship GS= )( 8

)(*)( sGbpsMSRceil . Hence for G.711 
with voice frame size of 10ms, G should be set to 10ms. Fig. 
3.11 shows the delay performance when G is varied. With 
increasing G, the scheduler will automatically increase the 
grant size GS to achieve MSR. Though GS increases, 
increasing G will increase delay of a VoIP packet at the SS as 
the delay between the grants allocated by the BS in the UL for 
the VoIp connection increases. This increase in delay can be 
observed in Fig. 3.11. From Fig. 3.11 we also observe that 
setting G to 20ms is a feasible setting which does not violate 
the delay bound. The gain achieved by setting G to a higher 
value is the reduced MAP [7] control overhead, which was 
noted to decrease by 1.5% when G is set to 20ms instead of its 
default value of 10ms. 

Figure 3.9: MAC Control Knobs for VoIp, Gaming, and Web browsing 
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Figure 3.10: Delay Performance with Varying MSR (VoIp) 
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2) Control Knob Analysis for Gaming 
As interactive gaming has real time QoS requirements and 
considering its variable nature of the source traffic, it is 
mapped to RtPs class of scheduling service. Here we study the 
behavior of the delay performance by varying parameters of 
the RtPs scheduling service which are: Maximum Sustainable 
Rate and Unsolicited Polling Interval (P.I). For a service flow 
mapped to RtPs class, the P.I is either set explicitly or it can 
be derived by the MSR and UL SDU (UL SDU) setting as 
P.I= )( )(

)(_
bpsMSR

bSDUULceil . The UL SDU represents the 
maximum SDU size anticipated from the SS to the BS for the 
corresponding established connection. 

RtPs polling results in additional UL polling bandwidth 
overhead which is inversely proportional to P.I and directly 
proportional to the MSR setting. Hence improper value of 
MSR or P.I could lead to wastage of precious UL bandwidth 
resource. We analyze the behavior of varying MSR and P.I 
and its affect on delay performance in the context of Quake-2 
gaming application applying the traffic model as discussed in 
Section III(E). To study the performance, we use the  UL 
delay threshold analyzed in Section III(C) of 30ms.  

Fig. 3.12 shows the UL delay performance by varying 
MSR. Decreasing MSR increases the duration between poll 
arrivals at the SS which increases queue size hence the delay 
of the MAC PDUs in the SS. This causes UL SS to BS delay 
to increase. We also see that setting MSR to a value less than 
15Kbps causes the UL delay to exceed the UL delay budget. 
15Kbps also corresponds to the peak UL gaming traffic rate.  

The delay performance when P.I is varied can be observed 
in Fig. 3.13. Increasing Polling Interval increases the queuing 
delay of packets at the SS hence increasing the total delay for 
a packet to be transported from SS to the BS. From the figure 
we see that, after a certain threshold of 50ms, the delay begins 
to decrease, this is because of the corrective logic applied by 
the scheduler that checks for any erroneous configuration of 
the MSR, P.I and UL SDU values by enforcing the rule 
MSR� )( )(.

)(
sIP

bSDUULceil .  From the simulation it can be 
observed that the P.I for the gaming application studied can be 
set in the range of [10, 20]ms without violating the delay 
requirement. 

To summarize setting appropriate MSR and P.I 
appropriately is very crucial towards reducing control 

overhead hence achieving better spectral utilization and 
meeting the access delay requirement. 

3) Control Knob Analysis for Web Browsing 
The performance metric we use to measure performance of a 
browsing session is the page response time. This duration 
includes the time between when a SS requests a web page to 
the time when all the objects in the page has been received at 
the SS. The page response threshold we use for the analysis is 
4s. We study the performance of the page response time by 
varying the Minimum Reserved Rate (MRR) and the Polling 
Interval for the UL traffic. Fig. 3.14 shows the performance of 
page response time by varying MRR. As expected the 
connection delays increase with decreasing MRR. But the 
response time does not increase proportionally to decreaseing 
MRR, this is because of the traffic being delayed at the SS is 
mostly the UL control traffic of the TCP sessions. Similar to 
RtPs service class, determining appropriate MRR is important 
with NrtPs service class as well, since the polling process 
incurs bandwidth overhead which is directly proportional to 
MRR and inversely to P.I.  

Fig. 3.15 compares the response time with P.I. For this 
scenario MRR is set to 15000Kbps and UL SDU to 350B. 
From the simulation we observed that increasing P.I increases 
the delay of the TCP session messages at the SS, increasing 
the page response time. We also observe that the delay 
decreases when P.I is greater than 175ms, this is because of 
the check with respect to MRR, P.I and UL SDU that the 
scheduler performs to ensure any configuration errors, and 
hence defaults to the expected value to meet the MRR. The 
graph also shows a significant feasible range of P.I setting 
ranging between [30-150]ms before the page response time 
threshold is violated. 

Figure 3.11: Performance with Varying Unsolicited Grant Interval 
(VoIp)
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IV. CONCLUSIONS

With increasing deployment of real and non-real time 
multimedia services in broadband access networks, resource 
management of the scarce access resource to meet user QoE 
expectation becomes very critical. The Top-Down multimedia 
framework tries to achieve this objective in a methodical and 
comprehensive manner, and is applicable in the context of 
both wired and wireless access network. To show the 
applicability of this framework we studied the application of 
Steps 1-7 of the framework in the context of a WiMAX 
service provider enabling VoIp, Interactive Gaming and Web-
Browsing services. The case study discussed the delay 
budgeting analysis with respect to VoIp and Gaming services 
which enables one to obtain engineering thresholds for 
capacity planning and control knob analysis. We studied the 
capacity requirements with respect to the load offered by the 
services with increasing number of SS from which initial 
capacity requirements can be derived considering the 
requirements of the user service profile. As part of the control 
knob analysis, UL delay performance of VoIp, Gaming and 
Web-Browsing was studied by varying service class specific 
control knob parameters to ensure delay performance to meet 
UL delay budget requirement and optimize usage of available 
spectral resources.

For VoIp service mapped to ErtPs, we observed that the 
MSR is recommended to be set to their peak SDU IP flow rate 
of the voice flow which includes RTP/UDP/IP overhead, 
while the Grant Interval could be set to twice its default value 
of voice frame size and still have satisfactory delay 
performance. In the case of Gaming mapped to RtPs service 

class, we first noted that setting of MSR and Polling Interval 
will vary depending on the type of gaming application. For the 
Quake-2 studied in the case study, the appropriate value of 
MSR was noted to be in the range of the UL peak load rate of 
the gaming application, and the Polling Interval was noted to 
be in the range of [10-20]ms, which is half of the mean inter-
arrival time of the packets from the gaming client to the 
server. In the case of Web Browsing, the performance of page 
response delay was studied by varying the Minimum Reserved 
Rate and Polling Interval. Considering that UL traffic is 
dominated by TCP control information, a good approximation 
for MRR would be to set it in the range of   [10-15]Kbps 
which is about half the peak UL rate of the TCP traffic, while 
the range for the Polling Interval was found to have a wide 
feasible range of  [30-150]ms without violating the acceptable 
page response time of 4s. 
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Testing the IQX Hypothesis for Exponential
Interdependency between QoS and QoE of Voice

Codecs iLBC and G.711
Tobias Hoßfeld, David Hock, Phuoc Tran-Gia, Kurt Tutschku, Markus Fielder

Abstract—Given the growing importance of quantitative rela-
tionships between user-perceived Quality of Experience (QoE)
and network Quality of Service (QoS), this paper investigates
the IQX hypothesis for two voice codecs, iLBC and G.711. This
hypothesis expresses QoE as an exponential function of QoS
degradation. The experiments are carried out in a controlled
environment using the softphone SJPhone, the network emulator
NIST Net, and a tool calculating the PESQ (Perceptual Evalua-
tion of Speech Quality) from sent and received audio files. The
IQX hypothesis is confirmed exactly for disturbances perceived
on applications level, packet loss and packet reordering, which
clearly correlate to the main sensitivities of the used softphone
to packet-level disturbances such as loss, jitter and reordering.
So, besides of providing a unified relationship between QoE and
QoS, the IQX also proved to be capable of identifying the QoS
parameters of relevance for QoE degradations. The study also
points out interesting tracks for future work in terms of QoS
degradations and related QoE evaluations.

Index Terms—IQX hypothesis, QoS and QoE measurements,
VoIP, iLBC, G.711, network emulation, NIST Net.

I. I NTRODUCTION

USER satisfaction with application and service perfor-
mance in communication networks has attracted in-

creased attention during the recent years. The interest in
how the user perceives usability, reliability, quality and price-
worthiness as a means of competition is increasing. The
network and service providers need to be able to observe
and react upon quality problems, at best before the customer
perceives them.

The notion of QoE was introduced in several white papers,
mostly in the context of multimedia delivery like IPTV.
Besides of objective end-to-end QoS parameters, QoE focuses
on subjective valuations of service delivery by the end users.
The necessity of introducing QoE can be explained on the
example of VoIP. A voice user is not interested in knowing
performance measures like packet loss or received throughput,
but mainly in the experienced speech quality and timeliness
of the connection setup.
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There is however still a lack of quantitative descriptions
or exact definitions of QoE. One particular difficulty con-
sists in matching subjective quality perception to objective,
measurable QoS parameters. Subjective quality is amongst
others expressed throughMean Opinion Scores(MOS) [1].
Links between MOS and QoS parameters exist predominately
for packetised voice such as VoIP. Numerous studies have
performed measurements to quantify the effects of individual
impairments on the speech quality on a single MOS value
for different codecs, for example G.729 [2], GSM-FR [3],
iLBC used by Skype [4], or a comparison of some codecs [5].
Additionally, the E-model [6] and related extensions [7] assess
the combined effects of different influence factors on the voice
quality. In [8], the logarithmic function is selected as generic
function for mapping the QoE, there denoted as user level
QoS, from a single parameter because of the mathematical
characteristics of the logarithmic function.

In this work in contrast, we motivate a fundamental re-
lationship between the QoE and quality impairment factors
such as packet loss or jitter. As an analytical solution of this
relationship between QoE and QoS, we formulated the IQX
hypothesis (exponential interdependency of QoE and QoS) in
[9] which will be briefly reviewed in Section II.

After that, the hypothesis is tested for two different voice
codecs, iLBC and G.711. Using a common VoIP application
supporting both voice codecs, we conducted a set of mea-
surements to describe the QoE in terms of mean opinion
scores (MOS) depending on QoS parameters. In our test bed,
we are able to control the network conditions and to inject
for example packet loss or jitter. Packet traces are captured
to measure the QoS parameters. The received audio signals
are compared to the originally sent audio signals, the PESQ
(Perceptual Evaluation of Speech Quality) is calculated and
mapped to MOS as QoE indicator.

The goal of this work is to further quantify the relationship
between QoE and QoS impairment factors. In particular, we
investigate the impact of uncorrelated and correlated delay
and jitter, packet reordering, random packet losses, and bursty
losses. We test the IQX hypothesis, i.e. the exponential in-
terdependency between QoS and QoE, and show that we can
confirm the hypothesis when appropriate metrics to describe
the QoS impact on application layer are chosen. Our method-
ology comprises measurements in a test bed with controlled
network conditions and optimal parameters of the mapping
function are retrieved using nonlinear regression techniques.
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This paper is organized as follows. In Sec. II, we briefly
review the IQX hypothesis which is fundamental for this
work. The applied methodology is illustrated in Sec. III which
includes the setup of the test bed, the computation of the QoS
and QoE parameters, and the derivation of the exponential
mapping function. Furthermore, we take a close look at the
used network emulator and check its functionality. The main
contribution of our paper will be in Section IV, where we
present our measurement studies and test the IQX hypothesis
for several QoS parameters in different scenarios. Finally, we
will conclude this paper with an outlook on future work.

II. T HE IQX HYPOTHESIS

The QoE can be expressed as a function ofn influence
factorsIj , 1 ≤ j ≤ n:

QoE = Φ(I1, I2, · · · , In) . (1)

However, in this contribution we focus on single influence
factors indicating the QoS, like the packet loss ratio, in order
to motivate the fundamental relationship between the QoE and
an impairment factor corresponding to the QoS. The idea is to
derive the functionQoE = f(QoS) with a single impairment
factor I = QoS.

In general, the subjective sensibility of the QoE is the more
sensitive, the higher this experienced quality is. If the QoE is
very high, a small disruption will decrease strongly the QoE,
also stated in [8]. On the other hand, if the QoE is already
low, a further disturbance is not perceived in a significant
way. This relationship can be motivated when we compare
with restaurant quality of experience. If we dined in a five-
star restaurant, a single spot on the clean white table cloth
strongly disturbs the atmosphere. The same incident appears
much less severe in a beer pub.

On this background, we assume that the change of QoE
depends on the current level of QoE – the expectation level –
given the same amount of change of the QoS value. Mathemat-
ically, this relationship can be expressed in the following way.
The performance degradation of the QoE with respect to a
certain QoS parameter, like packet loss, is∂QoE

∂QoS
. Assuminga

linear dependence on the QoE level, we arrive at the following
differential equation:

∂QoE

∂QoS
= −β̃ · (QoE − γ) . (2)

The solution for this equation is easily found as an exponen-
tial function, which expresses the basic relation of the IQX
hypothesis:

QoE = α · e−β·QoS
+ γ . (3)

Note that in this context the IQX hypothesis is formulated
with QoS as parameter reflecting the current objective service
quality that grows with the impairment. The higher the value
QoS, the lower the objective quality is. The higher the value
QoE, the higher the subjective quality is. In Eq. 3,QoS is
for example the packet loss ratio andQoE is described in
terms of MOS. In any other cases, the algebraic signs have to

adapted adequately in Eq. 3. In the limit,QoS → ∞, QoE
approachesγ from above.

III. M EASUREMENTSTUDY FOR TESTING THEIQX
HYPOTHESIS

For the investigation of the interdependency between QoS
parameters and the QoE for voice calls, we emulated various
network conditions, like packet loss or jitter. Therefore, a
testbed was installed in the Routerlab laboratory of the Uni-
versity of Würzburg. The setup of the testbed is described in
Sec. III-A. It allows a) to capture packet traces at the end
hosts, which is required to compute QoS parameters and b)
to capture the sent and the received audio signals required to
obtain MOS as QoE parameter. The definition and computation
of the applied QoS and QoE metrics in this work is given
in Sec. III-B. The main goal is to quantify the relationship
between QoS and QoE. In particular, we investigate whether
this relationship can be expressed by a simple exponential
function with appropriate parameters. The derivation of the
best parameters for a certain measurement scenario is done via
non-linear regression techniques by minimizing the residuals
observed as difference between the exponential model and the
measurement values. A short summary of the applied methods
for this optimization problem can be found in Sec. III-C.
The last paragraph of this section shows the results for the
verification of the measurement setup. In particular, we take
a closer look whether the standard network emulation tool
NIST Net correctly generates the desired network conditions,
i.e. packt loss, delay and jitter values, as well as autocorrelated
packet streams.

A. Testbed Setup

The general measurement setup is the following. The voice
user A sends audio data to voice user B via a network em-
ulating machine using UDP and IP on transport and network
layer, respectively. The audio data is an English spoken text
without noise of length 51 seconds, sampled at a rate of 8 kHz,
encoded with 16 bits per sample which is a standard audio file
for evaluating VoIP and available at [10]. In the following,
the used hardware and software of the measurement testbed
are explained. Detailed information on the hardware of the
used machines is given in Table I. An overview of the actual
versions of the software and the used operating systems can
be found in Table II.

1) Hardware Configuration:The measurement testbed is
set up in a local area network without any connection to the
Internet to avoid any noise or cross traffic. The testbed com-
prises two client machines for the voice communication, called
Katie and Salma, and a dedicated machine, calledDemeter,
for emulating the network conditions. The LAN is realized
with Ethernet and the voice client machines are connected
via crossover-cables to the emulation machine. Demeter has
an additional network interface that is used to control the
measurements remotely. Fig. 1 illustrates the measurement
setup and the IP address configuration. Katie and Salma are
located in different subnetworks and both use Demeter as
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routing gateway, hence, the complete traffic between Katie
andSalma can be influenced by Demeter, e.g. by introducing
additional delays or dropping IP packets.

Fig. 1. Measurement Setup

2) OS and Software:For our experiments, we use the
SJPhone VoIP application[11] for several reasons. First,
SJPhone implements different voice codecs, among others, the
iLBC and the G.711 voice codecs, in which we are interested
in this study. The software allows to explicitly use a specified
codec via the GUI or by adjusting a parameter file (in the
Linux version). Second, SJPhone is open-source software that
enables direct voice calls between any two hosts. Thus, the
end hosts do not need to register at any SIP server in the
Internet. The call initiator has to know the IP address of the
machine to be called and then the call is directly established
via SIP or H.323. The used session protocol suite can also be
configured via the parameter file. In our measurements, we use
direct SIP calls. Third, SJPhone can be controlled from the
command line and configured via parameter files without using
the GUI. This was a mandatory requirement to automate the
measurement process. As a consequence, the measurements
could be repeated many times to get statistically significant
data while reducing the human efforts for conducting the
measurements.

On the voice client machines, Knoppix Linux is used as
operating system. During the course of this work it has
been found out that conducting the measurement process with
SJPhone running on Windows makes the voice client machines
crash for some reasons. Additional software tools which are
used in the context of this work areaumix, play, sound-
recorder, andtcpdump. They are already included in the used
Knoppix 5.1.1 distribution. At the sender side,play makes
the audio file be played locally andaumix allows to redirect
the sound output as input for SJPhone. On the receiver side,
sound-recorderis used to capture the received audio signals
and record them into a file which is later on compared with
the sent audio file to obtain the QoE.Tcpdumpis used to
capture packet traces on OSI layer 2 at the sending and the
receiving voice client machines in order to get statistics on
QoS parameters.

The network emulation machinedemeterruns SuSe Linux
and hostsNIST Net that is a network emulation package

TABLE I
OVERVIEW OF THE HARDWARE CONFIGURATION

Name katie demeter salma
Role Client Router Client

CPU
2 x Intel Pentium III

1.3 GHz 500 MHz 1.3 GHz
RAM 512 MB
HDD 80 GB 16 GB 40 GB

NIC
3COM, 100 Mbps

1 x 3 x 1 x

TABLE II
OVERVIEW OF THE USED SOFTWARE VERSIONS

Name Version
NIST net 2.0.12c
SJPhone v.1.60.299, 09.24.05
Aumix 2.8
Play (sox) 2.0-debian
Sound-recorder 0.06 (Oct 28 2005)
Tcpdump 3.9.5

running only on Linux. NIST Net allows a single Linux PC
set up as a router in order to emulate a wide variety of
network conditions. In particular, selected performance effects
are applied to the IP packets of the out-going stream. Via
command line, the network conditions of a single end-to-
end path can be controlled, which is again required for the
automated measurement process. The controllable network
parameters of interest in this work are packet loss and delay.
It is possible to generate random packet losses according to a
given packet loss probabilitypL. This means IP packets are
randomly dropped with probabilitypL. NIST Net additionally
accepts an autocorrelation parameter̺L for the loss, how-
ever, this parameter has no effect on the out-going stream,
which is demonstrated in Sec. III-D. In order to control the
delay between two nodes, the average delayµd, the standard
deviation σd of the delay, and the autocorrelation̺d can
be passed to NIST Net, which uses a normal distribution
with the related parameters go randomly generate delays. The
verification of the correct emulation of these parameters is
shown in Sec. III-D.

B. Computation of QoS and QoE Parameters

As result of the measurements we obtain the received audio
file and tcpdump packet traces at the sender machine Katie
and the receiver machine Salma. For each sent and received
packet on both machines, we extract an unique ID, the size of
the packet, and the local timestamp when the packet is sent
or received, respectively. Note, that the clocks at Salma and
Katie are not synchronized and might drift. However, this is
not necessary for assessing the applied QoS parameters.

1) Packet loss:Let sout = {pout,1, pout,2, . . . , pout,n} be
the set of packets that are sent from Katie to Salma. The
packetspout,i are ordered in ascending order according to their
sending timestampsts,pout,i

, i.e. i < j ⇒ ts,pout,i
≤ ts,pout,j

.
Analogously, letsin = {pin,1, pin,2, . . . , pin,m} ⊆ sout be
the set of packets that are received by Salma from Katie.
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The packetspin,i are ordered in ascending order according
to the timestampstr,pin,i

when the packets are received, i.e.
i < j ⇒ tr,pin,i

≤ tr,pin,j
. The measured packet loss ratio

simply follows as

p̃L = 1 −
|sin|

|sout|
= 1 −

m

n
. (4)

On average, the measured packet loss ratiop̃L should be
equal to the preset packet loss probabilitypL of the network
emulator, i.e.̃pL = pL.

2) One-Way Delays:The one-way delay is basically de-
fined as the time difference between the timets,p when
sending the first bit of a packetp at the sender side until the
time tr,p receiving the last bit of the packetp at the receiver
side [12]. The one-way delaydp for a packetp follows as

dp = tr,p − ts,p for p ∈ sin ⊆ sout . (5)

Note that in case of dropped packets the one-way delay
is not defined. However, as the clocks at the sender and the
receiver side do not need to be synchronized and the clocks
might additionally drift, the estimation of one-way delays out
of measurement data is a complex task. Binzenhöfer et. al
propose in [13] a method to estimate accurate one-way delays
based on packet captures at the sender and at the receiver
side. Thus, the estimation method is applicable in the context
of this work to get one-way delays. The proposed method
overcomes unsynchronized clocks and linear clock drifts. Note
that the one-way delays are only required in Sec. III-D to
verify the emulated end-to-end one-way delays. However, we
will additionally use them to show alternative metrics for jitter.

3) Jitter: The term jitter is used to express delay variations
within a stream of received packets. In literature, there exist
different definitions of how to assess the jitter. The most
common ones are a) the standard deviation of the one-way
delay ω = stdOWD and b) the inter-packet delay variation
stdIPDV according to RFC 3393 [14]. The standard deviation
of the round trip delay is also a common measure, however,
it cannot be used in the context of VoIP, as the packets are
neither acknowledged nor returned to the sender.

After computing the one-way delaysdp for all received
packetsp ∈ sin, the standard deviationωsin

of the one-way
delays simply follows as

ωsin
= STD{dp|p ∈ sin}

=

√

√

√

√

√

1

|sin| − 1





∑

p∈sin

dp
2 −

(

∑

p∈sin

dp

)2


 .
(6)

A different common metric for expressing jitter uses the
inter-packet delay variation IPDV as defined in [14]. The IPDV
compares the one-way delays of a selected pair of packets
within a stream. It is defined as the difference between the
one-way delaysdp and dq of the packetsp and q. It holds
IPDV (p, q) = dp − dq = (tr,p − ts,p) − (tr,q − ts,q) =

(tr,p − tr,q) − (ts,p − ts,q) = ∆tr,p,q − ∆ts,p,q . Thus, the
IPDV of two packets is the difference of the inter-packet delay

in the outgoing stream of packetssout and the inter-packet
delay in the received streamsin. As measure for the jitter of
a packet stream, the standard deviation of the IPDV any two
consecutively received packets is computed as follows:

IPDVsin
= STD{IPDV (pin,i, pin,i+1)|1 ≤ i < m} . (7)

4) Packet reordering:As a consequence of delay varia-
tions in a stream of packets, it might occur that packets
are reordered. Depending on the actual implementation, an
application might be able to handle jitter by using an appro-
priate jitter buffer, however, reordered packets might be more
difficult to deal with on application layer and hence result
into significant QoE degradations. This performance issue was
revealed during the course of this work for the application
under study. Therefore, we also investigate this phenomenon
and its influence on the QoE, although in the Internet, it is
assumed that the amount of reordered packets is not relevant.

There exist different metrics for quantifying packet reorder-
ing. In [15], a detailed introduction on the necessity of differ-
ent packet reordering metrics is given and the computation of
the metrics is proposed. In general, a received packetp ∈ sin

is referred to asreordered packetif and only if there is at least
one packetq ∈ sin which was sent afterp, i.e. ts,p < ts,q, but
arrives before the packetp, i.e. tr,q < tr,p .

p is reordered⇔ ∃q ∈ sin : ts,p < ts,q ∧ tr,q < tr,p . (8)

The ratio ρ(sin) of reordered packets within a stream of
packets is denoted asType-P-Reordered-Ratio, or reordering
ratio in short. It is calculated as

ρsin
=

|{p ∈ sin|p is reordered}|
|sin| − 1

. (9)

The reordered ratio is a very simple metric, as it does not
take into account how “much” a single packet is reordered.
This can be illustrated with a simple example. LetsA be
packet stream with 8 packets,sout,A = {p1, . . . , p8}. If
p8 arrives for some reasons beforep4, but all other pack-
ets are sent in correct order, the received packet stream
is sin,A = {p1, p2, p3, p8, p4, p5, p6, p7} and the resulting
reordered ratio isρsin,A

= 1/2, as p4, . . . , p7 are reordered
according to the definition above. However, an application
might only drop packetp8 while the other packets are
processed correctly, as only the packet arriving out of or-
der cannot be processed. If the streamsA is received as
sin,B = {p2, p1, p4, p3, p6, p5, p8, p7}, we obtain the same
reordered ratioρsin,B

= 1/2. Later, we will see that this
metric is sufficient to describe the relationship between packet
reordering and QoE, as SJPhone seems to have problems with
reordered packets.

A more complex metric to quantify packet reordering is
the mean reordering late timeof a packet stream [15]. The
reordering late time is the maximum distance in time from
a reordered packet to the earliest packet received that has a
larger sequence number. If a packet is in-order, its reordering
late time is undefined. The first packet to arrive is in-order
by definition and has undefined reordering late time. This
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metric seems appropriate to capture the network disturbance
asperceived on application layer. A formal definition is

τ =
1

|R|

∑

i∈R

tin,i − tin,j (10)

with R = {p ∈ sin : p is reordered},j = min{k|1 ≤ k < i}.
5) Mean opinion scores:For the quantification of the QoE,

we use a full reference metric, i.e. we compare the sent signal
with the received one offline. Our measurement testbed allows
to capture the audio signals on the sender and the receiver
side and allows to apply the full reference metric after a
measurement run. In particular, we use the mean opinion score
(MOS) [1] to express the QoE of the VoIP call. Therefore, the
audio file sent is compared with the received wav-file using
the Perceptual Evaluation of Speech Quality (PESQ) method
described in ITU-T P.862 [16]. The resulting PESQ value can
be mapped into a subjective MOS value according to ITU-
T Recommendation ITU-T P.862.1 [17]. The MOS can take
the following values: (1) bad; (2) poor; (3) fair; (4) good; (5)
excellent.

C. Fitting the QoS onto QoE Mapping Function

The model functionf(x) = α · e−βx
+ γ as derived in

Eq. 3 mathematically expresses the mapping from the value
x of the considered QoS parameter to the QoE measure,
i.e. MOS in this work. The parametersα, β, γ of the model
function are retrieved by means of non-linear regression. We
used the optimization toolbox of Matlab to find an optimal
fitting function for the given measurement points. Optimal in
this case means to find the unknown parametersα, β, γ in
Eq. 3 such that the mean squarred errorE2 is minimized. The
mean squarred error is defined as the average of the squared
residualsr2

i = (f(xi) − yi)
2 for all n measurements(xi, yi)

with a measured QoS valuexi and a measured MOSyi:

E2
=

1

n

n
∑

i=1

r2
i =

1

n

n
∑

i=1

(f(xi) − yi)
2

. (11)

Thegoodness-of-fit for the model functionf(x) can be mea-
sured with different metrics, like the coefficient of correlation
R between the model function and the measured data or the
coefficient of determinationR2. It can be computed as follows:

R2
= 1 −

∑n
i=1 (yi − f(xi))

2

∑n
i=1 (yi − y)

2 (12)

with y =
1
n

∑n
i=1 yi. A value close to one means a perfect

match between the model function and the measured data.
Other common metrics are functions of the residuals which
show a perfect match between model and measurements if
the value is close to zero. Examples are the mean squarred
error E2 or the normalized mean squared errorNMSE =

E2/V AR[yi] which is normalized by the variance of the
measured MOS values. In this paper we use the coefficient
of determinationR2 to test the IQX hypothesis and to show
the goodness-of-fit of the proposed exponential model function
for the obtained measurement results.

D. Verification of the Emulation of Network Conditions

Although NIST Net is a common tool for emulating net-
work conditions, we conducted several test runs to investi-
gate whether the desired network condidtions are correctly
emulated or not. Summarizing, NIST Net correctly emulates
a) uncorrelated packet loss with input parameter for the packet
loss probabilitypL and correlation factor̺L = 0, and b) cor-
related as well as uncorrelated delays with input parameters
for the average delayµd, the standard deviation of the delay
σd, and the correlation factor̺d. However, correlated packet
loss streams are not correctly emulated which is discussed in
the following.

1) Packet loss:For verifying the emulation of uncorrelated
packet loss, we investigate the inter-packet loss distanceK,
that is the numberK of received packets between two con-
secutive packet losses. For a given packet loss probabilitypL,
the inter-packet loss distance follows a geometric distribution
and P (K = i) = pL · (1 − pL)

i for i = 0, 1, 2, . . . in case
of uncorrelated loss. Fig. 2 compares the theoretical and the
measured cumulative distribution functions (CDF) of the inter-
packet loss distance forpL = 0.1 andpL = 0.05. For sufficient
long test runs, the measured packet loss ratiop̃L approaches
the preset dropping probability.
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Fig. 2. Verifying the emulation of uncorrelated packet loss

2) Delay and Jitter:For verifying the emulation of delays,
we consider the CDF of the one-way delaydp for any packet
p transmitted from sender to receiver. NIST Net offers the
possibility to use different delay distributions. In our mea-
surements, we use the normal distribution with parameterµd

for the average delay andσd for the standard deviation of
the delay. Fig. 3 shows the CDF of the one-way delays for
µd ∈ {0ms, 90ms} andσd ∈ {1ms, 5ms, 10ms}. Again, we
can see that the theoretical and the measured curves agree.
Thus, NIST Net correctly emulates delay and jitter as desired.

Note that an average delayµd of 0 ms means that NIST Net
does not add any additional delays before relaying a packet.
As the packets are transmitted via Ethernet from sender to
receiver, we obtain a minimal transmission timed0 for the
one-way delay which is aroundd0 = 0.3ms. NIST Net inter-
nally generates pseudo random numbers following a normal
distribution to delay packets. As negative delays do not make
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Fig. 3. Verifying the emulation of uncorrelated jitter and delay

sense,NIST Net sets negative values to 0 ms which explains
the probability of 50% for the minimal one-way delayd0,
P (dp = d0) = 0.5.

A deep inspection of the source code of NIST Net revealed
that NIST Net is optimized w.r.t. computational time at the
cost of accuracy. In particular, NIST Net can only generate
random delay values which in case of the normal distribution
lie in the interval[µd−4σd;µd+4σd]. However, the probability
for delay values to be larger is negligible,P (dp > µd+4σd) =

(1 + erf 4√
2
)/2 = 3.17 · 10

−5 for normally distributed delays.
3) Autocorrelated Packet Streams:The emulation of auto-

correlated packet streams is basically approximated by a first-
order autoregressive process AR(1) withyi = xi · (1 − ̺) +

yi−1̺ in NIST Net. For generating the next random valueyi

the fraction̺ of the previous random valueyi−1 is taken into
account which leads to an autocorrelation of̺ at lag1.

However, the current implementation does not correctly
emulate autocorrelated packet losses which would be one
possibility to produce bursty losses. We deeply investigated the
source code and found out that the error stems from internal
conversions between 16 bit and 32 bit integer values. A formal
mathematical proof that for a given packet loss probability
pL and a correlation factor̺L NIST Net generates a packet
stream with a measured packet loss ratiop̃L = pL and ˜̺L = 0

(instead of˜̺L = ̺L) can be found in the technical report [18].
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Fig. 4. Measured standard deviation of the one-way delaysω dependingon
jitter σ preset in network emulation package NistNet for different autocorre-
lation settingsr = ̺d

Next, we check the emulation of autocorrelated delay val-
ues. Fig. 4 plots the measured standard deviationω of one-way
delays on the y-axis against the given jitter valuesσd passed
to NIST Net on the x-axis. We varied the correlation factor̺d

assigned to NIST Net from0.5 to 0.9999. Independently of
the preset correlation factor̺d, labeled withr in Fig. 4, the
measurement results should lie on the lineω(σd) = σd. For
̺d < 0.9, the generated delay values are as desired. However,
for very large correlation factors̺d ≥ 0.99, NIST Net does
not correctly emulate the given parameter settings. In this
work, we therefore investigate the impact of autcorrelated
delay values for correlation factors̺d ∈ {0.5, 0.9} only. In
the following, we will investigate whether delay correlations
in packet streams have an impact at all on the QoE.

IV. M EASUREMENTRESULTS AND ANALYSIS

The measurements presented here were conducted during
January 2007 and April 2007 at the Routerlab of the University
of Würzburg. We test the IQX hypothesis for different preset
QoS parameters, that are packet loss, delay and jitter. For
quantifying these QoS parameters, we use the metrics as
defined in Sec. III-B. For each of the QoS parameter setting ten
individual measurement runs were repeated to gain statistical
significant data. In the following figures, Fig. 5 – Fig. 13,
a single dot represents a single measurement run with the
measured QoS value as obtained by the packet trace on the
x-axis and the observed mean opinion score on the y-axis.

To demonstrate whether an exponential interdependency
between the QoS and the QoE can be observed when varying
a single QoS parameter, we fit the measurement data as de-
scribed in Sec. III-C. The resulting exponential model function
is plotted in each corresponding figure, the obtained optimal
parameters of Eq. 3 are annotated, as well as the coefficients
of determinationR2 are given as goodness-of-fit measure.

A. Voice quality affected by loss

We start to investigate the influence of packet loss on the
user perceived quality. Fig. 5 and Fig. 6 show the measurement
results for the iLBC and the G.711 codec, respectively. In these
experiments, the packet losspL was varied from 0% up to 40%
in steps of 1%. Furthermore, we performed the measurements
without any additional delayµd = 0ms and with an additional
delay ofµd = 90ms emulated by NIST Net.

The first observation is that there is a clear exponential
relationship between the packet loss ratio and the MOS for
iLBC as well as G.711. The results show that the IQX
hypothesis holds for this scenario. Thus, the QoE degradation
is very strong when the packet loss ratio increases slightly.
For iLBC, the MOS is 4 without any loss, 3 for 1.6% packet
loss, and 2 for 4.5% packet loss. For G.711, the MOS is also 4
without any loss, 3 for 1.4% packet loss, and 2 for 4% packet
loss. The second observation is that the additional delay of
90 ms has no influence on this relationship – which is expected,
as only large delays above 200 ms have an additional impact
on the QoE according to ITU-T recommendation G.114, cf
[19].
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Fig. 5. Measurement results and obtained mapping functionfiLBC(pL)

between packet loss ratiopL and MOS for the iLBC codec
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between packet loss ratiopL and MOS for the G.711 codec

B. Voice quality affected by jitter and reordering

Next, the influence of jitter on the QoE is investigated. In the
experiments, we vary the jitterσd from 0 ms to 30 ms in steps
of 1 ms, and afterwards in steps of 5 ms up to 80 ms. Again, we
executed the measurements without any additional delayµd =

0ms and with an additional delay ofµd = 90ms. In this case,
different results for both average delay values are expected
as the variability of the delay values generated by NIST Net
follows a normal distribution with parametersµd andσd. We
will see that as a consequence of the jitter, packet reordering
occurs, which decreases the user perceived quality. Describing
this influence on the application with an appropriate packet
reordering metric allows to verify again the IQX hypothesis for
both codecs. However, their performance differs significantly,
and we therefore start to provide the results for iLBC before
the G.711 results are depicted.

1) iLBC: We first investigate the jitter valueσd as QoS
parameter to test the IQX hypothesis. Fig. 7 reveals that the
measurement values scatter much more around the exponential
fitting function than for the packet loss curves in the previous
section. Obviously, for a certain jitter setting, no extra delay
(µd = 0ms) leads to higher MOS values than a scenario with
an average delay of 90 ms.

Typically, real-time applications like VoIP or video stream-
ing are able to handle jitter up to a certain level by using a

jitter buffer. This explains why for small jitter values below
10 ms the curves are more flat and the QoE degradation is not
so strong with increasing jitter, especially forµd = 0ms. After
that the MOS again show exponential decays. As the fitting is
done for all variations ofσd, the obtained mapping funcition
from QoS to QoE shows a worse coefficient of determination.

However, in the experiments described above, the delay
values are randomly generated and uncorrelated. Hence, pack-
ets might overtake each other and packet reordering occurs.
Therefore, we use now as metric the packet reordering ratio
ρ to quantify the QoS. To highlight this clearly, we use the
MOSs and packet traces from the measurements as in Fig. 8,
but as QoS metric we calculateρ instead usingσd.

As a result of Fig. 8, we clearly observe an exponential
relationship between the QoE and the QoS. We obtain as large
goodness-of-fit values as for packet loss and hence confirm
again the IQX hypothesis. The main result of this section is
that the important challenge consists in finding the appropriate
QoS metric for describing the effect of the QoS influence
on the QoE. In this particular case, this means that SJPhone
gets into trouble when packets are reordered. Obviously, on
application layer, packet reordering has a similar impact as
packet loss. If packets are reordered, they are not processed
any more by SJPhone. In particular, it is possible to convert
the packet reordering ratioρ to a packet loss ratiopL such that
the same MOS values are obtainedf(pL) = f(g(ρ)). From
the results in Fig. 5 and Fig. 8, we compute the conversion
function g for iLBC and µd = 90ms:

pL = g(ρ) = max{0.3837 · ρ − 0.0054, 0} . (13)

This means that the packet loss is a linear function of the
reordering ratio.

TABLE III
MEAN SQUARRED ERRORSE2 OF THE IQX HYPOTHESIS FOR DIFFERENT

QOS METRICS APPLIED TO DESCRIBE THE IMPACT OF JITTER

iLBC with delay G.711 with delay
0 ms 90 ms 0 ms 90 ms

ratioreordered ρsin 0.097 0.067 0.063 0.036
meann−reord 0.086 0.061 0.041 0.030
meanreord−extent 0.089 0.072 0.040 0.035
meann−times−reord 0.087 0.066 0.040 0.032
meanreordered−late−time τ 0.108 0.091 0.056 0.036
IPDVsin 0.158 0.110 0.258 0.243
stdOWD ωsin 0.158 0.112 0.259 0.241
jitter σd (NIST Net) 0.191 0.151 0.255 0.244

Table III shows the mean squared errorsE2 of the exponen-
tial mapping function between QoS and QoE when applying
different QoS metrics to describe the impact of jitter. The QoS
metrics are defined as in Sec. III-B. We additionally give the
results for some more common metrics, as defined in [20],
without explicitly showing the fittings due to lack of space.
Table III includes the results for iLBC and G.711 while the
delay is either 0 ms or 90 ms. From the table, we conclude
that in all scenarios the packet reordering metrics reveal the
relationship to the QoE better than the pure jitter metrics.
However, this is not a general statement, in particular, this is
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caused by the fact that the used application has problems with
packet reordering which affects the user perceived quality.

2) G.711: The impact of jitter on the QoE is analogously
examined for the G.711 voice codec. In Fig. 9, the jitter value
σd, which is passed as input parameter to NIST Net, is used
as QoS parameter. The same observations as for iLBC are
obtained. For a certain jitter valueσd > 0, a lower average
delay leads to a higher MOS. If the jitter values are below
10 ms, the curves are quite flat and the QoE degradation is
not so strong with increasing jitter. For larger jitter values, the
QoE in terms of MOS decays. However, the decay is not so
strong as for iLBC. This is caused by the fact that as soon as
jitter appears, i.e. even forσd = 1ms, the MOS drops down
to a value of 2, i.e. the quality is already poor. Note that for
σd = 0ms the MOS is about 4, i.e. good quality.

An explanation for this can be found when investigating
the sending pattern of the SJPhone application. Even though
the G.711 codec is defined with a constant packet sending
rate of50 s

−1, SJPhone uses intervals of length 32 ms to send
packets. In order to achieve the desired bit rate, several packets
are sent together. In detail, we observed the following pattern
of time intervals in milliseconds between two consecutively
sent packets:0, 32, 32, 0, 32, 32, 0, 32. In total, this leads to an
average time of 20 ms between two packets. Thus, the codec
mean bit rate is realized, but the single inter-packet delay
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varies. An inter-packet delay of 0 ms means that two packets
are sent together at the same time. For the implementation of
G.711 in SJPhone, this means that 37.5% of the packets are
sent together. As a consequence, even a very small jitter like
σd = 1ms might lead to packet reordering and causes a strong
QoE degradation. Forσd = 1ms, we already obtain a packet
reordering ratio of roughly 15%.

In Fig. 10, we use the mean reordered late timeτ to describe
the impact of jitter and the resulitng packet reordering as QoS
parameter. Again, the IQX hypothesis can be confirmed and
an exponential relationship between QoS and QoE is found.

C. Influence of Autocorrelated Packet Streams

Up to now we have investigated the impact of uncorrelated
packet streams. In the context of packet loss, this means
that packets are dropped randomly. As a consequence of
uncorrelated delays, much more packet reordering occurs than
for correlated delay which might be caused e.g. by queues
at router along the end-to-end path. In the previous section,
we have already seen that for the actual implementation of
the G.711 codec in SJPhone very small jitter values result
in a high packet reordering ratio. For iLBC in contrast, this
weird application phenomena was not observed. Therefore, we
focus on the iLBC codec using SJPhone when investigating
autocorrelated packet streams. As NIST Net does not correctly
emulate autocorrelated packet loss, we generate bursty losses
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Fig. 12. Measurement results for the iLBC codec depending on themeasured
packet reordering ratioρ

by droppingn subsequent packets. In particular, we investigate
the impact of n ∈ {0, . . . , 300} consecutively lost voice
datagrams on the QoE. Before that, we take a closer look
at correlated delay values, which are correctly generated by
NIST Net.

1) Autocorrelated delay values:We have already shown
that NIST Net correctly emulates delay values for any cor-
relation factor̺d ≤ 0.9, that is the measured delay values
show an average delaỹµd, a standard deviatioñσd, and a
autocorrelatioñ̺ d which correspond to the parameter settings
preset in NIST Net. In the scenario, we considerµd = 90ms

and no packet losspL = 0, while the jitter is varied in the
rangeσd ∈ [0ms; 50ms]. As correlation factor, we use either
r = ̺d = 0.5 or r = ̺d = 0.9.

Fig. 11 shows the measured standard deviationω of the
one-way delay vs. MOS. The color of the dots indicates the
preset NIST Net setting. It shows that independently of the
correlation factor, the measured delaysω meet the preset jitter
valuesσd. Furthermore, there is a clear difference between
the curves for the different correlation factors. Forr = 0.9
the obtained MOS values are larger than forr = 0.5. This
is expected as a larger correlation reduces the reordering of
packets.

Therefore, we describe the impact of the QoS on the QoE
using the packet reordering ratioρ. Fig. 12 shows the mea-

surement results usingρ instead ofω. For a high correlation
factor r = 0.9, we obtain a reorderin ratioρ ∈ [0; 0.15]

according to the preset jitterσd. This means at most 15% of
the packets are reordered even for a jitter of 50 ms. A lower
correlation factorr = 0.5 means that the one-way delays of
consecutive delays do not depend so strongly on each other.
As a result, a packet reordering ratio up to 45% emerges for
σ = 50ms. Nevertheless, for the same reordering ratioρ, the
observed MOS is higher for less correlated delayr = 0.5 than
for strongly correlated ones,r = 0.9. Note that in Fig. 12,
the majority of measurement results forr = 0.9 shows a
reordering ratioρ < 5% and MOS values larger than 2.5.
In contrast, forr = 0.5, the reordering ratio goes up to 25%
and MOS values are only larger than 1.5. As a main result,
both curves can be well fitted by an exponential distribution.
However, the actual curves strongly depend on the correlation
factor. A more detailed analysis and the usage of different
network emulator environments to investigate autocorrelated
packet streams is a topic of future work.

2) Bursty Losses:Finally, the impact of bursty losses on the
QoE is examined. As we know that NIST Net cannot be used
for the emulation of bursty losses by adjusting the correlation
factor for packet loss, this investigation was performed in a
different way. On a local machine, we packetised the audio
signal using the iLBC codec and dropped selected voice
datagrams. To be more precise, we droppedn consecutive
voice datagrams starting from voice datagramn0. After that,
the remaining voice datagrams were passed to the iLBC codec
to be decoded as audio signal. Accordingly, the QoE was
derived in the same manner as described in Sec. III-B.

Fig. 13 shows the numbern of consecutively lost datagrams
on the x-axis and the MOS on the y-axis. We also varied
over n0 which denotes the first lost packet. Obviously, the
largern, the worse the MOS becomes. Forn ≤ 50 there are
no significant differences between the different curves for the
first lost packetn0. However, largern > 50 make the curves
disperse. Note that this corresponds to a silent period of 1.5 s
and it is not clear whether the PESQ and MOS computation
is able to correctly map this silence period on the real user
experienced degree of satisfaction. Indeed, if the silence period
is too long, a user will probably abort a call. However, this is
hardly considered in this computation.
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One more remarkable observation is thatn = 50 consecu-
tively lost packets means a packet loss ratio ofp̃L = 3%, as the
transmitted voice file has a length of 51 s consisting of 1700
iLBC voice datagrams. However, the observed MOS value of
roughly 3.7 is much higher than for the same packet loss ratio
with randomly dropped packets at a MOS value of 2.4. But it
has to be noted that in this last experiment, the voice signals
were locally encoded and decoded, but not transmitted via the
test bed. Therefore, we suggest to modify NIST Net or use a
different network emulator which easily allows to investigate
bursty loss models. This is also a topic of future work we want
to focus on.

V. CONCLUSION AND OUTLOOK

In this paper, we have validated an exponential interdepen-
dency of Quality of Experience (QoE), reflecting the degree of
user satisfaction, from Quality of Service (QoS) disturbances
formulated as IQX hypothesis. This validation was performed
for the voice codecs iLBC and G.711 used in VoIP scenarios.
The experimental setup consisted of two computers, each
running the softphone SJPhone, interconnected by a third ma-
chine hosting the network emulator software NIST Net. This
software allows among others for presetting the experimental
conditions in terms of packet loss, one-way delay and delay
jitter.

For each preset packet loss, delay and jitter setting, the
received audio file is compared to the undistorted file by
software determining the PESQ (Perceptual Evaluation of
Speech Quality) and subsequent calculation of MOS (Mean
Opinion Score). In case of packet loss, the exponential decay
of QoE with growing QoS disturbance was clearly confirmed.
While the effect of (constant) one-way delay is rather limited
due to the fact that the receiver receives all packets with a
constant delay, delay jitter also gives raise to exponentially-
looking shapes, however with some remarkable deviations for
small jitter values. A closer investigation of the traffic flow
associated with SJPhone reveals the cause for this behavior,
that is a pronounced sensitity of that particular softphone to
packet reordering introduced by NIST Net. Plotting the QoE
against the packet reordering ratio, we again observe a clear
exponential interdependency.

In addition to these measurement results, we verified our
testbed and in particular whether the emulated network condi-
tions are emulated as desired. As a result, we found out that
while NIST Net is capable of producing autocorrelated packet
delay, it does not manage to impose autocorrelated packet loss.
Thus, we cannot use the tool to emulate burst losses that can
have a distinctive effect on QoE - the receiver misses a part
of the speech.

Despite of these limitations, our investigations have shown
that the IQX hypothesis appropriately captures the main
vulnerabilities shown by the application SJPhone towards
network-level disturbances, expressed in packet loss and re-
ordering. This also shows the capability of the IQX hypothesis
to identify the relevant performance metrics.

Future work will address autocorrelated packet streams and
bursty loss models. Such studies require the incorporation of
a different network emulator that allows for advanced queuing
features, for instance avoiding packet reordering and thus
allowing for the incorporation of Furthermore, the joint effect
of several QoS disturbances should be studied quantitatively.
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Real-Time Anomalies Monitoring
for QoE indicators

Frédéric Guyard and Sergio Beker

Abstract—Anomaly detection and characterization is a main
topic for network managers. Although QoS indicators can help
to infer problem occurrence, they do not provide immediate
insight on the user’s perceived quality. Evolved Service Level
Agreements (SLA) will likely be established in terms of Quality
of Experience (QoE) indicators. QoS metrics composing the QoE
indicators need to be monitored on a real-time basis by the
SLA management tools in order to detect anomalies driving to
contract violations. Monitoring SLA contracts may involve the
surveillance of individual application sessions for several users.
In this work, we address the problem of anomaly detection with
impact on a relatively large amount of users, either on one or
on several types of applications simultaneously. We propose a
method to characterize the state of the network, representing
QoE indicators as time series and reducing the dimension of the
data set. The SSA method, using a combination of geometric and
statistical methods, is proposed as an analysis tool in order to
detect anomalies on QoE indicator evolution.

I. INTRODUCTION

Network applications performance is influenced by sev-
eral factors. On a general client/server scenario, application
performance is related not only to the underlying network
performance but to the server performance as well. From the
user’s point of view, performance is mainly based on the
following criteria [1] :
• Service availability
• User perception of service quality:depending on the ap-

plication, this perception can bear various forms. Two
commonly accepted notions are response time to an
answer at the user level and the intrinsic quality of the
service.

Throughout the paper, we denote the user perception of
service quality by the term Quality of Experience (QoE). There
is no single way of defining the QoE for network applications,
but in order to introduce a first approach to QoE we can
roughly classify them into the following classes:
• Transactions oriented applications: characterized by re-

quest/response flows corresponding to bidirectional data
transfers (e.g. Web servers, databases access, etc.). For
these applications, the QoE is mainly related to the delay
in the reception of an answer after a request has been
submitted.

• Throughput oriented applications: characterized by bidi-
rectional data transfers requiring non-fixed network re-
sources (e.g. FTP transfers, applications updates, etc.).

Both authors are with the FTRD/Orange Labs, 905 rue
Albert Einstein, 06921 Sophia-Antipolis, France (emails:
{frederic.guyard,sergio.beker}@orange-ftgroup.com)

QoE for these applications is usually related to the
duration of the transaction for a given volume of data.

• Streaming oriented applications: like in the case of
transactional applications, the streaming applications are
characterized by request/response flows. The difference
resides in the large difference between the request and
response transfer sizes, and mainly in the time-delivery
constraints associated to the consumer side of the ap-
plication. The QoE associated to streaming applications
largely depends on the usability of the received data while
the transfer lasts, as the consumption is done in real
time, independently of the actual network’s load (e.g.
voice, radio or video over IP, ...). Streaming applications
generally require an assured minimum amount of server
and network resources.

It’s important to note that the quality of service from the user
perspective may be quite different to the QoS from the network
perspective. Indeed, suppose that a service is dimensioned for
N users with a rejection policy for new users when there are
already N active users. When the (N+1)th user arrives he will
be rejected and the service will appear to be unavailable to
him. That particular user will perceive a bad service quality,
while for the network the service is however performing at
an acceptable quality level. QoE metrics shall be devised to
represent as closely as possible the user objectives, relative to
the network performance metrics. In this sense, an application
monitoring system should be able to detect QoE anomalies
and to diagnose its root causes from the network performance
monitoring (individual QoS metrics). The present work deals
with the problem of monitoring QoE indicators in a network
scenario where users might be simultaneously using different
classes of applications. The monitoring system should be able
to detect:

• Anomalies on QoE indicators for a given application
impacting a consequent part of the users simultaneously.
A typical case would be the failure or overload of a given
application server used by an important part of the users.

• Anomalies on QoE indicators for several applications
simultaneously. A typical case would be the presence of
large heterogeneous traffic at an access router, increasing
for example the propagation delay of most of the appli-
cation traffic transiting through it.

The requirement of detecting anomalies impacting a large
set of users helps in avoiding the detection of problems that
are not related to the monitored system itself (e.g. detecting
anomalies due to bad configuration on specific users). Another
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important requirement for such a system is that anomalies
detection should be performed in real-time, while diagnosis
may be done off-line. Most methods found in literature resort
to data mining or statistical analysis (for example [2]–[7])
to detect and further analyze the causes of the anomalies.
Those methods deliver different degrees of detection quality,
but most of them are not compatible with an online operational
environment due to the complexity of calculations and the
dimension of the space to explore. Our first contribution lies on
the extension to the case of transactional applications of results
on VoIP QoE by considering the recency effect. We introduce a
similarly defined QoE metric (the TMOS) taking into account
the recency effect on client/server transactional services and
the particular usage environment. A monitoring system would
then need to detect anomalies on the newly defined QoE
metrics rather than on individual performance metrics related
to the network level. Our second contribution lies on the
characterization of individual states (i.e. the perceived quality
by user on individual application sessions) and of global
system states (i.e. the perceived quality for the set of users
on the set of applications) leading to the definition of normal
and abnormal behavior. Then, as a third contribution we
define an entropy-based analysis method allowing us to detect
such anomalies in times compatible with online operation.
This paper is organized as follows: In section II, we extend
the QoE indicators as a function of QoS metrics already
proposed for the VoIP service to the case of transactional
services. In section III we describe how the state of the
system is characterized both individually and globally for the
set of users and applications in order to define normal and
abnormal behavior. In section IV we introduce entropy time
series which help us to reduce the state of the system to a
small dimensional space in order to apply a detection method.
In section V we describe the anomaly detection method,
based on a wavelet decomposition method combined with a
phase space reconstruction of the dynamics. SSA method is
then used to extract abnormal behavior from the time-series.
Finally, in section VI, through simulations we show that the
dimension reduction associated to the entropy representation
of the system doesn’t hide traffic anomalies, enabling the
use of the described method on anomaly detection for QoE
indicators.

II. QUALITY EVALUATION FOR TIME VARYING
PERCEIVED QUALITY

Subjective QoE experiments on speech services have shown
that the instantaneous user quality perception is correlated with
previous quality evaluations [8]. This dependency on previous
quality perception is generally called the recency effect. In the
case of speech, observation whows that a user forgets previous
instantaneous perceptions after about 20 to 30 seconds. As a
consequence, extremely brief periods of quality degradation
(< 1s) isolated in large periods of good perceptual quality
(> 20s to 30s) need to be considered. In [9] it has been shown
that the user evaluation of the quality at time t follows a law
of the form:

Q(t) = λE(t) + (1− λ)Q(t−∆t)) (1)

where E(t) is the instantaneous evaluation of the quality at
time t (i.e. the quality evaluation in a constant environment)
and Q(t) the actual evaluation as stated by the user. The pa-
rameter λ represents the influence of previous evaluations. The
expression (1) provides an exponential weighted average of the
measurements acting as a low-pass filter smoothing out high
frequency variations. Whether the recency effect may be used
to represent quality perception for transaction or throughput
oriented applications is not yet known. We assume however
that recency may be a good choice for such applications
leading to similar smoothing effects of relatively brief quality
degradation events within large periods of good perceived
quality. In what follows we first review the QoE formulation
for VoIP services and then we propose a formulation to extend
the evaluation to transactional services.

A. QoE Evaluation for VoIP Services

Quality perception of voice services has been intensively
studied. There are many references on subjective quality of
experience analysis for VoIP. The Mean Opinion Score (MOS)
is the most widely used model to evaluate quality perception.
MOS strongly depends on codec characteristics and network
parameters such as delay, packet loss and jitter [10]. In our
study, we consider a service based on the G.729 codec [11],
encoding 20ms data samples. The main quality degradation
factors are unidirectional propagation delay and packet loss
due either to random losses on the link or to excessive jitter.
Using [9], [12] and [10], it is possible to get the values of
the instantaneous MOS as functions of this two parameters,
leading to the curve depicted in figure 1.

Fig. 1. MOS for the G.729 codec

When the policy used by the jitter buffer at the VoIP client
is unknown, a common assumption is to consider that a jitter
larger than half the propagation delay is excessive. In our
model, a packet subject to such jitter is therefore considered
as lost. In realistic cases where the quality may be subject to
temporal variations, the intantaneous stimuli is important in
the user’s evaluation of the quality, but there is an influence
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of the past quality. This “recency” can be modeled as a short-
term exponentially decreasing effect. The actual user quality
perception Qv at time t from the instantaneous MOS and the
quality evaluation at time (t−∆t) using the so-called M-model
defined in [8]:

Qv(t) = λvMOS(t) + (1− λv)Qv(t−∆t). (2)

The value of λv has been experimentally measured for speech
to about 0.25. This value determines the correlation duration
for user’s QoE: after 10 seconds, about 1% of the effect of
instantaneous quality persists. This recency effect is modelled
as an exponential decay with a time constant of about 26
seconds. In [8], a sampling interval of 1 second is used.
Assuming that the MOS is constant during a sampling interval
of n seconds, the expression becomes

Qv(t) = (1− (1−λv)n)MOS(t) + (1−λv)nQv(t−n) (3)

for a sampling interval of n seconds.

B. QoE Evaluation for TCP Client/Server Services

We consider the following simplified model of a transaction
oriented application, namely a TCP/IP client/server applica-
tion. A client sends requests to a distant server. Each request
consists of an exponentially distributed number of bytes (and
therefore a variable number of TCP/IP packets). When the
server receives the last byte of the request, it processes the
request during an exponentially distributed period of time.
From a user perspective, the quality of a transactional service
is related to the time it takes to get an answer to his request.
From the network perspective, this time is related to the delay
between the first emitted byte (request) and the last received
byte (response) at the user equipment.

To our knowledge, no subjective QoE indicator has been
proposed so far for general transaction oriented applications.
Subjective evaluations have however been conducted for the
case of HTTP transactions during web surfing. In the present
work we propose adding a recency effect to the results in [10],
similarly to the VoIP’s case. From [10], the perceived quality
for interactive applications is linked to the response delay δt.
For δt smaller than 0.1 sec, the interaction is usually perceived
as instantaneous. A delay of 1 s represents a limit above which
the user is loosing the sensation of interactivity. After a delay
of about 10 s, the user stops being attentive to the session and
might consider undertaking a parallel activity. Experiments
on subjective quality of experience for HTTP service have
shown that the user has usually a rough idea of transaction
duration [13]. Let us denote with t0 this duration. When δt
is less or equal than t0 the quality is evaluated as optimal by
the user. When δt is longer than t0 this evaluation decreases
proportionally to ln(δt).

If we denote by TMOS (transactional MOS) the correspond-
ing QoE indicator for transactional applications, the TMOS
may be modelled as

TMOS(δt) =

{
5 if δt ≤ t0
max(5− α(t0) ln(δt), 1) if δt > t0

(4)

where α(t0) can be obtained for the particular service by
fixing a delay δtmax

corresponding to the maximal delay
a user is willing to wait before declaring the service as
useless. For transactional services each individual usage (i.e.
request/response) contributes to a continuous quality percep-
tion. We can then introduce a recency effect for modelling the
QoE on the usage of transactional services over time. Let us
denote as QT (t) the instantaneous quality perceived by a user
for transactional services:

QT (t) = λTTMOS(t) + (1− λT )QT (t−∆t). (5)

The value of λT depends on the particular application charac-
teristics. As in the VoIP case, this formula provides a low-pass
filter, smoothing the impact of instantaneous short duration
events on the perceived quality.

III. SYSTEM BEHAVIOR CHARACTERIZATION

We assume that user’s perception of service quality may be
inferred from both, network characteristics (i.e. transmission
delay, throughput) and server characteristics (i.e. availability,
server answer delay). We furthermore assume that the network
and the servers are dimensioned so that the maximum attain-
able quality of service by an application provides an optimal
perceptual quality to the user. Degradations of user’s percep-
tual quality for a given service are then either due to network
equipment failure or to the interactions with other clients at
network and/or server levels. Usually, server characteristics
are not directly available to the monitoring equipment. They
may however sometimes be inferred from the network level
traffic characteristics (by tracing for example the data transfers
during a TCP connection). Additionally the varying network
traffic conditions need to be taken into account, especially
on operational environments. In our simplified simulation
scenario, we assume that these conditions are statistically
stationary. As a consequence of this assumption the set of non-
anomalous states characterizing the system is itself stationary
over time. Roughly speaking, the analysis will likely detect
short term excursions outside the set of the normal behaviors
before long-term variations.

A. Individual State Vectors

Let us now consider a set of S applications available to a
maximum of U users on the monitored network. S and U are
constant according to our stationarity assumption: at any given
time t, the number of active applications instances is bounded
to S ×U . To simplify the analysis, we assume that each user
is only allowed to use only one instance of a given application
at any given time.

A set of given network level indicators relevant to the instan-
taneous QoE evaluation is associated with each application s ,
such as round-trip-time, loss rate or server delay among others.
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A function fs for s ∈ {1, · · · , S} provides the instantaneous
QoE evaluation for the application s as a function of a vector
of network level indicators. These parameters characterize the
client/server transaction at time t for any given user. For a
particular application s , let us denote with ys1(t), · · · , ysn(s)(t)
the vector of network level indicators. Let ysj (t, u) be the value
of the indicator ysj (t) calculated from the information of the
application s instantiated by user u. The instantaneous QoE
for of user u on application s at time t is given by

Y su (t) = fs(ys1(t, u), · · · , ysn(s)(t, u)). (6)

We may always assume the range of values to be [0, 1] (up to
a linear transformation) for the function, with 0 yielding the
optimal QoE and 1 the worst QoE. We further assume that
ysj (t, u) = 0 when user u is not using application s at time t.
To each user u is assigned an individual state vector

Fu(t) = (Y 1
u (t), · · · , Y su (t)) (7)

characterizing the QoE of every application at time t as
perceived by user u. Finally, for each application s we define
a set of thresholds {T s1 , T s2 , · · · , T sl(s)} corresponding to some
ranges of QoE. For instance, 0, T s1 ] corresponds to an optimal
quality and [T sl(s), 1] to a non-admissible quality.

B. System State Vector

In this setting, the global achieved QoE for the whole system
is characterized by the coordinates of the system state vector,
i.e. the point Z(t) = (F1(t), · · · , FU (t)) in the state space
P = [0, 1]S×U . In nominal regime where no anomalies occur,
the values of Z(t) are included in a subset Ω ⊆ P . We denote

with Ω the nominal set. The subspace P0 =
s

Π
i=1

[0, T i1]U in
P is the optimal set. Ideally, Ω ⊆ P0 should hold. In a more
realistic case parts of Ω may lie outside P0. The state space for
a very simple scenario where two users are running a single
service with two quality thresholds is depicted in figure 2.
In this general setting, the thresholds may allow to partition
the anomalous states in weakly or strongly abnormal. In the
present work, we are however only concerned in detecting
excursions outside the nominal set.

Fig. 2. Schematic view of the state space for a system with 2 users and 1
available application

In our simplified setting, the monitoring system implements
the following activities:

1) Collects the various network level indicators at the
access router for all applications instances,

2) Compute the state vector of the system and
3) Raise an alarm when the state vector of the system is

leaving the set Ω.
Although the principle seems simple, several issues need

to be considered. A too high frequency sampling may forbid
or delay the calculation of some indicators and consume a
large amount of CPU. A too low frequency sampling may
however hide some temporary behaviour prduing anomalies.
Concerning the alarm thresholds, a state vector should be
considered as leaving the optimal area if it does it on a
relatively long period of time. The issue is to determine what
should be considered as a relatively long period. It should be
noted however that the resulting smoothing due to the recency
effect has a positive influence on these alarms. Obviously, a
trade-off has to be reached between high and low frequency
sampling. The analysis of this trade-off lies out of the scope
of the present paper, and will be investigated in a forthcoming
work based on numerical simulations.

IV. STATE SPACE REPRESENTATION AND ANOMALIES

A. Statistical Dimension Reduction for the State Space

The goal of the anomaly detection is to determine whether
an anomaly triggered by the monitoring system corresponds
to a global anomaly or not. The following basic idea may
then be used: assume that an individual anomaly for a given
application is occurring at a given time interval ∆t. Since it is
only concerning either a single or few users, it shouldn’t affect
noticeably the distributions of QoE values for this application
on ∆t. On the contrary, a global anomaly should change the
distribution of the QoE values. We characterize the distribution
of QoE values for a given application at a given time by its
entropy. Recall that if Ω is a (discrete) probability space, the
entropy Ep of a distribution p on Ω is defined as

Ep = −
∑
ω∈Ω

p(ω) ln p(ω). (8)

Note that Z(t) = (F1(t), · · · , FU (t)) characterizes the system
with U users at time t. Let’s consider the set of S random
variables Y j , j = 1, · · · , S and a sample set for each variable
{Y j1 (t), · · · , Y jU (t)} defining an empirical distribution whose
entropy defines a function Ej(.) = EY j(.), and therefore a
vector valued random variable E = (E1, · · · , Es) representing
the state vector Z in RS . We denote this representation
as an entropy representation for Ω. As an example of this
representation see section VI.

B. Anomaly types

In the last subsection, it has been shown that the entropy
representation of the state of the system would allow for
anomalies detection. Two kind of distinct anomaly indications
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may be considered. The first one is related to anomalies affect-
ing a particular application. For instance, an application server
may have an anomalous behavior impacting only instances of
applications contacting this server. The entropy distribution
associated to the corresponding QoE indicator should record
this anomalous behavior. We call this kind of anomalies intra-
application anomalies.

Fig. 3. Anomalies types

The second type of anomaly will be called inter-
applications anomalies. To detect these anomalies, we have
to track temporal changes into distinct time-series correlations.
Finally, some anomalies will be mixed in the sense that they
will induce changes in statistical properties of some entropy
timeseries as well as changes in correlations between the
various entropy time-series figure 3.

V. A METHOD FOR ANOMALY DETECTION

Many different methods have been proposed in order to
track anomalies in time series or related to traffic analysis.
See for example [2]–[7], [14] and references therein. Unfortu-
nately, most of them are not adequate for real-time detection.
In our context, a particularly interesting method is provided
with singular spectrum analysis (SSA) described for example
in [15]. The SSA method is efficient, not only for real-
time detection in stationary time series, but allows as well
dealing with nonstationary ones, with time series forecasting,
or even with time series with missing values. An extension
of this method to multiscale analysis is also available [16].
For these reasons, we consider the SSA method suitable for
our anomalies detection process. SSA uses a combination
of geometric and statistical method. The geometric part is
based on phase-space reconstruction issued from dynamical
system theory. It is based on an embedding of time series
in a higher dimensional (but low) space trying to isolate the
low dimensional vector space where the ”attractor” for the
dynamics is lying (we simply refer to this subspace as the
attractor even if formally the attractor for the dynamics is
included in it). Singular value decomposition (SVD) allows
extracting anomalous points outside of the attractor of the
dynamics. The detection process itself is based on a CUSUM-
type statistics. This approach has been presented in V. Moskina

and A. Zhigljavsky in [14]. We refer to this article for details
and justifications.

In order to allow focusing on specific duration scale for
anomalies, a wavelet decomposition is performed on the time
series, the anomaly analysis being done on filtered time series
where low scale parts have been taken out. Many important
remarks are to be noted. First, the method will not only be
used for the anomaly detection itself, but for the anomalies
characterization method as well using entropy time series of
QoS indicators (RTT, delays, loss rates, etc.). Second, it may
appear quite complicated when dealing with stationary time
series. It is however valid for nonstationary time series as
well and is therefore not restricted to our current experimental
setting.

A. Non-decimated Haar wavelet decomposition
Our aim is to trigger anomalies above certain duration.

Instead of filtering out details of the time series under the
chosen duration, we decompose the series using wavelets,
providing a whole bunch of approximations for the series
at various timescales. A drawback of standard wavelets is
due to the decimation effect: the larger the scale, the coarser
the resulting time series. A way to overcome this problem
is to use the so-called ”-trous” wavelets were gaps between
data at a given scale are filled with redundant information
[17]. Using symmetric wavelets introduces problems at the
boundary of time series (wavelet coefficients can not be
calculated using unknown future values). Using asymmetric
Haar wavelets alleviate this boundary problem [17]. We briefly
recall here the principle of the non-decimated Haar filtering.
Let us denote with cj(0), · · · , cj(N) the data corresponding
to the filtering at scale 2j of the initial time series denoted
by c0(0), · · · , c0(N). Then we can construct a larger scale
filtering using the formulas{

cj+1(t) = cj(t− 2j) + cj(t)

wj+1(t) = cj(t)− cj+1(t)
(9)

We can reconstruct the initial time series from the filtered
series at scale 2J as

c0(t) = cJ(t) +
J∑
j=1

wj(t). (10)

Of course at time scale 2J , the corresponding time series has
only N − 2J terms, but the ”lost” data are only located at
the beginning of the time series (i.e. on the left side of the
time series). In a case of online anomalies detection the data
are regularly updated (i.e. on the right side of the time series)
using a sliding window and the decimated data do not interfere
with the new updated values. An example with the initial time
series (left) and the corresponding filtered series (right with
J = 6 is provided in figure 10.

In the analysis, the choice of an adequate level J is guided
by the typical duration scale τ of the anomalies to be detected.
J has to be chosen in order to keep the details of the series
with a period τ/2.
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B. Phase Space Reconstruction and SSA

In order to track changes in entropy time series, we adopt
the method defined in [14]. Let X = (x1, · · · , xN ) be
the scalar data corresponding to a time series. These data
can be considered as scalar functions of the coordinates of
a point s(t) ∈ Rp whose temporal evolution is governed
by a dynamical system s(t + 1) = F (s(t)) ∈ Rp with
xi = g(s1(i), · · · , sp(i)) a function defined on Rp. The
embedding theorem due to F. Takens and R. Mae (see [18]
or [19] and references therein) states that the trajectories of
the dynamical system generated with F may be recovered (up
to a topological equivalence) using an embedding of the time
series X in a vector space RM with M large enough and with
an adapted time lag T using the formula

Y (n) = (xn, xn+T , xn+2T , · · · , xn+T (M−1)) (11)

A crucial point is the determination of the adequate dimension
embedding and time lag. Various methods have been proposed
to determine adapted values for M and T [18], [19]. A method
that is particularly robust whit noise is based on the use of
singular spectrum analysis (SSA [14], [20]). We recall now
briefly the key points.

Let M ≤ N/2 and let K = N −M + 1. The so-called
trajectory matrix

X =


x1 x2 . . . xK
x2 x3 . . .xK+1
...

...
. . .

...
xMxM+1. . . xN

 (12)

can be seen as the embedding of the time series in a space of
dimension M with a lag of 1. A singular value decomposition
(SVD) of the lag-covariance matrix C = XXT is obtained
by determining its eigenvalues λ1 ≥ λ2 ≥ · · · ≥ λM and
the corresponding orthonormal eigenvectors U1, · · · , UM (the
singular components). Note that S is symmetric. Therefore
all its eigenvalues are non negative. Let d be the number
of non-zero eigenvalues. Let us divide the set of indices
of components {1, · · · , d} in two subsets I = {1, 2, · · · l}
and I = {l + 1, · · · , d}. The eigenvectors associated to
I are describing the projection of the time series on the
attractor of the dynamics whereas the components associated
to I are corresponding to noise. Let z ∈ RM be a vector.
The Euclidean distance between z and the subspace of RM
corresponding to the l first components is provided by

‖ z ‖2 − ‖ PT z ‖= zT z − zTPPT z (13)

with P = (U1 U2 · · ·Ul) being the matrix with columns
corresponding to the l first eigenvectors of C.

C. Detection of Anomalies

The rationale behind the anomalies detection is that a M
dimensional point is nominal or normal if it is close to the
attractor (small distance) and is considered as abnormal if
it is far enough from it (large distance). In order to deal

with the real-time detection constraint and accommodate to
slow changes in time series, the singular spectrum analysis is
done using a sliding window. Let W (n) = (xn+1, · · · , xn+N )
be the current time series that has just been updated with
the last R data (i.e. the first N − R values where already
analyzed), n representing the time iteration. Assume that the
values l < M ≤ N/2 defined before have been already chosen
and are constant through time. The anomaly detection will
be performed by determining the distance between the newly
added data and the attractor of previous data. Let us further
assume that three integer constants 0 < m < p ≤ q have been
chosen. The data xn+1, · · · , xn+m are used to determine the
SSA analysis using the base matrix at n

XB(n) =


xn+1 xn+2 . . . xn+K

xn+2 xn+3 . . .xn+K+1
...

...
. . .

...
xn+Mxn+M+1. . . xn+m

 (14)

We denote with P = (U1 U2 · · ·Ul) the projection onto the l
first singular components of XB(n)XB(n)T .

Finally we construct the test matrix XT (n) representing the
data to be tested against the ”attractor” associated to s(n). It
is defined as

XT (n) = (xp+1(n), · · · , xq(n))

=


xn+p+1 xn+p+2 . . . xn+q

xn+p+2 xn+p+3 . . .xn+q+1
...

...
. . .

...
xn+p+Mxn+p+M+1. . . xN

 (15)

The anomaly detection is realized using a CUSUM test. To
realize this test, determine the normalized sum of squares
distance with

Dn,J,p,q =
1

M(q − p)

q∑
i=p+1

XT
i (n)Xi(n)−XT

i (n)PPTXi(n)

(16)

Fig. 4. A simple network’s configuration
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and the ratio

Sn =
Dn,J,p,q

µn,J
(17)

with µn,J being the estimated normalized sum of squares
distances on a large subinterval of [n + 1, n + m] where the
null hypothesis of no anomaly is assumed. A CUSUM-type
statistics, is then defined with

W1 = S1, Wj+1 =
(
Wj + Sj+1 − Sj −

1
3M(q − p)

)+

(18)
where x+ = max(x, 0).

An anomaly assumed in the data interval [xn+p+1, xN ] if
wn > h with h a threshold defined with

h =
2tα

M(q − p)

(
(q − p)(3M(q − p)− (q − p)2 + 1)

3

)1/2

(19)
tα being the 1−α-quantile of the standard normal distribution.

D. Choice of the parameters

Concerning the choice of parameters p and q, it turns out
that choosing q − p = 1 is often an optimal choice [14].
The parameter m must be chosen large enough but not too
large to avoid smoothing out changes in the time series. The
most critical parameters, l and M , have to be chosen in
order to ensure a correlation as weak as possible between the
reconstructed dynamics in the attractor space corresponding
to the l first components and the noise corresponding to its
complementary space associated to the components for l+1 to
M . A criterion allowing determining this correlation is defined
in [20] (see also [14] or [15]). Because of lake of place,
we refer the reader to these references for details. Another
possible way to determine the parameter M is the study of the
autocorrelation function (ACF) of the time series, the value of
M being the first lag where the ACF is crossing the lag axis
[21].

Fig. 5. Instantaneous VoIP sessions number

Fig. 6. Instantaneous TCP session number

VI. SIMULATION RESULTS AND ANALYSIS

As a running example for this study, we will focus on a
specific but hopefully realistic simulation scenario allowing
for some hypothesis simplification. We consider a relatively
simple network topology where a company’s site is connected
through a single access link (figure 4) to a remote central
site. Terminals in the intranet are communicating with distant
entities like applications servers, computers or other VoIP
terminals for example.

Fig. 7. Entropy representation of the state space (8 hours, 2s sampling). Top
: nominal behavior, Bottom : presence of anomalies (black dots)

In the simulations 100 users are considered. Each one may
use simultaneously VoIP and TCP/IP services. The simulations
are run for an 8-hours period. All links, including the access
link are 100Mbps capacity. The VoIP service is using a
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G.729 codec producing a 60-bytes packet (including IP header)
every 20ms. The unidirectional propagation delay is set to a
minimum of 40 ms with an additional exponentially distributed
delay with a mean of 90ms. The call duration is exponentially
distributed with a mean value of 300s. The delay between two
consecutive calls is exponentially distributed around a mean
of 1200s. In the simulations 100 users are considered. Each
one may use simultaneously VoIP and TCP/IP services. The
simulations are run for an 8-hours period. All links, including
the access link are 100Mbps capacity. The VoIP service is
using a G.729 codec producing a 60-bytes packet (including
IP header) every 20ms. The unidirectional propagation delay
is set to a minimum of 40 ms with an additional exponentially
distributed delay with a mean of 90ms. The call duration is
exponentially distributed with a mean value of 300s. The delay
between two consecutive calls is exponentially distributed
around a mean of 1200s. Altogether, the generated traffic
is about 20 Erlang. Figure 5 provides an example of the
instantaneous VoIP number of sessions during an 8-hours
period. The mean number of concurrent session is 19.77, i.e.
very close to the theoretical number. The same is true for all
simulation runs. Since the required bandwidth for one VoIP
session is 24 kbps, the mean required bandwidth is 480 kbps,
much smaller than the available bandwidth capacity.

Fig. 8. Entropy time series for TCP (top) and VoIP (bottom) in absence of
anomalies

The TCP/IP service is modelled by request/responses ses-
sions. IP packets are 1500 bytes size (including TCP and IP
headers). Request sizes are exponentially distributed with a
mean of 1800 (data) bytes. At reception of the last bit of a
request, the server processes it, with a duration exponentially
distributed around a mean of 0.2s. The response sizes are

exponentially distributed with a mean of 200Kb. At reception
of a response, a user may end up the TCP session or perform
a new request within the same TCP session.

Fig. 9. Entropy time series for TCP (top) and VoIP (bottom) in presence of
anomalies

In the last case, the user enters a thinking period with
duration exponentially distributed around a mean of 10s before
sending a new request. The average (integer) number of
requests within a TCP session is exponentially distributed
within a minimum of 1 and a mean of 8 requests. The
delay between two consecutive TCP sessions is exponentially
distributed around a mean of 1200s. In absence of problems
(losses, strong competition between TCP connections, etc.),
the number of active TCP sessions may be modelled as a
Poisson process. Figure 6 depicts the instantaneous number
of concurrent TCP sessions for an anomaly-free period of 8
hours. The average number of concurrent session is 1.46 (1.46
Erlang). This value is similar for all simulation runs.

We show the value of E for network simulations where
100 users are using a single VoIP service and a single TCP
client/server service, i.e. E = (ETCP , EV oIP ). The top part of
Figure 7 corresponds to a period of 8 hours without anomalies
whereas the bottom part is associated to an 8-hours period
including a 1/2-hour period during which 90% of the active
communications were suffering an increase in propagation
delay of 150 ms. Figure 7 clearly exhibits a distinction
between periods without anomalies (nominal ones) and periods
presenting abnormal characteristics. Therefore, we can expect
to detect QoE anomalies by using an entropy representation.
Note that even in the period where anomalies are occurring,
some representative points are still inside the nominal set (light
grey). Indeed only 90% of the communications are impacted
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and furthermore, there are 2s time intervals where no VoIP
communications are active. For these intervals, the represen-
tative points have to be in the nominal set. The correlation
coefficient between these two time-series is 0.006 revealing
that they are uncorrelated. This is a quite expected result
since the network is largely provisioned in our simulations. As
such, there should be almost no interaction between concurrent
instances of applications. In the case where the coefficient of
correlation is not close to 0, a principal component analysis
may apply, yielding to an uncorrelated time-series as a linear
combination of the two initial series. The representation of
these two series for an 8-hours period without anomalies, for
6s sampling interval are depicted in figure 8.

Two entropy series for an 8-hours period containing anoma-
lies are depicted in figure 9. Anomalous periods appear clearly
in these representations showing that anomalies detection
should be accessible to statistical analysis.

In the general case where there are S available distinct appli-
cations, the resulting entropy representation has dimension S.
If we assume that the network is well provisioned, there should
be no interaction between concurrent applications instances
and the various entropy time-series should be uncorrelated.
This hypothesis may however not be valid on an operational
context.
Once wavelet transform is applied to an entropy time serie
presenting a large scale anomaly, this one appears clearly on
the filtered data. An example if provided on figure 10.

Fig. 10. Entropy time series for TCP (left) and the corresponding wavelet
filtered series with J = 6 presenting an anomaly around time = 2000

Altogether, these preliminary results show that the entropy
time series provides a perfectly valid representation for the
state of the system where anomalies can clearly be distin-
guished from normal behavior.

VII. CONCLUSION AND FUTURE DIRECTIONS

The problem of QoE indicators monitoring on a multi-
service and multi-user environment exhibits a high complex-
ity due to the size of the space to explore. In order to
be able to detect abnormal behaviour in such context the
data set to be analysed should be reduced. The behaviour
characterisation by means of entropy time-series allows us to
bring the problem to a low dimensional one. On this reduced
complexity problem analysis methods like the SSA method
can be applied to the anomaly detection problem. Simulation
results have shown that this low dimensional representation
contains enough information to efficiently perform anomaly

detection on times compatible with operational environments.
The present work constitutes a first approach on the use of
entropy characterisation on QoE metrics and the consequent
definition of normal and abnormal behaviours. To further
advance in this domain, the actual performance of the SSA
method should be investigated, and compared to different
methods. More realistic hypothesis such as non-stationary
process for application arrival sessions need to be taken into
account on simulation scenarios. The problem of anomaly
characterisation should be tackled using the SSA method in
order to gain insight in the causes of the detected anomaly.
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Problems arising in evaluating perceived quality of
media applications in packet networks

Dmitri Moltchanov

Abstract—Real-time media applications such as voice-over-IP
and video streaming are becoming increasingly popular in the
Internet. Performance of these applications have to be assessed
taking into account both compression and network impairments
which are inherent to the content representation and delivery
process in the Internet. However, performance evaluation of these
services is still limited to the so-called intrinsic quality-of-service
parameters (QoS) such as delay bound and packet loss ratio.
These metrics were standardized when voice and, especially,
video compression techniques were in their early stages. While
inadequacy of these parameters are nowadays understood only
few studies tried to establish relationship between network per-
formance metrics and the perceived quality of delivered content.
There are a number of reasons behind that ranging from time-
dependent behavior of quality metrics to poor understanding of
human perception of audiovisual content. In this paper we review
the current state in quality of user experience (QoE) assessment of
media information. Based on this we motivate the need for new
network-related QoS criteria that have to be considered when
evaluating performance of real-time media applications. These
metrics must have a good correlation with corresponding QoE
grades and should be used in performance evaluation studies.

Index Terms—QoE, network performance, media applications

I. INTRODUCTION

The ITU-T Recommendation E.800 [5] defines the ”Quality
of Service” as the ”collective effect of service performance,
which determines the degree of satisfaction of a user of the
service”. Although the notion of QoS includes a number of
concepts including service support, operability, security, QoS
is often considered as a set of specific parameters that pertain
to the traffic performance in the network. Examples of these
metric include IP packet transfer delay (IPTD) and IP packet
loss rate (IPLR) [4]. The choice of these metrics is of special
importance and depends on many factors including the nature
of the transmitted information.

Along the path between the source and the destination in
the network there are two points that induce performance
degradation to the transmitted media content. First of all, voice
and video data are often compressed for transmission over
the network. High compression rates can only be achieved
with lossy compression schemes, where a part of the original
data is lost. Performance degradation introduced at this step
is usually evaluated using subjective tests based on mean
opinion score (MOS) grades. Additionally, when transmitting
the information over the network packet losses may occur. As

D. Moltchanov is with Networks and Protocols Group, Department of
Communications Engineering, Tampere University of Technology, Tampere,
P.O.Box 553, FIN-33101, Tampere, Finland. E-mail: moltchan@cs.tut.fi

a result, the decompressed media at the receiving end may
contain artifacts that are detrimental to the overall quality. In
principle, performance degradation introduced by the network
can also be evaluated using the MOS test. However, MOS-
based tests are time-consuming, limited in the scope of the
material, and requires the original media at the receiving end.

To provide inexpensive approach for quality assessment of
media applications objective tests have been proposed. Grades
of some of these tests were shown to correlate well with
MOS grades. Unfortunately, most of these tests use the so-
called black-box approach, where the underlying reasons for
quality degradation are not explicitly taken into account. Such
objective tests abstract network performance characteristics
that are usually the most important factor affecting the per-
ceived quality of media services. Nowadays, an important
task is to propose network-related performance criteria that
correlate well with MOS grades. These criteria can be useful
for both network operators and service providers. For example,
content providers may require these parameters to determine
satisfactory encoding parameters and the performance budget
left for the network. Network operators may use these criteria
as primary metrics to determine optimal load distribution in
the network such that majority of users are satisfied with the
offered service. In this paper we discuss the need for such
criteria. We review the current state-of-the-art in objective
quality assessment of voice over IP (VoIP) and streaming video
applications. We also discuss the models proposed so far for
mapping network related parameters to QoE metrics.

The rest of the paper is organized as follows. In Section
II we review methodologies for QoE assessment of media
applications. In Section III we provide the snapshot of recent
studies that tried to relate network performance to perceptual
quality of the content. Network-related metrics that have to
be measured and controlled to provide adequate performance
for real-time media application are discussed in Section IV.
Conclusions are made in the last section.

II. QUALITY OF USER EXPERIENCE

A. VoIP

Quality of VoIP service is usually evaluated at the appli-
cation layer using specific tests developed for assessing the
perceived speech quality. To perform these tests a number of
methods have been suggested in the past. Basically, we distin-
guish between subjective and objective tests. Those tests that
involve surveying humans are called subjective tests. Objective
tests are based on deriving applications layer performance
metrics based on network-related performance parameters.
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These tests try to provide the required relationship between
network performance and subjective QoE metric.

The de-facto subjective metric for evaluating quality of
voice communications is mean opinion score (MOS). MOS
provides numerical indication of the quality of received media
after compression and/or transmission. The value of MOS is a
number ranging from 1 to 5 with 5 corresponding the the best
possible speech quality. MOS is estimated by averaging the
results of a set of subjective tests where a number of humans
grade the heard audio quality of test sentences. A listener is
required to give each sentence a rating using grades from 1 to
5. The MOS is the mean of all scores set by individuals.

To conserve the amount of required bandwidth, voice in-
formation is always digitized and compressed before actual
transmission. Note that the compression process itself may
incur significant quality degradation setting the higher bound
on achievable speech quality. In addition to specifics of voice
coding and compression scheme network may also induce
significant performance degradation resulting in lower value
of MOS. To take this factor into account the so-called E-
model has been standardized by ITU-T [3]. This is objective
performance model whose results were shown to correlate well
with MOS grades. According to E-model the psychoacoustic
speech quality is defined as a non-linear additive function of
different impairments including network-related parameters.
The measure of quality is called R-factor and given by

R = R0 − Is − Id − Ie + A, (1)

where R0 represents noise and loudness in terms of the signal
to noise (S/N) ratio at 0dBr point, Is represents impairments
occurring simultaneously with speech, Id represents impair-
ments that are delayed with respect to speech, Ie is the effect
of special equipment, A is the advantage factor. In other
words, Id is the delay of voice signals being generated by a
sender to its playback by a receiver. Coding and compression
procedure is included in Is, while network loss-related quality
impairments are in Ie. Advantage factor accounts for special
environments where a user may sacrifice the quality with
respect to availability of the service. It is used to represent
the convenience of being able to make the phone call. The
value of R-factor is always in between 0 and 100.

In order to estimate the quality of voice communications all
the components in (1) have to be estimated. Assuming A = 0
and given a certain compression and coding algorithm the R-
factor becomes function of Id and Ie only. VoIP routes are
usually provisioned such that the delay impairment factor is
always less than maximum tolerable delay (150ms, [2]). In
this case the quality of speech transmission is dominated by
Ie. The effect of Ie has been found using extensive subjective
tests [11]. However, in [24] it has been demonstrated that
relying on the first-order statistics of the packet loss process
only may lead to different results in terms of the perceived
speech quality. The reason is presence of correlation in the
packet loss process. Indeed, state-of-the-art codecs are able
to cope with single packet losses reducing their effect using
extrapolation of the reconstructed signal. When losses occur

in batches extrapolation gives unsatisfactory results leading to
annoyable artifacts.

To take into account the effect of packet loss correlation
Clark [11] proposed to define two states in the packet loss
statistics, namely, loss state and and loss-free state. The pro-
posed model remains in loss state as long as there are no more
than m successfully received packets between two loss events.
If more than m packets are successfully received the model
jumps to loss-free state. The threshold m depends on the type
of the codec and its extrapolation capabilities. Whenever state
transition occurs, loss-related impairment Ie is computed. The
overall loss-related impairment is then computed as average
of loss and loss-free states impairments.

Authors in [24], [7] further extended this model to in-
corporate the delayed perception effect. Indeed, humans do
not instantly perceive changes in quality levels. Changes
in state transition are also differently perceived by users.
Specifically, transition from loss-free to loss state is usually
noticed faster compared to transition from loss state to loss-
free state. Authors in [24] demonstrated that this effect can be
fairly well modeled using exponentially decaying functions
with appropriate time constants. Integrating over all possible
durations of loss-free and loss states we get the time-averaged
loss-related impairments [11]. Substituting it to (1) we get the
so-called integral speech quality [24].

R factor

t

r1

r2

Fig. 1. Computing intergraded speech quality metric according to [24].

B. Video Streaming

Nowadays, the subjective MOS-based methods suggested
by ITU-T are the only standardized methods for assessing
quality of video information. These tests involve an audience
of people, who watch a video sequence and decide on its
quality under specific watching conditions. Statistical analysis
of the collected data is used to evaluate the quality of user
experience. Evaluating the MOS for video information is
more complicated task compared to audio information and
usually require more respondents to provide reliable estimates.
Objective performance metrics that correlate well with MOS
grades and would automate the process of video quality
assessment are still in their early stages. Standardization of
such metrics is the main task of video quality experts group
(VQEG) that was founded in 1997.

Based on the amount of information about the original
signal available at the point of evaluation objective video
quality assessment algorithms are classified into three groups.
These are full-reference (FR), reduced-reference (RR), and
no-reference (NR) algorithms. FR metrics require the entire
reference sequence to be available at the point of evaluation.
This is an important shortcoming limiting practical application
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of such metrics. Due to unavailability of the video sequence at
the receiving end FR algorithms cannot be used in operational
networks. NR metrics deal with distorted video only and do
not require the reference sequence at all. The main problem of
NR metrics is that it is often impossible to distinguish between
compression/network induced distortions and specific features
of a particular content. Thus, the design of NR algorithms
is extremely complicated task and only limited progress has
been made so far. RR metrics are a compromise between
FR and NR metrics. They extract a limited set of features
from the reference video and use this information at the point
of evaluation. This allows to distinguish between compres-
sion/network induced distortions and specific peculiarities of
a video sequence. RR algorithms can be used in network
environment given that some information about the original
signal is transmitted to the receiver.

The goal of any objective QoE metric is to produce video
grading that correlate well with grades produced by MOS tests.
There are a number of approaches to address this problem. One
of those is to capture properties of the human visual system
(HVS). However, operation of HVS is still poorly understood
making it impossible to isolate those properties that provides
the most influence on the perceived quality. During the first
call for proposals issued by VQEG a number of HVS-based
algorithms have been submitted. Detailed evaluation of these
algorithms demonstrated that none of those performed better
compared to conventional mean squared error (MSE) metric
[6]. Additionally, HVS-based algorithms are always of FR type
restraining their application in network environment. Indeed,
even partial information about the original signal is rarely
available at the receiving end.

1) RR Metrics: Most video quality assessment metrics were
derived from image quality assessment algorithms. Indeed, it
is natural to treat the video information as a sequence of still
images each of which is characterized by a certain quality
indicator. Thus, to evaluate video quality, we may apply pixel-
based image quality assessment algorithms on frame-by-frame
basis. Using such algorithms information about the quality of
an image generated by the source can be represented in a
compact form and can be transmitted to the receiving end
along with video sequence, e.g. in the packet header. At
the receiver the quality assessment algorithm estimates the
quality index for each received frame. Then, quality indices
are compared to those estimated at the receiving end and the
overall quality assessment index is computed. Note that within
this framework we do not distinguish between impairments
introduced by compression and transmission stages. Moreover,
complete decoding of the signal at the point of evaluation
is required. However, the proposed procedure resembles RR
algorithm and can be used in network environment.

To complement the proposed framework image quality
assessment criterion must be defined. Although there are a
number of such algorithms proposed to date, MSE and the
related peak signal-to-noise ratio (PSNR) are often used to
produce image quality index. Given two vectors describing the
original and distorted images �X = {x(i), i = 0, 1, . . . , N},

�Y = {y(i), i = 0, 1, . . . , N} MSE is defined as

m( �X, �Y ) =
1
N

N
∑

i=1

(xi − yi)2, (2)

and the corresponding PSNR becomes

p( �X, �Y ) = 10 log10

(

L2

m( �X, �Y )

)

. (3)

where L is the maximum possible pixel value of the image.
We note that MSE is easy to compute and implement. This

is the most often used metric for image quality assessment.
Over the years, researchers make themselves familiar with
MSE/PSNR allowing them to interpret the values immediately.
The main reason against using MSE/PSNR quality metric is
that it was reported to have poor correlation with MOS grades.
However, recent studies of VQEG group demonstrated that
MSE/PSNR provides performance comparable to advanced FR
metrics based on capturing properties of HVS system.

Another metric that can be used within the proposed frame-
work is structural similarity index (SSIM) proposed in [34].
The idea behind SSIM is that images are highly structured,
and that the eye is mostly sensitive to structural distortion. The
SSIM index expresses quality by comparing local correlations
in luminance, contrast, and structure between reference and
distorted images. Given signal vectors �X and �Y , the following
expression was proposed to compare local image luminance,
contrast and structural correlation

s( �X, �Y ) =
2µXµY + C1

µ2
X + µ2

Y + C1
+

2σXσY + C2

σ2
X + σ2

Y + C2
+

+
2σXY + C3

σXσY + C3
, (4)

where µX and µY are sample means, σX and σY are sample
variances, σXY is sample cross-covariance between �X and
�Y . Constants C1, C2 and C3 are used to stabilize SSIM
when means and variances become small. Performance of
SSIM index was reported to be significantly better than that of
MSE/PSNR metric. The algorithm is also simple and can be
easily implemented in software. In [20], [35] SSIM was used
as a basis for video quality assessment algorithm.

Note that both SSIM and MSE/PSNR quality indices are
defined as performance degradation of the distorted image
with respect to the original one. Since within the proposed
framework full information about the original images is not
available at the receiving end, MSE/PSNR or SSIM quality
indices have to be computed at the sender with respect to
some well-known reference signal. It is important that this
reference signal is not required to be different for different
images. As a result, simple reference signal can be used, e.g.
blank image with all coefficients set to zero. To obtain the
perceptual quality of the video sequence, quality indices for
distorted images are computed with respect to the reference
signal and then compared to those received from the sender.
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2) NR Metrics: Although a lot of effort in video quality
assessment has been devoted so far to evaluating the effect
of coding and compression techniques there is also a growing
interest in metrics designed to explicitly measure the impact of
network losses on video quality. Since network losses directly
affects the quality of the received video sequence, most of the
proposed approaches are based on extracting information from
the received bitstream. These approaches are inherently of
NR type requiring no reference information about the original
signal at the receiving side. On the other hand, they require
partial or complete decoding of the bitstream which is usually
done at the receiving end and require a lot of computational
efforts. As a result, it is not feasible for network operators
and service providers that may want to use perceptual quality
metrics for their specific network optimization purposes.

Another approach to define NR quality assessment algo-
rithm is to determine the relation between network-related
parameters and quality assessment metric i.e. provide the map-
ping of the network intrinsic QoS parameters such as delay and
packet losses to perceived video quality, Although this topic
has not been extensively addressed in the literature, nowadays,
researchers start to recognize its importance. A throughout
end-to-end theoretical analysis of user-perceived quality has
been carried out in [29]. Authors took into account many fac-
tors affecting perceived quality of video applications including
distortions introduced by the network and codec as well as
performance gain provided by error concealment techniques.
The performance metric of interest was MSE. Although the
proposed approach does not require availability of the video
sequence at the receiving end, no general network performance
metric of interest that can be directly mapped to user perceived
quality was proposed. In a number of papers [19], [25], [18],
seeking for a metric that directly maps network losses to the
perceived video quality, authors considered the effect of errors
visibility in the video sequence. Particularly, in [19], [18]
authors introduced artificial losses to the video sequence and
tried to test whether these losses are visible to the viewer. They
performed a very detailed statistical study of the packet-loss
visual impact on the decoding video quality for MPEG-2 video
sequences, specifying the various factors affecting visibility of
losses such as maximum number of frames affected by the
packet loss, on what frame type the packet loss occurs etc. In
[25] authors extended their previous work to the case of NR
video quality metric. They considered MSE to be a candidate
metric and use the framework proposed in [29] to provide
direct mapping between the losses experienced in the network
and MSE. Similar type of the study was published by Tao et al.
[31], where authors proposed real-time monitoring system that
does not require availability of video sequence at the receiving
end. The recent study that tried to map network losses to user-
perceived quality is due to Koumaras et al. [20]. In this study
SSIM was chosen as a quality assessment criterion. However,
the proposed framework requires exact information about the
affected frames limiting its usage to on-line implementation.

Unfortunately, all of abovementioned studies failed to iden-
tify generic network performance metric that can be directly

mapped to user perceived quality. Although these studies are
still very important and the corresponding frameworks can be
implemented to monitor user-perceived quality in real-time,
they are still inappropriate for pre-evaluation of video services.
Additionally, most of those models proposed so far are very
codec specific. Finally, they require knowledge of the place in
the bitstream where packet loss occurs. The reason is that most
video compression standards try to benefit from both spatial
and temporal redundancy existing in uncompressed video
sequence (see e.g. [1]). Thus, depending of the type of the
corrupted frame packet losses may propagate to preceding or
subsequent frames in time as well as to adjacent macroblocks
in space. However, usage of error concealment techniques at
the decoder limits both the effect of packet loss and the degree
or error propagation in space and time.

III. NETWORK PERFORMANCE METRICS

Basically, there are two major network characteristics af-
fecting the quality of real-time media communication. These
are packet loss and delay processes experienced by individual
sources. Although real-time applications are highly sensitive
to packet delays, the loss process is known to dominate
performance degradation. There is strict deadline for packet
arrival to the receiver and, if a certain packet is late, it is lost.
As a result, meeting the delay requirements in the network is
essential for adequate performance of real-time applications.
However, even if delay requirements are satisfied, losses may
restrain acceptable operation of the service.

A. Burstiness of the Packet Loss Process

In performance modeling studies network servicing points
are usually represented using queuing models. Loss-related
performance measures include probability functions of the
number of lost packets in a time interval or time between
consecutive packet losses. Very often loss-related performance
measures are limited to the mean values, e.g. loss ratio. The
reason is that they can be easily estimated using conventional
performance modeling techniques such as queuing theory.
However, problems arise when these measures are related
to perceived quality. These parameters attribute the same
importance to any lost packet and do not capture the temporal
dependence between successive loss events. However, it has
been recently demonstrated that burstiness of the packet loss
process plays important role in perceived quality degradations.
The underlying reason for this effect is that spatially-temporal
extrapolation capabilities of video codecs are sufficient to ef-
fectively conceal the effect of single packet loss. When losses
occur in batches extrapolation gives unsatisfactory results.

Statistical characteristics of the packet loss process in the
Internet were the subject of study in many papers. Recent mea-
surements in the Internet demonstrated that the loss process
may have time-varying behavior which also leads to clipping
of the packet losses. Particularly, Yajnik et al. demonstrated
this effect in [36]. Authors in [37] considered temporal prop-
erties of many Internet path properties. They reported that one
the possible causes for non-stationary behavior of performance
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metrics in the Internet is limited lifetimes of Internet routes.
Indeed, approximately 10% of commercial Internet routes
have lifetimes of few hours of even less resulting in abrupt
changes in time-varying behavior of the packet loss process.
Another reason for bursty nature of the packet loss process
is the droptail queuing discipline which still dominates in
the Internet. It has been demonstrated analytically and using
measurements that under droptail assumption the loss process
evolve in cycles where packet losses tend to occur in bursts
[23]. As a result, it is natural to expect that real-time media
applications experience burstiness in the packet loss process.

Up do date only few studies tried to evaluate the effect
temporal dependence found in the packet loss process on
perceived quality of video content. Using packet loss bursts of
different length Liang et al. demonstrated that it significantly
affects MSE measure of the picture quality [21]. Using Gilbert-
Elliot model of packet losses with different autocorrelation
properties it has been shown that the perceived video quality
may significantly vary for the same packet loss ratio [9].
Using different objective and subjective performance metrics
importance of the correlation in the packet loss process have
been reported in some other studies [28], [8], [16]. Summa-
rizing, the same number of lost packets can have drastically
different effect depending on the amount of memory of the
packet loss process. It is also important to note that none of
abovementioned studies tried to relate network parameters to
perceived quality of service.

B. Descriptors of Temporal Dependence

Description of the temporal properties of the loss process
in telecommunication networks has been the subject of studies
for several decades Usually, there are two ways to approach
this problem. According the the first approach we directly
observe statistical characteristics of the loss process and use a
model to capture it. To follow this approach we should have
operational network and capture loss statistics under existing
load. In this case we are limited to a given load and sensitivity
analysis is not easy to perform. Using this approach it was
demonstrated that the loss process may follow well-known
on-off overflow process with exponentially or geometrically
distributed on and off periods. Since then many authors
just assumed this property for loss process. However, the
actual loss process may significantly deviate from memoryless
distributions of loss and lossless periods. For example, Yajnik
et al. [36] demonstrated non-stationary behavior of the packet
loss process and then used renewal, 2-states Markov model and
k-order Markov models to capture statistical characteristics of
covariance stationary parts of the loss process [36].

Another approach is to analyze the queuing model repre-
senting a certain servicing element at which losses occur. The
advantages of the this approach is that if the system is tractable
for temporal descriptors of loss statistics we can immediately
obtain the loss response to a wide variety of arrival statistics.
Within the scope of teletraffic theory there was a large work
carried out to describe overflow processes in circuit-switched
network. Most of those are based on assumption of Poisson

arrival process and/or exponentially distributed holding times.
However, these assumptions are far from realistic for modern
packet-switched networks. Among others, we mention studies
of Van Doorn [33] and Meier-Hellstein [22] who characterized
overflow process arising in finite-capacity queues. In the
beginning of 90th researchers started to understand importance
of temporal dependence in the packet loss process. Loss-
related performance metrics that capture temporal properties
of the packet loss process are nowadays considered as potential
candidates for network-related objective performance metrics
for media applications. To date a number of such metrics have
been proposed. Depending on the required accuracy temporal
dependence in the packet loss process can be described using

• autocorrelation function;
• conditional loss probability;
• distribution of the lost period;
• distribution of the number of consecutively lost packets.

Autocorrelation function of the loss process describes the
magnitude of linear dependence between successive sections
of the loss process. In some studies autocorrelation function of
the loss process was the performance metric of interest. Lag-n
autocorrelation as well as loss period distribution have been
derived in [32] for discrete-time queuing system modeling the
switching element in ATM network fed by superposition of
homogenous on-off sources. The computational complexity of
the approach is fairly low. As one might argue the dependence
between successive loss events may deviate from linear. As a
result, autocorrelation function might give incomplete infor-
mation about temporal dependence in the packet loss process.

Conditional loss probability is defined as the probability
of the packet loss given that previous packets has also been
lost. Among others, Schultzrinne et al. considered conditional
loss probability as a descriptor of temporal dependence in
the packet loss process [27]. They analyzed finite capacity
queuing system in discrete-time fed by superposition of inter-
rupted Poisson processes. The service time was assumed to
be constant and equal to the unit time. The loss probability
conditioned at previous loss event was derived for a single
source in presence of other sources constituting background
traffic. Among other conclusions, authors demonstrated that
the dependence in the input source characteristics may have
significant effect on the loss process while the effect of the
buffer size is almost negligible. They also highlighted that
when the share of the single source is less than 10% losses tend
to occur almost randomly. To the best of author’s knowledge
this was one of few studies where temporal dependence in the
packet loss process from a single source has been considered.
Ferrandiz and Lazar developed a theoretical framework for
analysis of temporal dependence in the packet loss process in
queuing systems [12], [13]. However, the complexity of their
approach restrain its wide usage. In [13] M/G/1/K queuing
system with two arrival processes has been considered. Con-
ditional loss probability has been obtained for a single source.
In principle, conditional loss probability is versatile parameter
that may potentially provide good correlation with MOS-based
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grades. However, it is limited to the number of loss events
that are explicitly taken into account. Since many authors
usually limit themselves to the event of previous packet loss,
conditional loss probability also gives incomplete description
of the temporal dependence in the loss process.

Loss and lossless periods distributions are often considered
as a general descriptor of the temporal dependence as they
may potentially give whole description of the memory of
the loss process. Some authors considered infinite capacity
queue and approximated the loss period as the steady-state
fraction of time during which the buffer content stays above a
certain threshold. Following this approach Kamitake and Suda
[17] evaluated the loss period generated by the time-varying
number of sources each of which follows Bernoulli arrival
process. They firstly computed the steady-state loss rate when
the number of sources is kept constant. Then they allowed the
number of sources to be time-varying and use the computed
loss rate to evaluate steady-state fraction of time when the
number of packets stays above some threshold. In [26] authors
demonstrated that for M/G/1 continuous time and D[Geo]/D/1
discrete-time infinite capacity queuing systems there is signif-
icant temporal dependence in the packet loss process caused
by excessive delays. Authors also derived expression for
distribution of loss periods for considered queuing systems
and demonstrated that the assumption of completely random
losses may severely affect its form. Although conditional loss
probability was the main metric of interest in [30], authors also
derived different descriptors of the loss process including the
length of the loss period and the number of consecutively lost
packets. As we already observed in Section II the number of
consecutively lost packet is important performance metric are
of paramount importance in assessing quality of user experi-
ence for VoIP applications. Additionally, that study confirmed
that the loss period distribution depends on the burtiness of
arrival process. Transform of the loss period has also been
derived in [14] for the case of finite capacity queue, Markov
modulated arrivals, and exponentially distributed service times.
We note that assumption of exponentially distributed service
times is not appropriate for modern networks as it rarely holds
in practice. In [15] author analyzed the loss and lossless peri-
ods for continuous-time infinite capacity queuing system with
bursty arrivals. Loss period distribution have been considered
in [10]. Authors assumed discrete-time finite capacity queuing
system with N on-off homogenous arrival processes. They
confirmed results of [26], [27] stating that the loss period
distribution is essentially insensitive to the buffer capacity. It
is important to note that most studies provided expressions
for loss period only. However, we discussed that not only
loss period distribution is of special interest in accessing
performance of modern media services but lossless period
distribution too.

Note that for discrete-time queuing systems the loss period
distribution is often described as the number of successive
slots during which packet losses consecutively occur. This
metric, however, does not quantify numerically how many
packets have been lost during the loss period. As a result,

this metric is impossible to relate to the perceived quality
of real-time applications. The distributions of the number
of consecutively lost and successfully transmitted packet is
another metric describing temporal dependence in the loss
process that do not suffer from this shortcoming. Particularly,
these measures can be directly used in Clark’s and Raake’s
integrated objective quality assessment algorithms for VoIP
which we discussed in Section II. Recently, these metrics
and Raake’s model were used to implement perceived quality
monitoring system for VoIP traffic multiplexed over IEEE
802.16 wireless channel [7]. The distribution of the number
of consecutively lost packets might also be good choice for
video quality assessment algorithms. Indeed, such metric can
be related to the number of successive macroblocks in a single
frame that are simultaneously affected. Given a certain degree
of error concealment implemented in a certain decoder, one
can further get information about the level of performance
degradation. To the best of authors’ knowledge [30] is the
only study where authors derived distribution of the number of
lost packets during the loss period in D-BMAP/D/1/K queuing
system. Unfortunately, the proposed numerical solution was
found to be too complex for implementation.

IV. CONCLUSIONS

In this paper we highlighted those problems arising when
evaluating perceived quality of media applications. Firstly,
we argued that when it comes to monitoring hundreds of
hours/channels of media information, objective video qual-
ity metrics are the only practical solution. While there is
a well defined model for objective quality assessment of
voice transmission in the network, it is still inadequate for
packet networks where packet loss process may have memory
properties. We reviewed several extensions that explicitly takes
into account packet loss clumping in the network. We also
demonstrated that there are no objective performance metrics
suitable for video streaming applications.

We identified and discussed two general frameworks for
video quality assessment. The first approach is of RR type,
where quality of video sequence is compared on frame-by-
frame basis using a certain pixel-based image quality index.
This approach requires complete decoding of the bitstream,
and thus, not suitable for network operators and service
providers. Another approach is to determine network perfor-
mance metric that correlates well with subjective quality as-
sessment grades. Since the burstiness of the packet loss process
is claimed to be the dominant factor affecting performance
of real-time media applications in the Internet we defined a
number of metrics used to represent temporal dependence in
the packet loss process. These metrics are expected to provide
good correlation with MOS-based grades.

Finally, attempting to provide relation between quality of
user experience and network performance characteristics we
discussed those limited number of studies that tried to derive
properties of loss process describing its temporal character-
istics. Despite of some efforts made in the past, only little
progress has been made so far implying that we are still at
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the early stage of clear understanding how important temporal
dependence in the loss process might be. These efforts should
be significantly expanded to include advanced performance
models. Finally, parameters describing temporal dependence
in the packet loss process should also be related to perceived
quality of real-time applications providing network-related
metrics that can be used by network operators and service
providers in their performance evaluation/optimization tasks.

REFERENCES

[1] Information technology – coding of moving pictures and associated
audio for digital storage media at up to about 1.5Mbit/s – Part 1:
Systems. Technical report, ISO/IEC 11172-1, 1993.

[2] One-way transmission time. ITU-T recommendation G.114, ITU-T,
1996.

[3] The E-model, a computational model for use in transmission planning.
ITU-T recommendation G.107, ITU-T, 2003.

[4] Network performance objectives for IP-based services. ITU-T recom-
mendation Y.1541, ITU-T, Geneva, Switzerland, November 1994.

[5] Terms and definitions related to the quality of telecommunication
services. ITU-T recommendation E.800, ITU-T, Geneva, Switzerland,
November 1994.

[6] Final report from the video quality experts group on the validation of
objective models of video quality assessment. phase I. VQEG Final
Report, VQEG, http://www.vqeg.org/, March 2000.

[7] T. Bohnert, D. Staehle, G.-S. Kuo, Y. Koucheryavy, and E. Monteiro.
Speech quality aware admission control for fixed IEEE 802.16 wireless
MAN. In IEEE ICC, page to appear, 2008.

[8] I. Bouazizi. Estimation of packet loss effects on video quality. In
IEEE International Symposium on Control, Communications and Signal
Processing, pages 91–94, 2004.

[9] G. Cermak. Multimedia quality as a function of bandwidth, packet loss
and latency. Int. J. Speech. Tech., 8:259–270, 2005.

[10] W.-Y. Choi and C.-H. Jun. Exact loss performance analysis of an
ATM multiplexer withhomogeneous discrete-time on-off sources. In
Next Generation Teletraffic and Wired/Wireless Advanced Networking,
pages 824–827, Nov. 1995.

[11] A. Clark. Modeling the effects of burst packet loss and recency on
subjective voice quality. In IP Telephony Workshop, page available at:
http://www.ocecpr.org.cy/media/documents/Reports/, 2001.

[12] J. Ferrandiz and A. Lazar. Consecutive packet loss in real-time packet
traffic. In IFIP 4th International Conference on Data Communication
Systems, pages 306–324, 1990.

[13] J. Ferrandiz and A. Lazar. Rate conservation analysis of the multiclass
M/G/1/B queue. In IEEE Infocom, pages 1474–1480, 1991.

[14] D. Fiems and H. Bruneel. On the packet loss process at a network node.
In Next Generation Teletraffic and Wired/Wireless Advanced Networking,
pages 11–20, 2007.

[15] Y. Hiroshi. Cell/packet loss behavior in a statistical multiplexer with
bursty input. Perf. Eval., 17(2):77–90, 1993.

[16] C. Hughes, M. Ghanbari, D. Pearson, V. Seferidis, and J. Xiong.
Modeling and subjective assessment of cell discard in ATM video. IEEE
Trans. Image Proc., 2(2):212–222, 1993.

[17] T. Kamitake and T. Suda. Evaluation of an admission control scheme
for an ATM network considering fluctuations in cell loss rate. In IEEE
Globecom, pages 1774–1780, 1989.

[18] P. Kanumuri, S. Cosman, A. Reibman, and V. Vaishampayan. Modeling
packet-loss visibility in MPEG-2 video. IEEE Trans. Mult., 8(2):341–
355, 2006.

[19] S. Kanumuri, S. Subramanian, P. Cosman, and A. Reibman. Predicting
H.264 packet loss visibility using a generalized linear model. In
IEEE International Conference on Image Processing, page avaialbe at:
http://www.code.ucsd.edu/ pcosman/pcpapers.html, Oct. 2006.

[20] H. Koumaras, A. Kourtis, C.-H. Lin, and C.-K. Shieh. A theoretical
framework for end-to-end video quality prediction of MPEG-based
sequences. In IEEE International Conference on Image Processing,
pages 62–69, 2007.

[21] Y. Liang, J. Apostolopoulos, and B. Girod. Analysis of packet loss for
compressed video: does burst-length matter? In IEEE ICASSP’03, pages
V–684–7, 2003.

[22] K. Meier-Hellstern. The analysis of a queue arising in overflow models.
IEEE Trans. Comm., 37(4):367–372, Apr. 1989.

[23] J. Padhye, V. Firoiu, D. Towsley, and J. Kurose. Modeling TCP reno
performance: a simple model and its empirical validation. IEEE Trans.
Netw., 8(2):133–145, Apr. 2000.

[24] A. Raake. Short- and long-term packet loss behavior: Towards speech
quality prediction for arbitrary loss distributions. IEEE Trans. Audio,
Speech and Language Proc., 14(6):1957–1968, 2006.

[25] A. Reibman, V. Vaishampayan, and Y. Sermadevi. Quality monitoring
of video over a packet network. IEEE Trans. Mult., 6(2):327–334, 2004.

[26] H. Schulzrinne and J. Kurose. Distribution of the loss period for some
queues in continuous and discrete time. In IEEE INFOCOM, pages
1446–1455, Oct. 1991.

[27] H. Schulzrinne, J. Kurose, and D. Towsley. Loss correlation for queues
with bursty input streams. In IEEE ICC, pages 219–224, Jun. 1992.

[28] C. Snyder, U. Sarkar, and D. Sarkar. Effects of cell loss on MPEG
video: analytical modeling and empirical validation. In IEEE ICME’02,
pages 457–460, 2002.

[29] K. Stuhlmuller, N. Farber, M. Link, and B. Girod. Analysis of video
transmission over lossy channels. IEEE JSAC, 18(6):1012–1032, 2000.

[30] T. Takine, T. Suda, and T. Hasegawa. Cell loss and output process
analyses of a finite-buffer discrete-time ATM queuing system with
correlated arrivals. IEEE Trans. on Comm., 43(2/3/4):1022–1037,
February/March/April 1995.

[31] J. Tao, T. Apostolopoulos and R. Guerin. Real-time monitoring of video
quality in IP networks. IEEE Trans. Netw., page to appear, 2008.

[32] J.-L. Tseng and J. Meyer. Exact and approximate analysis of ATM cell
loss correlation. In IEEE IPDS, pages 120–129, 1996.

[33] E. Van Doorn. On the overflow process from a finite markovian queue.
Perf. Eval., 4(4):233–240, Nov. 1984.

[34] Z. Wang, A. Bovik, H. Sheikh, and E. Simoncelli. Image quality
assessment: from error visibility to structural similarity. IEEE Trans.
Image Proc., 13(4):600–612, Apr. 2004.

[35] Z. Wang, L. Lu, and A. Bovik. Video quality assessment based on
structural distortion measurement. Signal Processing, 19(2):121–132,
Feb. 2004.

[36] M. Yajnik, S. Moon, J. Kurose, and D. Towsley. Measurment and
modeling of the temporal dependence in the packet loss. In IEEE
Infocom, March 1999.

[37] Y. Zhang, N. Duffield, V. Paxson, and S. Shenker. On the constancy of
Internet path properties. In Proc. ACM SIGCOMM Internet Measurement
Workshop, pages 197–211, Nov. 2001.

18th ITC Specialist Seminar on Quality of Experience

131



18th ITC Specialist Seminar on Quality of Experience

132



Chapter 5

Performance Modeling

18th ITC Specialist Seminar on Quality of Experience

133



18th ITC Specialist Seminar on Quality of Experience

134



Abstract—We propose simple models for performance 
analysis of real-time traffic, based on the so-called quasi-
stationary assumption. This approach allows us to capture 
both packet-level and flow-level traffic fluctuations. 
Specifically, key performance indicators like packet loss, 
delay and jitter, are first derived from the analysis of 
packet-level models and then "modulated" by the long-term 
traffic variations created by the flow level dynamics. 
Besides, flow-level performance parameters, such as the link 
congestion probability, are shown to be meaningful 
indicators. Some examples of application to IP network link 
sizing illustrate the practical interest of the approach.  

Index Terms—Network sizing, performance evaluation, 
traffic modelling.

I. INTRODUCTION

ESPITE considerable research efforts in the past 
decades, there is currently no clear consensus about 

simple yet representative performance formulas to be 
used for dimensioning IP links carrying real-time traffic. 
Some Key Performance Indicators (KPIs) have been 
standardized by IETF [10][11][12] and ITU-T [19][20] 
and are commonly used to measure the quality of real-
time services (VoIP, audio and video streaming, TV). 
There is no simple analytical tool that allows engineers to 
predict this quality and size the network accordingly. 

We propose an approach based on the notion of quasi-
stationarity that allows us to capture traffic fluctuations at 
multiple time-scales. The central idea is to first compute 
the KPIs using a packet-level traffic model under an 
assumed fixed load (short time-scales), and then to 
modulate these KPIs by a distribution of load estimated 
through a flow-level traffic model (long time-scales). The 
approach may be viewed as a way to handle the non-
stationary fluctuations of traffic at packet level that lead 
to well-known statistical traffic characteristics like self-
similarity and long-range dependence [13].  

The Quasi-Stationary (QS) approach has already been 
used for traffic modelling, mainly in the context of 
streaming/elastic traffic integration. Specifically, the 
mean throughput of elastic data transfers is evaluated 
assuming the flow-level dynamics of the streaming traffic  
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occur on a relatively slow time scale compared to those 
of the elastic traffic, see e.g. [2][5][7][8]. The QS 
approach has also been applied by Frater and Rose [9] to 
VBR video traffic in the context of ATM networks and 
by Lindberg [16] to pure VoIP traffic. In the present 
paper, we develop the modelling approach in the general 
framework of IP multiservice networks. However, as a 
first attempt, we only consider real-time traffic in 
isolation, reserving for future work the study of possible 
priority systems for class of service differentiation or the 
impact of data traffic elasticity on real-time traffic 
performance. 

The general principles of QS modelling are exposed in 
Section II. In Section III we review some well-known 
traffic models at flow level and recall related KPIs like 
blocking or congestion probability. Section IV uses the 
QS framework to analyse the packet delay distribution, 
either with infinite or finite buffer size, and deduce the 
associated KPIs. Two specific traffic models, dedicated to 
VoIP or multiservice aggregates, are described in Section 
V and applied to link sizing issues in Section VI. Section 
VII concludes the paper. 

II.QUASI-STATIONARY APPROACH 

A. General principles 
Quasi-stationary traffic models analyse the 

superposition of long-term rate fluctuations due to the 
dynamics of flow transfers and short-term variations at 
packet level. A succession of stationary states is assumed, 
each with a constant rate, or a constant number of flows, 
within which packet-level traffic can be viewed as a local 
stochastic process in equilibrium and independent from 
each flow state to another [7].  

Within each flow state, the probabilistic performance 
parameter under study is conditioned on the number of 
flows, or bit rate. The global performance is then 
obtained by unconditioning among all possible flow 
states, i.e., by computing a weighted mean of the local 
performance indicators. 

Consider a network link of capacity C (bits/s) on which 
is observed the evolution of a bit rate process in 
stationary regime. Denote by R(t) the time-varying bit 
rate of the overall aggregated real-time traffic offered to 
the link. Stationary bit rate "states" R are supposed to 
follow some statistical distribution with density P(R). All 
along the text, we will rely as much as possible on such a 
continuous rate representation of traffic, in order to derive 
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general results. When applicable, and for most of the 
practical examples, a discrete formulation in terms of the 
number of active flows n and the associated steady-state 
distribution π(n), will be used. 

Traffic is composed of flows, possibly of infinitesimal 
rate in order to cover the continuous rate representation. 
Their duration is assumed to be an exogenous
characteristic that is independent of the congestion state 
of the considered resource. Flow rates might be 
temporarily altered due to an overflow of the capacity 
limit, thus leading to packet loss, but without having any 
impact on their duration, hence on the number of flows in 
competition. In other words, flows are considered non-
responsive. Such flows are, e.g., those generated by real-
time services or by data transfers carried on high-speed 
links (where traffic elasticity is thus not effective). 

For a given bit rate R, assume a probabilistic packet-
level performance indicator Q(R): packet loss probability, 
mean waiting delay, or extreme delay probability (jitter) 
for instance. According to the principle of the QS 
approach, we obtain the overall performance indicator Q
by unconditioning among all possible flow states, in 
application of the theorem of total probabilities: 

{ })state(Pr)( == •
R

RdRQQ .     (1) 

B. Packet weighting 
In such a formulation, there is no ambiguity in the 

conditional performance indicator Q(R). The state 
probability raises more subtle questions. Whenever the 
number of targeted packets, on which the performance 
indicator is to be evaluated, does not depend on the total 
bit rate, the state probability as viewed from those 
packets is equal to the stationary flow state probability 
π(n) or P(R)dR and the overall performance indicator 
writes: = )()( nQnQ π  or =

R
dRRPRQQ )()( . This 

is the case, for instance, when we focus on VoIP 
performance in the context of multimedia traffic 
multiplexing where the weight of voice traffic can be 
considered negligible against that of the aggregate.  

Suppose now that the sought performance indicator is 
to be estimated among one class j of packets only (we 
provide more details on multi-class traffic in the next 
section). Then the state probability actually is the 
probability that the system is in state n (here a multi-
dimensional vector) as seen by a random packet of class j.
Moreover, when class j is a multiplex of homogeneous 
CBR streams, which is typically the case of VoIP calls, 
the number of targeted packets is proportional to the 
number nj of class-j flows, leading to the global 
performance indicator: 
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To cover all possible weighting functions, we denote 
G(R) the general form of the packet weighting factor. In 
other words, d(Pr{state = R}) = G(R) P(R) dR as viewed 
from packets, and the overall performance indicator is: 

=
R

dRRPRGRQQ )()()( .      (3) 

The fluid model of packet loss constitutes a very 
simple, yet illustrative, example of the QS approach. As 
an instance of the packet level performance indicator Q,
we denote PL the packet loss probability. According to 
the fluid approximation, if the bit rate R is no greater than 
link capacity C, no packet loss occurs; if R > C, the traffic 
is carried at maximum speed C, instantaneously rejecting 
all packets in excess. On small time scales, the offered bit 
rate and number of packets are proportional, if we assume 
fixed-length packets, hence the packet loss probability at 
state R writes: PL(R) = (R – C) / R.

Applying (3) with G(R) = R / E[R] as the weighting 
function, the overall packet loss probability becomes: 

,
][E

])[(E)()(
][E

1
R
CRdRRPCR

R
P

RL

+
+ −=−=   (4) 

where the notation (X)+ is used to denote max(X, 0). The 
latter expression reflects the classical direct definition of 
fluid packet loss probability as the expectation of excess 
rate relative to the mean rate. It is clear that (4) could not 
have been retrieved as such without the packet weighting 
factor G(R).

III. FLOW LEVEL MODELLING

A. Stationary flow states 
Let us now review some classical flow level models 

and the performance indicators we may derive from them. 

Single class of flows. First, consider a superposition of 
traffic flows having a common and constant bit rate. The 
assumption of CBR flows is well-adapted to voice calls 
or video streams with constant rate coding; it might be 
reasonable for long data transfers with external (access) 
rate constraints. For VBR streaming flows, we might rely 
to the same framework by considering the worst case of 
peak-rate CBR flows, keeping the overall load constant, 
thus obtaining upper bounds to the performance.  

State probabilities here can be expressed in terms of 
the number of flows in progress. They may follow one of 
the classical distributions: (i) a Poisson distribution, as 
the output of an M/G/∞ queue [15], when an infinite 
population of users generates a Poisson process of call 
arrivals, and when no limit is set on the number of 
concurrent flows; (ii) a Binomial distribution in the same 
conditions, but when a finite population generates a 
superposition of On/Off processes with arbitrary, but 
identical for all users, On and Off period distributions; 
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(iii) an Erlang or Engset distribution for infinite and finite 
population, respectively, when a Connection Admission 
Control (CAC) procedure is in order. 

If the common flow rate is r, the number of flows is     
n = R / r and we define the link capacity in terms of 
"equivalent circuits" as S = C / r. Although not necessarily 
required, S will be conveniently assumed to be an integer. 
We recall the flow distributions when CAC is performed: 
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where A is the offered traffic at flow level, the product of 
arrival rate by mean flow duration. 
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where N is the number of traffic sources and a the 
individual offered traffic, i.e. the ratio of mean On period 
duration on mean Off period duration; a is related to the 
mean per-user activity ratio p (probability of On period) 
by the relation  a = p / (1 – p). In that finite population 
case, A = N p is the flow-level offered traffic. 

Obviously, the Poisson and Binomial distributions are 
the limits of (5) and (6), respectively, when capacity S
tends towards infinity (and A kept constant in both cases). 

Multi-rate flows. Consider now a set of J classes of 
flows with individual rates rj, j = 1,J.

The total rate is
=

=
Jj

jjrnR
,1

when Jjjnn ,1)( ==  defines 

the state of flows at any given time. The flow process 
evolves according to a very general form of the stationary 
state probabilities ),,()( 1 Jnnn ππ = over all feasible 
states n, i.e., those states which fulfil the requirement 

Crnrn
Jj

jj ≤=
=

•
,1

 when a CAC procedure is in action 

(if not, no limit is set on the flow state space). 
When flows arrive according to independent Poisson 

processes, the state probabilities simply write as: 
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where Aj is the traffic offered by class j flows. The zero-
state probability π(0) is obtained by the normalization 
condition that all feasible state probabilities sum to 1. 

Note that, for present purposes, we do not need to 
compute all state probabilities; only those of the total bit 
rate are required. When all rate parameters, C and (rj)j=1,J,
can be assumed integers, we conveniently use the 
Kaufman-Roberts (K-R) recursion formula [14][17] to 
successively compute the state probabilities Π(R) of the 
ordered total bit rates: 

.)(1)(
,1=

−Π=Π
Jj

jjj rRrA
R

R        

The K-R recursion formula is valid only for Poisson 
arrivals (thus for an infinite source population) and when 
the only constraint, if any, is imposed by link capacity. 

Gaussian approximation. For multi-rate classes with 
numerous customers, the total rate distribution may be 
assumed continuous and all packets can be handled as a 
whole. In each class, the first two moments of the number 
of flows distribution are supposed to be known. Then the 
total rate, assuming the number of flows within classes 
evolve independently, is supposed to approximate a 
Gaussian distribution with mean and variance: 

=
=
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It is clear that assuming an overall Gaussian bit rate, 
with moments obtained by summing individual moments 
of elementary classes, greatly simplifies the flow-level 
analysis. An example illustrating the superposition of 
some real-time services will be given in Section VI. 

B. Congestion and blocking 
Some performance indicators can be computed at the 

flow level. First, for any continuous state probability 
distribution, the link congestion probability is defined by: 

{ } ∞
=≥≡

CC dRRPCRP )(Pr .     (7) 

In case of CAC, the congestion probability equals the 
stationary probability of saturating the capacity C. In all 
cases, the congestion states lead to very poor performance 
where calls are prone to rejection whenever CAC is 
deployed, and where the link buffer is almost 
permanently saturated. The congestion probability will 
prove to be a very useful performance indicator. 

In the discrete formulation in terms of flows, the 
blocking probability is the adequate performance 
indicator when CAC is deployed and the blocked flows 
are cleared (no waiting). For a single class with an 
infinite population and Poisson arrivals, the blocking 
probability is given by the Erlang-B formula: PB = π(S) as 
given by (5). Because of the Poisson nature of flow 
arrivals, PB is also the flow rejection probability, so that 
the carried traffic is E[n] = A (1 – PB) = A (1 – π(S)).  

In case of a finite-size population with a single class, 
the stationary state probability π(S), given by (6), is not 
equal to the rejection probability, due to non-Poisson 
arrivals (the arrival rate is proportional to the number of 
idle sources). The relation between them is: 

       )()(
][E

SS
nN

SNPB ππ <
−

−= .      
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In the multi-rate flow model, a per-class blocking 
probability may be defined as: 

+•<≤•
=

irrnCrn
B niP )()( π .

Once more, it will prove convenient to assume integer 
bit rates and use the K-R recursion to compute blocking 
probabilities. Some distinction between blocking and 
rejection probabilities must be made when arrivals are not 
Poisson, in a similar way as in the single class system. 

It is important to note that E[n], or E[R], denotes the 
flow-level carried traffic, i.e., the effective load which is 
offered at packet level, and which we have to take into 
account when applying the packet-level models. It may 
result from admission control although such a mechanism 
is seldom implemented in present day packet networks. 

IV. PACKET DELAY PERFORMANCE

A. Overall delay distribution 
We first consider only one performance indicator 

related to packet delay: the probability that the queuing 
waiting time exceeds a specified target, given by the 
complementary cumulative distribution function (ccdf) of 
the packet waiting time. Conversely, the ccdf provides a 
packet jitter estimate defined as the maximum waiting 
time within a specified probability target.

Remark: The "network jitter" is defined in [19] as the 
statistical variation of packet delay with respect to a 
specified reference delay. If the chosen reference delay is 
the mean delay, then the standard deviation will be the 
proper jitter estimate (in quadratic terms); if the reference 
delay is 0 (the minimum waiting time), then some 
quantile of the distribution will provide a probabilistic
measure of the distribution spread.  

Fixed-length units queuing systems will be considered 
in the following, so that waiting times may be measured 
either in time units or in number of packet units via the 
relation T = X τ, where τ = L / C is the packet transfer time 
at link speed and L the fixed size of packets. The ccdf of 
packet waiting time is thus denoted: { }tTtQ >≡ Pr)(  or 

{ }xXxQ >≡ Pr)( .
Infinite buffer size is assumed for the moment; so that 

packets may only be delayed, not lost. However, the 
packet delay probability Q(x) in some way covers other 
indicators: first, it might be interpreted as the probability 
that "waiting delay > target or packet is lost", packet loss 
thus being assimilated to an infinite delay; second, we 
will see below that the function Q is asymptotically 
related to the flow-level congestion probability. 

We now apply the general QS principle given by (3), 
where Q(R,x) will denote the ccdf of packet waiting time 
conditioned on the current bit rate R (Q(n,x) will be used 
when conditioning on the number n of flows). 
When CR ≥ , the load is greater than 1, the queue is 
unstable and no stationary regime occurs (there are some 
exceptions in the critical regime where R = C). Thus, the 

probability of exceeding any finite target x is always 
equal to 1. This provides a trivial upper bound to the 
waiting time ccdf in overload. Equation (3) may then be 
re-written in the following form, with a bounded 
integration interval: 

−+≤
C

dRRPRGxRQxQ
0

)()()1),((1)( .    (8) 

In particular, Q(x) converges towards a positive limit 
when target delay x tends to infinity: when R < C, the 
queue length has a finite stationary regime and the ccdf 
Q(R,x) tends to 0. We deduce1:

∞

∞→ =∞ →
Cx dRRPRGQxQ )()()()( .    (9) 

The limit is equal to the flow level congestion 
probability PC when the gain function G(R) is uniform. In 
any case, the asymptotic value of waiting time ccdf is a 
strictly positive number of the same order of magnitude 
as the flow level congestion probability. In other words, 
the waiting time distribution has an atom in +∞; as a 
consequence, all its moments are infinite, particularly the 
mean and variance. This drawback is alleviated by 
considering a finite buffer.  

B. Packet delay with finite buffer 
We thus consider a queue with maximum size K + 1 

packets (K waiting positions and 1 service position). 
Since we seek the packet delay distribution conditioned 
to packet acceptation, the general form of QS equation 
(3) has to be re-written in a slightly modified way, taking 
into account the loss probabilities PK and PK(R):

−
−

=
R KK

K
K dRRPRGRPxRQ

P
xQ )()())(1(),(

1
1)( .(10) 

Note that, by definition, all QK functions are null 
outside [0; K[. We will further assume that packet waiting 
time is always equal to K when the load exceeds 1, since 
in such situations the buffer is almost permanently 
saturated. This is at least a conservative upper bound. 
Hence, when R > C, QK(R,x) = 1 for all x < K.

When the load is less than 1, we approximate the ccdf 
of packet waiting time by the truncation at K of the 
corresponding ccdf with an infinite buffer. The waiting 
time of any random packet in a GI/G/1/K queue is always 
less than in the corresponding GI/G/1 queue, 
conditionally to its acceptation. This is more easily seen 
by using the cumulative distribution function (cdf) QK

*:

                                                          
1 Actually, a rigorous derivation needs some care: the convergence 

of Q(R,x) towards 0 is not uniform on [0; C], since Q(R,x) tends to 1 
when R tends to C, for each x. However, we easily show, by 
decomposing the integration interval into [0; C-ε] and [C-ε; C], that 
convergence of Q(x) holds under the mild condition that the product 
G(R)P(R) remains bounded on [0; C].
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The above inequality comes from the sample-path 
comparison of the two corresponding queues, and holds 
as soon as the arrival process is General Independent (GI) 
and the service discipline is "first come first served" 
(fcfs). We deduce the conditional ccdf of waiting time: 

Kx
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RPxRQxRQ
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≤ 0,
)(1

)(),(),( .    

Note that this inequality also holds when the load is 
greater than 1, where Q(R,x) = 1. Replacing the latter 
expression in (10), and using (3) for packet loss 
probability, we get that the overall waiting time 
distribution has exactly the same kind of upper bound: 

Kx
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PxQxQ
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K <≤
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≤ 0,
1

)(
)( .    (11) 

The result (11) well illustrates that the single global 
QoS indicator "infinite buffer waiting delay" actually 
incorporates both the "finite buffer waiting delay" and 
packet loss indicators. Moreover, its main practical 
interest lies in the fact that waiting time distributions are 
much more difficult to obtain for finite queues than for 
infinite queues (see the M/D/1 example) and that, once 
Q(x) is known, so is QK(x) for any buffer size, provided 
the packet loss is also known.  

V. CASE STUDIES

We now develop two particular instances of the 
packet-level model, that of a link dedicated to VoIP 
traffic and that of a network link multiplexing an 
aggregate of multimedia services. 

A. VoIP traffic 
This case provides a traffic model where the packet 

delay distribution can be precisely computed. Here we 
will adopt the discrete version of flow states. 

Consider a link carrying only a superposition of voice 
calls (or, more generally, a superposition of homogeneous 
real time streams with identical coding characteristics). In 
stationary regime, the distribution π(n) of the number of 
concurrent calls is assumed Poisson or Binomial, 
according to population size, with mean A. We thus 
assume there is no admission control, in order to properly 
deal with packet level performance. 

Remark: It is always possible to account for silence 
suppression mechanisms allowed by voice codecs. Calls 
are thus composed of alternate series of bursts, "On" 

phases, and silences, "Off" phases. Denoting by POn the 
mean activity rate of calls, the stationary distribution of 
concurrent bursts is the same as if bursts were to appear 
according to the same process as calls do, as soon as the 
call arrival process is Poisson or the population size is 
finite [3]. This is independent of the internal structure of 
calls. It is thus possible to process bursts like calls with a 
reduced intensity A POn. In the following, we will use the 
term "flows" to mean "calls" or "bursts" as well, and will 
refer to A as the offered load for simplicity, although it 
may incorporate the burst activity ratio. 

Voice flows are made of periodical packet trains, with 
packet transmission time τ and inter-arrival time S τ on 
the link of capacity S. We assume that coding is uniform 
among all flows and that it has not been modified by 
other parts of the network. The packet level model for 
VoIP is thus an N*D/D/1/fifo queue. 

For a given number of flows Sn ≤ , the deterministic 
nature of inter-arrival and service times implies that there 
are at most n packets in the system. Thus any buffer size 

1−≥ SK  will be sufficient to guarantee that no packet 
loss occurs and that packet waiting time is within the 
interval [0; n]. Moreover, the waiting time is the same as 
if K were infinite. At the opposite, when n > S, the buffer 
is in quasi-permanent saturation state since, during each 
cycle, n packets arrive while the link can transmit only S
of them. The packet loss probability thus equals the fluid 
packet loss PL (4) introduced in Section II. The waiting 
time is assumed to be K in overload, as in the general 
case. Hence, a buffer size K equal to the link capacity S,
or S – 1, constitutes an optimum for VoIP traffic. 

Packet loss. Fig. 1 provides the fluid packet loss 
probability vs. offered load on a VoIP link. Some 
performance gain is achieved when considering finite size 
population, especially at moderate load levels. The fact 
that loss probability is an increasing function of 
population size N, contrary to intuition, is due to the 
variance expression of the Binomial distribution, which is 
N p (1 – p) and thus a decreasing function of the activity 
ratio p when the offered traffic N p is kept constant. 
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Fig. 1.  Fluid packet loss probability on a VoIP link for infinite and 
finite size populations  
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Fig. 2.  Distribution of the packet waiting time according to the VoIP 
traffic model, 0.9 load and various link capacities 

Packet delay distribution. The waiting time distribution 
for an N*D/D/1 queue is known and reported in [18]. The 
ccdf of the virtual waiting time W, or "unfinished work", 
defined as the waiting time an outside observer would 
experience, is: 

{ }

Sn
xmS
xnS

S
xm

S
xm

m
n

nxWxnQ

n

xm

mnm

V

≤
+−
+−−−−

=>≡

+=

−

,1

Pr),(

1

 (12) 

The distribution of real waiting time is different since 
packet arrivals are not Poisson. Being related to an actual 
packet arrival, this distribution is given by the stationary 
distribution of virtual waiting time for an n – 1 system: 

{ } SnxnQnxXxnQ V ≤−=>≡ ,),1(Pr),( .  (13) 

For an infinite buffer, we apply (2) to combine flow 
and packet models for one class, with weighting function 
G(n) = n /A, and obtain the overall ccdf of waiting time:  
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Note that we may incorporate a corrective term in (14) 
for integer S capacity values, as mentioned in [16]. In 
such cases, when state S comes from state S + 1, the 
queue can never empty, which invalidates (12) for n = S.

Waiting time ccdf curves are given in Fig. 2 for an 
offered load of 0.9 and various link capacities. They show 
a kind of binary behaviour, with in particular the 
asymptotic trend described in IV.A. In this deterministic 
model, Q(x) is indeed equal to the limit Q(∞) as soon 
as 1−≥ Sx . For small delays, the distribution coincides 
with the global M/D/1 distribution at same load. The 
latter provides a best case lower bound to the QS 
performance since it does not account for the two time 
scales, packets and flows, and so is not aware of the QS 
saturation states. 

For a finite buffer of size K, due to the fluid packet loss 
behaviour, the overall waiting time ccdf writes: 
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Since QK(n,x) coincides with Q(n,x) (13) when Sn ≤ , it 
turns out that the distribution QK(x) is, more precisely 
than the upper bound given in (11), a slight modification 
of the distribution Q(x) with infinite buffer: 
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B. Comparison with simulations 
For this specific case of VoIP traffic, we compare the 

theoretical results with packet-level simulations, with the 
aim of validating to some extent the approach. The QS 
assumption requires that the two time scales of flows and 
packets are well separated. The fluctuation time scale of a 
given traffic entity is typically the inverse of its arrival 
rate. Thus a rough estimate of the ratio between flow and 
packet time scales might be the mean number of packets 
per flow. We have the intuition that an order of 
magnitude of 100 or 1000 between these time scales 
might be enough. For streaming or real time services, 
VoIP, VoD, TV, etc., this ratio is high enough in most 
cases to ensure sufficient time to meet stationarity at 
packet level within each flow state. For signalling traffic 
or highly interactive data transfers (Web, gaming, etc.), it 
is much less probable that this requirement holds. Hence 
QS models appear well adapted to packet-level 
performance evaluation of real-time traffic. 

We performed quite simple event-driven simulations, 
using the MATLAB® software, to generate flows and 
packets without any protocol environment since we deal 
with open-loop traffic. Simulation times were long 
enough, i.e. at least 5 million packets, to ensure statistical 
validity of both flow and packet-related distributions. Fig. 
3 shows the packet waiting time distribution obtained for 
different flow lengths, when a finite fifo queue is fed by a 
Poisson stream of CBR flows composed of regularly 
spaced fixed length packets, i.e., typical of VoIP calls. 
The link capacity is 100 and the offered load is 0.8. The 
buffer size is equal to the link capacity, as suggested 
previously. We also provide the curves obtained for the 
corresponding multiservice "core model", see below, and 
the global M/D/1 model for comparison. We observe that 
the VoIP model provides a good approximation in the 
100 and 1000 packets flow length experiments. When 
flow length is very short, e.g., 10 packets, the impact of 
flow level tends to vanish so that performance approaches 
that of the global M/D/1 model. Finally, note that the core 
model provides an upper bound which may be used, in 
any case, as a conservative alternative.   
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Fig. 3.  Comparison of the QS model with simulations: the impact of 
flow length on packet waiting time distribution  

C.Multiservice traffic  
We now study the general case of an aggregate of 

multimedia services. We do not need to specify the flow 
characteristics in terms of coding, rate, etc. and revert to 
the continuous bit rate representation of the model. 

For a given load ρ = R / C, we apply the principle of 
negligible jitter conjectured in [4], according to which the 
delay performance of real-time packets is always better 
than that of a M/D/1/fifo queue fed by Maximum Time 
Unit (MTU) packets, 1500 Bytes in general, at same load. 
In other words, the ccdf of packet waiting time is upper-
bounded by that of an M/D/1 queue. An expression of the 
ccdf for M/D/1/fifo with infinite buffer is [18]:  
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Approximations are needed since (16) is numerically 
unstable as soon as delay exceeds a few tens of packets, 
while interesting delays are of the order of hundreds of 
packets (MTU transmission time is 12 µs on a 1 Gbps 
link). A remarkably good asymptotic approximation is 
given in [18], involving the positive root ϕ of the implicit 

equation ϕρ ϕ =− )1(e : xexX ϕ

ϕρ
ρ −

−+
−≈>

1
1][Pr M/D/1 .

 Applying (8), we then obtain an upper bound to the 
overall ccdf of packet waiting time:  
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Now consider a finite buffer of size K. For a given bit 
rate R, the queue in this case admits a stationary regime 
whatever the load. The packet loss probability PK (R) may 
then be obtained as a special case of the result given in 
[6] for the M/G/1/K queue with general service time. 
Letting the bit rate R vary, the overall packet loss 
probability is then obtained by formula (3). As for the 

waiting time distribution, the upper bound given in (11) 
here is much looser than in the VoIP case since, not only 
we made the approximation of permanent buffer 
saturation in overload situations, but we bounded the 
waiting time by that of the M/D/1/K queue. 

0 20 40 60 80 100
10 8

10 6

10 4

10 2

100
Offered load = 0.9

Delay x (#packets)

Pr
ob

 [
W

 >
 x

]

Global M/D/1
S = 10000
S = 1000
S = 100

Fig. 4.  Distribution of the packet waiting time according to the 
multiservice traffic model, 0.9 load and various link capacities 
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Fig. 5.  Impact of peak rate on real-time traffic performance with the 
multiservice traffic model 

Waiting time ccdf curves, for a multiservice network 
link with a load of 0.9 and various capacities, are given in 
Fig. 4. We assumed the traffic aggregate could be 
represented by the worst case of a superposition of 
homogeneous streams with maximal peak rate and 
Poisson distribution. The ccdf curves are very similar to 
those of Fig. 2, although they show a less marked binary 
behaviour. In Fig. 5, we stress the impact of peak rate on 
performance. Delay performance curves are given vs. 
load for a 1 Gbps link, various peak rates between 1 and 
20 Mbps and a target waiting delay of 2 ms. As we can 
see, it is clear enough that, to approximate this way an 
aggregate of heterogeneous streams, the determination of 
peak rate is crucial, and that methods to estimate it from 
data should be carefully designed. 

To end off this multiservice traffic case study, we 
investigate the importance of the packet weighting 
function G. Flow weighting, defined by G(n) = n / A or
G(R) = R / E[R], is used for performance evaluation of the 
major component of a traffic aggregate. Uniform 
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weighting is used when the studied traffic (typically 
VoIP) is negligible in volume within the carried 
aggregate. In the latter case, we thus study the impact of 
the overall traffic on the targeted real-time streams. 
Actually, as we will see now, the impact of G is really 
noticeable on small capacity links.  
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Fig. 6.  Impact of the weighting function on the distribution of packet 
waiting time on a small capacity link – Comparison with VoIP model 

Consider the second flow level traffic model exposed 
in Section III.A: J classes of CBR flows with bit rates rj
assumed integers (i.e., multiples of a given rate unit). If 
flows arrive according to independent Poisson processes 
and no admission control is performed, the local 
equilibrium equation )()( jjj enAnn −= ππ  holds for 
each class and with no limit on the number of flows (ej is 
the unit vector in the j th direction of the flow state vector 
n). It is easily deduced that the overall performance for 
one given class j, expressed as in (2) with Aj = E[nj], can 
be transformed in a rate-shifted version of the overall 
performance with uniform weighting, assuming a 
performance indicator Qj dependent on the total bit rate R
only: +Π=

R
jjj rRQRQ )()( . The difference between 

the two kinds of weighting is thus weak in most cases, 
unless the rate rj is large compared to the link capacity C.

Fig. 6 illustrates a similar situation where a small 
capacity link is fed by Poisson traffic of very weak load. 
We apply the proposed upper bound to the multiservice 
traffic model, either with uniform or flow weighting. We 
observe that the ratio between the two obtained ccdfs of 
waiting time can reach a factor of almost 10 in this case. 
The discrepancy between these two weighting functions 
is of the same order of magnitude as that between the 
multiservice model and the VoIP traffic model also 
plotted for comparison. This example may represent a 
very small access link where co-exist several types of 
traffic: e.g., the users generate VoIP calls while 
downloading video files in near real-time.  

VI. APPLICATION TO LINK SIZING

We now illustrate an application of the previous 
performance models. The main purposes are to get some 
insights into the most critical parameters and, if possible, 
to derive some recommendations to perform link sizing. 

A. VoIP link 
We first analyze a resource dedicated to transport voice 

calls only, e.g., a part of an access link bandwidth 
allocated to premium voice service by means of priority, 
or any link of limited capacity which might appear as a 
major bottleneck in the voice call path. Consider a 100 
Mbps link fed by an infinite population of users. Poisson 
voice calls are composed of CBR flows generated by 
G.711 coders: the constant bit-rate of flows is about 100 
Kbps and IP packet length is 120 bytes (80 bytes per 
frame, 1 frame per packet, and 40 bytes for RTP/UDP/IP 
overhead). Finally, the buffer size is 1000 packets, the 
optimal value of link rate to flow peak rate ratio. 

Fig. 7 and Fig. 8 present curves of the performance 
parameters vs. offered load as obtained from the VoIP QS 
model. Curves are plotted into two sets: the first one 
gathers all performance parameters expressed as a 
probability, i.e., call blocking (if applicable), link 
congestion, packet loss, and the value of the waiting time 
ccdf for a given packet delay; the second one gathers 
performance parameters associated to the packet waiting 
time: mean value, standard deviation and one specified 
quantile. 

As shown by Fig. 7, the probabilistic performance 
indicators are always ranked in magnitude, at each load, 
according to the following increasing order: packet loss 
rate, call blocking, link congestion probability, and 
probability of exceeding a target delay, here 1 ms. Packet 
loss is the weakest probabilistic parameter, whereas it is 
commonly considered as the less restricting QoS 
indicator for voice communications: a packet loss of 
about 10-3 or even a few % might be tolerable according 
to the used codec [20]. Based on this, we can conclude 
that packet loss is not an adequate criterion for VoIP link 
dimensioning.  

At the opposite end, the delay probability is always 
greater than other probabilistic indicators, as expected 
from analysis. A typical target for good voice quality is 
that packet transfer delay should never excess 150 ms 
End-to-End, see e.g. [20]. End-to-End delay includes 
many contributions, such as coding and decoding, 
transmission and propagation time, de-jittering buffer at 
the receiver. Hence a budget of only a few ms should be 
allocated to queuing delays in routers. Here we arbitrarily 
chose a target of 1 ms as a single resource budget.  
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Fig. 7.  Probabilistic performance parameters vs. offered load for a 
dedicated VoIP link 
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Fig. 8.  Waiting time performance parameters vs. offered load for a 
dedicated VoIP link 

Fig. 8 shows the variations of waiting delay parameters 
with load. The 99.99% delay quantile exhibits a binary 
behaviour: it is either quite stable around a few tenths of 
ms for moderate loads, say lower than 0.87, or equal to 
the maximum delay value allowed by the buffer size, 10 
ms here, for high loads greater than 0.9. Note that the 
area of the abrupt change in the 99.99% quantile is 
precisely that corresponding to a congestion probability 
around 10-4, see Fig. 7. This is indeed a natural 
consequence of the asymptotic behaviour of the waiting 
time ccdf described in Section IV. In the present example, 
the location of the abrupt change would suggest a 
maximum admissible load area lying between, say, 0.8 
and 0.85. The mean delay and standard deviation curves 
show a smoother behaviour but nevertheless clearly 
exhibit this phase change as a function of offered load. 

B. Multiservice link 
We now consider a 1 Gbps backhaul link fed by a 

finite population of N customers generating a multimedia 
traffic composed of three classes. 

Class 1 is for VoIP. Typically, r1 = 100 Kbps, e.g., for 
G.711 voice coding. Bernoulli processes of activity ratio 
pVoIP (i.e., sequences of On/Off periods) are assumed 
from each user of the population of size N:

VoIPpNn =][E 1  and )1(][Var 1 VoIPVoIP ppNn −= .
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Fig. 9.  Probabilistic performance parameters vs. population size for a 
multimedia backhaul link  
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Fig. 10.  Waiting time performance parameters vs. population size for a 
multimedia backhaul link  

Class 2 is for real-time VoD. Typically, r2 = 4 Mbps, 
and Bernoulli processes of activity ratio pVoD are assumed 
from each user of the population of size N:

VoDpNn =][E 2  and )1(][Var 2 VoDVoD ppNn −= .
Class 3 is for real-time IP TV. Typically, r3 = 4 Mbps 

for standard definition TV. A set of I channels are 
supposed to transmit in dynamic multicast (i.e., transmit 
only if at least one user requires it) and to be 
characterized by an audience distribution (pi)i=1,I [1]. If 
the total TV activity ratio of the population is pTV, the 
probability that channel i is active at any random time is 

N
iTVi ppa )1(1 −−= . The mean and variance of TV 

traffic can then be written as: 
=

=
Ii

ian
,1

3 ][E  and 

=
−=

Ii
ii aan

,1
3 )1(][Var , assuming independence between 

channels. Note that these moments of TV traffic are 
highly sensitive to the audience distribution. 

In this example, a set of I = 100 channels is chosen in 
association with an audience distributed according to a 
Zipf law [1] of exponent parameter α equal to 1: 

αα −−

=

−= ijp
Ij

i .)( 1

,1
. The customer activity ratios are 

equal to 0.1, 0.1, and 0.5 for the three services, 
respectively. Maximum packet size is 1500 Bytes and the 
buffer size is 250 packets.  
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We apply the QS model assuming the Gaussian 
approximation of a continuously distributed aggregated 
bit rate is valid. The corresponding performance curves 
are plotted on Fig. 9 and Fig. 10 in the form of 
performance indicator vs. population size. Such curves 
might serve to determine the maximum allowable number 
of customers to be connected on such a backhaul link, 
according to any specified KPI-related QoS target. Note 
that we do not distinguish traffic classes in performance 
evaluation in this example. Some preliminary trials, not 
reported here, showed that performance results were 
hardly different when taking into account different 
weighting functions, with the aim of targeting each traffic 
class individually to compute the KPIs. 

VII. CONCLUSION

We proposed a methodology for performance 
evaluation of real-time traffic: the so-called Quasi-
Stationary approach combines in a simple way the traffic 
variations at flow and packet time-scales. Key 
performance indicators are first derived under an assumed 
fixed traffic load and then "modulated", or un-
conditioned, by the distribution of load at flow level.  

Two specific queuing models were considered to 
evaluate performance at packet level: one for VoIP traffic 
and one for multiservice traffic. In both models, by 
explicitly accounting for finite-size buffers, several 
packet delay-related performance indicators are derived: 
mean value, standard deviation and jitter defined as a 
probabilistic quantile of the waiting time distribution. 

From the analysis of the considered case studies, we 
draw the following broad conclusions: 

• Flow peak rates of the different streams are 
parameters of fundamental importance since they 
govern the traffic fluctuations at flow level. 

• Among the various considered performance 
indicators, the packet waiting time distribution is the 
most critical. Expressed in terms of the delay 
quantile for a given probability threshold, it 
corresponds to the definition of "network jitter". 

• Jitter exhibits a binary-like behaviour as a function 
of offered load, depending on the dominant time-
scale (packet level or flow level). This simplifies the 
task of link sizing. Moreover, as a consequence of 
the QS assumption, the critical load at which an 
abrupt change occurs is closely related to the link 
congestion probability. This argument points out the 
fundamental role, sometimes under-estimated, 
played by this flow-level performance indicator. 

As a final note, performance has to be evaluated End-
to-End, thus contributing to the user-perceived quality, 
so-called "Quality of Experience". Here, we focussed on 
the impact of traffic on one link only. However, this is 
straightforward in theory to make the extension to a 
network, when we have sufficient information about 

traffic in the different network elements. Under 
reasonable assumptions, we may concatenate the basic 
models developed for a single resource by simply 
summing the individual performance indicators: along a 
route followed by a random packet, (i) the mean delays 
add in all cases; (ii) the variances of delay and packet loss 
probabilities add (approximately for the latter) if we 
assume independence between the successive network 
elements; (iii) the extreme delay probabilities add in 
some way, if we also add the target delays. The latter 
estimate of network jitter actually provides a very loose 
upper bound; a more precise estimation of jitter would 
require the convolution of individual distributions, which 
involves much more processing time. Such elementary 
methods to compute the contribution of network/traffic to 
E2E QoS are recommended in [20] for instance.  
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Simple Approximations of Delay-Variation 
Distributions 

Romas Armolavicius 

 
Abstract— This paper presents a simple method for 

approximating the distributions encountered when modeling 
delay variation or jitter. A key advantage of the approximation 
is its ability to estimate quantiles of end-to-end jitter without 
requiring convolutions or Laplace transforms. Notable features 
of the approach are its extreme computational simplicity and 
an accuracy that is sufficiently high for at least some network 
planning purposes. Both of these features are explored through 
two numerical examples, one of which includes correlated 
delays. 
 

Index Terms—Approximation Methods, Communication 
System Performance, Communication System Planning, Delay 
Estimation, Jitter 
 
 

I. INTRODUCTION 
End-to-end delays are an important factor in both the 

perception of service quality by users and in the cost-
effective design of packet-based  networks. A problem that 
often arises in both situations is that of estimating some 
aspect of end-to-end delay from the underlying 
contributions to that delay made by the sub-networks or the 
devices that the packets traverse. Although some quantities, 
such as mean delays, are additive so that end-to-end values 
are easy to derive, other important measures, such as 
quantiles of the delay distribution, are not. Letting  
denote the delay through the i-th network segment, the end-
to-end delay 

iT

nTTTT +++= L21  requires the joint 
distribution of the component delays  for its computation. 
If the ’s are independent, a common modeling 
assumption, the joint distribution can be formed using 
multiple convolutions. In practice, computations are 
typically done in the Laplace transform domain requiring 
numerical inversion to recover T.  

iT

iT

It can be advantageous to have a computationally simpler 
approach to estimate the distribution of T, particularly when 
great accuracy is either not required or not possible.  A 
concrete example is when a specific quantile t of end-to-end 
delay T satisfying  is sought but when only 
minimal data are provided by the operators of the 
component networks that the end-to-end packet stream 
traverses. Suppose that the quantiles  of component delay 

 satisfying 

( ) ptT =<Pr

it
 

Manuscript received March 6, 2008.  
R. Armolavicius is with Nortel Networks, 3500 Carling Avenue, 

Ottawa, ON  K2H 8E9, Canada (phone: 613-763-5881; e-mail: romas@ 
nortel.com).  

 

iT ( ) ptT ii =<Pr are available together with a 
few moments of the measured delays. In such a case a 
method is needed that can operate directly on these 
quantities to generate an end-to-end estimate. This exact 
situation led to the development of the method described in 
[1] and of its incorporation into the ITU standards document 
[3].  Both [1] and [3] describe approximations based on the 
normal-power asymptotic expansion [2], [4] for estimating 
the end-to-end quantiles ( ) ptT =<Pr  using the first three 
moments and possibly the quantiles  of each of the 

components .   
it

iT
 
The current paper derives models to approximate the 

quantiles of the delay variation or “jitter” associated with 
the delay T. Jitter, as it is usually defined, tends to have a 
symmetric distribution with mean 0: in this case its third 
central moment also vanishes leaving only the variance 
available as a “fitting parameter” for the method presented 
in [1]. The current paper extends this approximation by 
including the fourth moment and is specifically targeted at 
symmetric distributions centered at 0. The paper then 
describes the steps needed to perform the approximation in a 
practical setting and concludes with observations about the 
method’s accuracy using two simple examples. 

 
 

II. DETAILED PROBLEM STATEMENT 
Suppose packets flow sequentially along a path through n 

network segments which could be routers or networks 
themselves. Let  denote the delay through the i-th 
segment. It is useful for our purposes to define (at least 
conceptually) how this delay is measured.  

iT

We assume that the packets pass through 1+n  “nodes” 
, iN ni ≤≤0  along the path, with node  simultaneously 

the exit from subnet i and the entrance to subnet 
iN

1+i . 
Nodes  and  are the source and destination nodes of 
the complete end-to-end path.  

0N nN

Further suppose for the moment that all of the nodes have 
synchronized clocks so that the time  of passage of a “test 
packet” through  can be recorded and meaningfully 
compared to all other times of passage, regardless of 
location. The delay  through subnet i is then  

it

iN

iT
 

1−−= iii ttT   (1) 
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and the end-to-end delay is 
 

0
1

ttTT n

n

i
i −== ∑

=

  (2) 

 
Delays calculated in this way could be called absolute or 
two-point delays as their determination requires 
measurements at two distinct points in the network:  
needs (comparable) measurements  at  and  at 

. 

iT

1−it 1−iN it

iN
Now consider two “test packets” introduced at  at 

times  and  where Δ  is a constant. If we do 
not assume that clocks at  and  are synchronized 
then the corresponding (random) arrival times at  can be 
written  and . Here  and 

are packet transit times and  and  represent errors 
arising from a lack of synchronization between  and 

: except for locally measured times and , all quantities 
are assumed to be unknown or unobserved. We do however 
assume that clocks at  and  can be arranged to tick 
at the same rate so that .  

iN

1−it Δ+=′ −− 11 ii tt

1−iN iN

iN

iiii eTtt ++= −1 iiii eTtt ′+′+−1′=′ iT

iT ′ ie ie′

1−iN

iN Δ

1−iN iN

ii ee =′

The random variable 
 

)()( 11 iiiiiiiii eettttTTJ −′−−−′−′=−′= −−  (3) 

Δ−−′= ii tt  
 
measures the difference in transit times from  and 

and depends only on measurements made at  and the 
constant  and so could be called one-point delay 
(variation or jitter). If  and 

1−iN

iN iN
Δ

iT iT ′  are identically distributed 
then  

 
][][][0 iii TETEJE −′==  (4) 

 
and the mean packet inter-arrival time is  
 

Δ=Δ−=−′ ][][ iii JEttE .  (5) 
 
Note: Since  from (3) the arrival times  
and  are never independent.  

Δ++=′ iii Jtt it

it′
The end-to-end jitter along the path from  to , 

defined as above, satisfies 
0N nN

 

∑∑
==

=−′=−′=
n

i
i

n

i
ii JTTTTJ

11

)( . (6) 

 
We will further assume that the  and iT iT ′  are 

independent: in practice this need not be true (particularly if 
 is small): we take it here as a modeling assumption 

whose suitability needs to be checked on an application-by-
application basis. Under these conditions, the  are 

symmetric in the sense that  and  have the same 
distribution.  Similarly  is symmetric and 

Δ

iJ

iJ iJ−
J 0][ =JE . 

Reference [1] considers certain simple approximations of 
the absolute delays  and uses these to construct an 
estimate of (quantiles of) the end-to-end absolute delay T . 
In the next section these approximations are extended and 
used to estimate (quantiles of) the absolute value of the jitter 

iT

J  from approximations of the corresponding component 

values iJ . Absolute values are used because the jitter 
distribution as defined here is symmetric about its mean 0 
and both tails are important for applications such as jitter-
removal buffer engineering.  

 
 

III. UNDERLYING MODELS 
Let J be a random variable with finite mean μ , variance 

, skewness 2σ 1γ ,  and kurtosis excess 2γ  where the last 
two quantities are defined as 

 

3

3

1
)(

σ
μγ −

=
JE  (7)   

  

3)(
4

4

2 −
−

=
σ

μγ JE . 

 
We then have [1], [2] the first few terms of the normal 
power expansion [2], [4] of J as a function of a standard 
normal variate Z 

 

( )1
6

21 −+=
− ZZJ γ
σ

μ
 (8) 

( ) ( )ZZZZ 52
6

3
24

3
2

132 −⎟
⎠

⎞
⎜
⎝

⎛
+−+

γγ
 

 
L  +  

 
This is an asymptotic expansion and need not converge. In 
practice a few terms from the right hand side are used to 
approximate the standardized random variable on the left. 
The method presented in [1] is based on using the first line 
of the above as the approximation:  we will use this 
approximation as a “reference” case as well as the 
approximation formed by using all the terms shown above. 

Now suppose that the random variable J is formed as 
follows: let  be two positive, identically distributed, 
independent random variables with finite moments up to 4-
th order. We assume that  

21   , TT

 

21 TTJ −=  (9) 
 

so that J is symmetric or  for all t. 
Our goal is to find a simple approximation for the quantiles t 
satisfying 

)Pr()Pr( tJtJ >=−<

( ) ptJ =<Pr for a given probability p. Then 
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( ) )Pr(Pr tJttJ <<−=< )0Pr()0Pr( tJJt <≤+≤<−=  

( )21)Pr(2 −<⋅= tJ 1)Pr(2 −<⋅= tJ . Therefore, finding 
the quantile t satisfying ( ) ptJ =<Pr  is equivalent to 

finding t satisfying  
 

2
1)Pr( +

=<
ptJ  (10) 

 
This elementary fact is important because for the case of n 
independent random variables  it allows us to 
eliminate absolute values and just deal directly with the sum 

nJJJ ,,, 21 L

  

∑
=

=
n

k
kJJ

1

 (11) 

 
which makes the computation of moments for J (an essential 
requirement of the method) very straightforward. 

Since J is symmetric we have 0=μ , 01 =γ . Using the 
first line of the normal power expansion (8) produces    

  

ZJ
≅

σ
 (12) 

 
so that J is approximated by a normal with mean 0 and 
variance . Although this first approximation is trivial it is 
useful to go through the steps to see how the method works 
to construct an  end-to-end estimate and also to show the 
impact of applying the methods in [1] without modification 
directly to jitter (which reduce to exactly this situation).   

2σ

 
 

IV. ONE-PARAMETER APPROXIMATION 

From (10) and (12) it follows that ( )kk tJp <= Pr  and 

( )tJp <= Pr  are equivalent to the conditions 
 

⎟
⎠
⎞

⎜
⎝
⎛ <=⎟⎟

⎠

⎞
⎜⎜
⎝

⎛
<=Φ=

+
σσσσ
tJtJxp

k

k

k

k PrPr)(
2

1  (13) 

 
Where  is the standard normal (mean 0, variance 1) 
distribution function and 

Φ
2/)1()( +=Φ px . From (13) we 

get the following system of equations which determine the 
quantiles  and t  kt

 

xtt

k

k ==
σσ

,     . (14) nk ≤≤1

 
These depend only on the variances of the underlying 
random variables. Upon squaring and simplifying we 
produce the estimates  

 
222 σ⋅= xt ,   ,    . (15) 222

kk xt σ⋅= nk ≤≤1
 

As in [1] we assume the underlying random variables 
 and nTTT ,,, 11 L nTTT ′′′ ,,, 11 L  are independent and that 

ii TT ′,  are identically distributed and independent for 
ni ≤≤1  so that  are independent. In this case 

we can write 
nJJJ ,,, 11 L

 

∑∑
==

=⋅=⋅=
n

k
k

n

k
k txxt

1

2

1

22222 σσ  (16) 

 
so that the estimate of the p-th quantile t in ( )tJp <= Pr  is 
particularly simple but exceptional: for the more general 
method in the next section quantiles will not combine 
directly in such a simple fashion. 
 

Before considering a more complex approximation it is 
worth summarizing the basic schema used here. It consisted 
of the following steps: 
 
1. Using (10) and the “one-parameter” approximation (12) 

find component quantiles  satisfying kt ( )kk tJp <= Pr .  

2. Use the  and (14) to estimate the variances . kt 2
kσ

3. Assuming independence of  compute the 

variance  of J from the variances . 
nJJJ ,,, 11 L

2σ 2
kσ

4. Using the “one-parameter” approximation (12) and , 
find the end-to-end quantile t satisfying 

2σ
( )tJp <= Pr   

 
This schema is also used in the method that will be 

described next but the individual steps are more complex.  
 
 

V. TWO-PARAMETER APPROXIMATION  
Using all of the (non-0) terms in the normal power 

expansion (8) produces the approximation 
 

( )ZZZJ 3
24

32 −+≅
γ

σ
  (17) 

  
where the random variable refers to either the component 
jitter  or the end-to-end quantity J but subscripts have 
been suppressed to simplify the notation. Two parameters 
appear in the approximation, the variance and the kurtosis 
excess. As before, the quantile t in 

kJ

( )tJp <= Pr  satisfies  
 

⎟
⎠
⎞

⎜
⎝
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+
σσ
tJp Pr

2
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⎝
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tZZ

22

3 24324Pr  

 
We now need to simplify the last expression in (18): to that 
end we consider in Fig. 1 a graph of the cubic inequality 
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that describes the event whose probability is being taken in 
the last line of (18). From Fig. 1, it is clear that for t 
sufficiently large the event 
 

σγγ
tZZ ⋅<⎟⎟

⎠

⎞
⎜⎜
⎝

⎛
−+

22

3 24324  (19)        

 
is equivalent the event   where x is the sole root of 
the cubic equation 

xZ <

 

024324
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σγγ
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From standard results concerning roots of cubic equations, a 
cubic  with a, b  real  has a unique real root 03 =++ baxx
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1
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⎛ +−= QbQbx   (21)  

 
provided that 0274 32 >+= abQ . We can always satisfy 
this condition by selecting t suitably large in the following 
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To this point we have shown that  

 

( ) ( ) )(PrPr
2

1 xxZtJp
Φ=<=<=

+  (23) 

 
where  is the standard normal distribution function. We 
can use (21) - (23) in the following two ways:  

Φ

 

1. If t and σ are known then we can solve (20) for 

2γ  using the x from (21) - (23) to find  
 

3
24

22
−
−

⋅=
x

xt
x

σγ  (24) 

 
2. If 2γ and σ  are known, again from (20) - (23) 

we can find the following expression for t  
 

( ⎥⎦
⎤

⎢⎣
⎡ −+⋅= 3

24
1 22 xxt γσ )  (25) 

 
In practice, both forms (24) and (25) of this result will be 
used to estimate the end-to-end jitter as we will show below. 

 
Now consider the case of n independent symmetric mean-

0 random variables . We assume we are given 

a set of measurements  of each 
nJJJ ,,, 21 L

rmmm ,,, 21 L kJ  and a 
fixed probability p. From these measurements we can 
compute an empirical quantile  satisfying kt

( ) ptT kk =<Pr , as well as an estimate of the variance  

and kurtosis excess   for each .  

2
kσ

k,2γ kJ

x 

σγ
t

⋅
2

24

Z

Fig. 1.  The cubic ZZY ⋅−+= )3/24( 2
3 γ  has the shape shown 

above: for sufficiently large t it intersects the line ( )σγ 2/24tY =    
at a single point x. The cubic lies below this line precisely when 

xZ < . Finally, for this value of x we have )()Pr( xxZ Φ=< .

Y 

In fact, we will not work with the kurtosis excess directly 
but instead with the 4-th cumulants of . The cumulants kJ

iκ  of a random variable X are defined as the coefficients in 
the expansion 

 

( )
!

][log
1 i

teE
i

i
i

Xt ⋅= ∑
∞

=

⋅ κ  (26) 

 
and are important to us because of the following additivity 
property: if X and Y are independent random variables then 
 

)()()( YXYX iii κκκ +=+ . (27) 
 
The second cumulant )(2 Xκ  just reduces to the variance 

 but the 4-th cumulant for a 
mean-0 random variable satisfies 

22
2 ]])[[()( σκ =−= XEXEX

   
44

4 3][ σκ ⋅−= XE  .   (28) 
 

In particular, the variance has the required additivity 
property (27) but the kurtosis excess does not.  Denote by 

k,2γ  the kurtosis excess  and k,4κ  the 4-th cumulant of the 
k-th component : kJ k,4κ can be estimated from a set of 

measurements of rmmm ,,, 11 L kJ directly as 
 

4

1

4
,4 31

k

r

i
ik m

r
σκ ⋅−= ∑

=

 (29) 

 
or it can be estimated from (7) and (24) as 
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where  .  2/)1()( +=Φ px
 The additivity property (27) of cumulants allows us to 
compute the variance and 4-th cumulant 2σ 4κ of the end-

to-end jitter as follows: ∑
=

=
n

k
kJJ

1

∑
=

=
n

k
k

1

22 σσ  (31) 

∑
=

=
n

k
k

1
,44 κκ . 

 
Finally, the p-th quantile t  satisfying ( ) ptJ =<Pr  is 

computed from (25) as 
 

⎭
⎬
⎫

⎩
⎨
⎧ −

⋅
+⋅= )3(

24
1 2

4
4 xxt
σ

κσ  (32) 

 

⎭
⎬
⎫

⎩
⎨
⎧ −+⋅= )3(

24
1 22 xx γσ  

 

where  
4
4

2 σ
κγ = . 

 
 

VI. APPLICATION OF THE METHOD 
We first summarize the steps of the approximation 

procedure derived in the preceding section. Assume given a 
set of measurements  of rmmm ,,, 21 L kJ  for each 

 and a fixed probability p. From these 
measurements, for each k: 

nk ,,2,1 L=

• Compute the empirical quantile  satisfying kt
( ) ptJ kk =<Pr ,   

• Compute the variance ∑
=

=
r

i
ik m

r 1

22 1σ and 4-th 

cumulant  4

1

4
,4 31

k

r

i
ik m

r
σκ ⋅−= ∑

=

  (29)  of  .  kJ

Note: these do not equal the variance and 4-th cumulant of 
kJ  as this variate is not centered at 0. Also,  it is enough to 

observe kJ and not itself because the sign of  does 
not appear in the moment calculations.    

kJ kJ

Alternatively the cumulants can be estimated from 

the expression 
3

24 2

4

,4 −
−

⋅⋅=
x

xt
x

kkk
k

σσκ  (30) where 

and 2/)1()( +=Φ px Φ  is the standard normal 
(mean 0, variance 1) distribution function. 

 
• Compute the end-to-end variance  and 4-th  

cumulant of J as  and . 

2σ

∑
=

=
n

k
k

1

22 σσ ∑
=

=
n

k
k

1
,44 κκ

 
• Finally, compute the p-th quantile t  satisfying 

( ) ptJ =<Pr  as 
⎭
⎬
⎫

⎩
⎨
⎧ −2x+⋅= )3(

24
1 4xt

σ
κσ where  

2/)1()( +=Φ px  and Φ  is the standard normal 
distribution function. 

 
We now consider two simulation examples where 5=n  

network segments were used. A large number (50,000) of 
end-to-end samples  were drawn for each 
example to study the properties of the method with a 
minimum of sample error.   

nTTT ,,, 21 L

In the first example the underlying measurements 
 of rmmm ,,, 21 L kJ  were generated by sampling from 

each of the Laplace distributions defined by 
 

  ( ) ⎟⎟
⎠

⎞
⎜⎜
⎝

⎛
−⋅=<

k

k

k
kk

t
tJ

θθ
exp

2
1Pr  (33) 

 
for scale parameter 6 ,5 ,4 ,3 ,2=kθ . These distributions 

have mean 0, variance , and excess kurtosis 3. 22 kθ

The variances   and the quantiles  were computed 
directly from the measurements . In 
particular, each  was estimated as follows: without loss of 
generality we assume that the observations satisfy 

2
kσ kt

nmmm ,,, 21 L

kt

rmmm ≤≤≤ L21 : we then simply set  where i was 
the largest integer satisfying . From an 
implementation standpoint, this requires sorting the 
measurements. 

ik mt =

pri ≤/

For comparative purposes the 4-th cumulants of  were 
computed both directly from the measurements using (29) 
producing a single cumulant for each of the n segments and 
also by using the formula (30) for each of the probabilities 

kJ

999.0 ,99.0, 95.0 ,9.0=p . For the latter case, a different 4-
th cumulant was generated for each probability-quantile pair 

. Similarly either a single or multiple end-to-end 4-th 
cumulants were produced depending on which of the 
computational approaches was used. The resulting end-to-
end quantile estimates were computed and compared to the 
empirical quantiles determined from the end-to-end  
distribution formed sample-by-sample in the simulation 
using  

),( ktp

  

∑
=

=
n

k
kJJ

1

. (34) 

 
Table I below summarizes the end-to-end delays: 

estimates produced using one-parameter (simple normal 
approximation) as described in section IV are included for 
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comparison. The two-parameter method has 3 variants  
labeled “Direct” where the cumulants are computed using 
(29), “Formula” where the cumulants are computed using 
(30), and “Average” where the two preceding estimates 
were simply averaged.  

 
 

TABLE I 
ESTIMATED QUANTILES OF END-TO-END DELAY 

 
Estimated Quantiles (msa) 

Two 

Parameter 

Prob Actual      

Quantile_ 

(ms) 

 

One 

Parameter 

 Direct Formula Average 

0.9 21.91 21.89 22.08 21.91 22.00 

0.95 27.03 28.45 26.97 27.18 27.08 

0.99 38.73 44.00 37.30 39.19 38.24 

0.999 54.20 66.57 50.49 56.70 53.60 
  ams = milliseconds 
 
 
 

Table II has the identical layout but instead of quantiles, it 
shows the relative errors defined as 

 
ActualActualEstimateError /)( −=  (35) 

 
 
 

TABLE II 
RELATIVE ERRORS OF END-TO-END DELAY QUANTILES 

 
Relative Errors 

Two 

Parameter 

Prob Actual      

Quantile_ 

(ms) 

 

One 

Parameter 

 Direct Formula Average 

0.9 21.91 -0.0008 0.0079 0.0004 0.0041 

0.95 27.03 0.0525 -0.0024 0.0056 0.0017 

0.99 38.73 0.1360 -0.0370 0.0118 -0.0126 

0.999 54.20 0.2282 -0.0686 0.0461 0.0041 

 

 
From these tables it can be seen that, for this example, the 

more flexible two parameter method improves accuracy in 
the extreme tail of the distribution with the “Average” 
estimates being the most accurate. In fact the accuracy is 
remarkable considering the simplicity of the approximation 
and is consistent with findings presented in [1].  

 
We now consider a second, more challenging example. In 

the following example we will allow kk DD ′  ,  to be 
correlated but will continue to assume that delays  

 and nDDD ,,, 21 L nDDD ′′′ ,,, 21 L  from stage to stage are 
independent. 

Consider a specific segment, say the k-th: we now 

consider how subsequent random delays behave.  Let 
successive packets passing through the k-th segment 
experience delays LL ),1(),(),1( +− iDiDiD kkk . We will 
assume that the   satisfy an  autoregressive model )(iDk

 
)()1()( iZiDiD kkk +−⋅= φ  (36) 

 
where φ  is a constant satisfying  10 <≤ φ  and the  
are independent, identically distributed “shocks” delivered 
to the system. We assume that   so that  

. Under these conditions, there exists a limiting 
random variable  with in distribution as 

)(iZk

0)( ≥iZk

0)( ≥iDk

kD kk DiD →)(
∞→i . Therefore, for large i we can assume all  have 

the same distribution and that the correlation between delays 
 with  takes the form 

)(iDk

)(),( jDiD kk ij ≥
 

ijjiCorr −= φ),(  (37) 
 
so the lag-1 correlation between )1(),( −iDiD kk  is 

φ=− ),1( iiCorr . We can then form the one-point delay 
variation )1()()( −−= iDiDiJ kkk  and apply method 2 (we 
will not consider method 1 here). 
 
Note: Since the  are not independent,  will not 
be a symmetric random variable. This example was chosen 
specifically because it violates one of the assumptions 
underlying the derivation of method 2. Our goal is to 
examine (at least informally) the resulting impact on the 
modeling accuracy. 

)(iDk )(iJk

 
In this example 5=n  identical network segments were 

used. The underlying measurements  of rmmm ,,, 11 L kJ  
were generated by sampling from the autoregressive models 
defined by (36) for the following values of the 1-lag 
correlation; 9.0  ,5.0  ,1.0  ,0=φ . All of the shocks  
were assumed to have the common exponential distribution 

)(iZk

  
( ) )/exp(1)(Pr hzziZk −−=<  (38) 

  
where h was chosen to make  ms. for all 
segments k. As a result the mean end-to-end delay was 

10)]([ =iDE k

50)]([ =iDE . As before, the variances  and the 
quantiles  were computed directly from the measurements 

of .  

2
kσ

kt

rmmm ,,, 11 L kJ
The 4-th cumulants of  were computed both directly 

from the measurements (29) and by using the formula (30) 
for each of the probabilities . End-
to-end quantile estimates were computed using method 2 as 
well and were compared with quantiles computed from the 
simulated end-to-end  distribution  of 

kJ

999.0 ,99.0, 95.0 ,9.0=p

.J  As for the 
previous example, 50,000 samples were used. 

Fig. 2 below shows the empirical probability densities of 
the delays  corresponding to all four values of )(iD
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φ considered. It is clear that as the lag-1 correlation φ  
increases, the density becomes closely concentrated around 
the mean (50 ms) of the end-to-end delay distribution. 
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Fig. 2.  Empirical probability densities for end-to-end delay for )(iD φ  
ranging from 0 to 0.9.  If follows easily that satisfies)(iD 50)]([ =iDE and 

. The variances have a very wide 
range for the examples shown, running from a high of 500 (

)1/()1()]([5)]([ 2 φφ +−⋅⋅= iDEiDVar
0=φ ) to a low 

of 26.3 ( 9.0=φ ).   

 
 

The densities of the one-point delay variation are shown 
in  Fig. 3: these also become peakier as the lag-1 correlation 
φ  increases, tending to zero delay variation in the limit 

1→φ .     
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Fig. 3.  Empirical probability densities for end-to-end delay-variation 

 for )1()()( −−= iDiDiJ φ  ranging from 0 to 0.9. The have 
variances 

)(iJ
)]([)1(2)]([ iDVariJVar ⋅−= φ  which range from a high of 1000 

( 0=φ ) to a low of 5.26 ( 9.0=φ ). Note that the density corresponding to 
9.0=φ is highly concentrated about 0 and is truncated in this figure; an 

expanded representation appears in Fig. 4. 
 
 

The symmetry of the density for 0=φ  is clear from this 
graph:  the graph below shows the density of the delay-
variation density for 9.0=φ  rescaled to better show its 

shape. It is evident that this density departs significantly 
from being symmetric. 
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Fig. 3.  Empirical probability density for )1()()( −−= iDiDiJ  for 9.0=φ . 
It is clear from this graph that the density is not symmetrical and has a 
significantly longer right tail.   
 
 
 
As for the previous example, three delay-variation estimates 
were produced: the “Direct” variant where the cumulants 
are computed from measurements using (29), “Formula” 
where the cumulants were computed using the formula  
(30), and “Average” where the two method 2 estimates were 
averaged. Table III summarizes the end-to-end delay 
variation quantiles and their estimates from the simulation: 
table IV displays the corresponding relative errors. 
 
 

TABLE III 
ESTIMATED QUANTILES OF END-TO-END DELAY 

 
Estimates and Actuals (ms) 

Lag-1 Correlation 

Prob. 

Model 

0.0 0.1 0.5 0.9 

Actual 51.96 44.44 20.75 3.57 

Direct 51.75 44.24 21.07 3.75 

Formula 52.01 44.44 21.05 3.67 

0.9 

Average 51.88 44.34 21.06 3.71 

Actual 63.43 54.24 25.48 4.39 

Direct 63.49 54.25 25.98 4.70 

Formula 63.13 53.97 25.54 4.53 

0.95 

Average 63.31 54.11 25.76 4.62 

Actual 87.97 76.10 36.39 6.79 

Direct 89.33 76.25 36.98 6.94 

Formula 86.02 73.57 35.10 6.39 

0.99 

Average 87.68 74.91 36.04 6.67 

Actual 119.07 104.23 52.61 9.84 

Direct 125.41 106.91 52.68 10.34 

Formula 115.02 98.01 47.57 8.78 

0.999 

Average 120.22 102.46 50.12 9.56 
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TABLE IV 
RELATIVE ERRORS OF END-TO-END DELAY 

 

Relative Errors of Estimates 

Lag-1 Correlation 

  Prob. 

Model 

0.0 0.1 0.5 0.9 

Direct -0.0040 -0.0045 0.0156 0.0484 

Formula  0.0010  0.0001 0.0145 0.0261 

 0.9 

Average -0.0015 -0.0022 0.0151 0.0322 

Direct 0.0009 0.0001 0.0197 0.0709 

Formula -0.0047 -0.0050 0.0025 0.0318 

0.95 

Average -0.0019 -0.0025 0.0111 0.0514 

Direct 0.0155 0.0019 0.0163 0.0222 

Formula -0.0221 -0.0333 -0.0353 -0.0590 

0.99 

Average -0.0033 -0.0157 -0.0095 -0.0184 

Direct 0.0533 0.0257 0.0013 0.0261 

Formula -0.0340 -0.0597 -0.0958 -0.1072 

0.999 

Average 0.0096 -0.0170 -0.0472 -0.0280 
 
 
As in [1] and [2] the “Average” estimates are often the most 
accurate. Table IV shows that the relative errors increase 
with increasing correlation as might be expected from the 
resulting loss of symmetry in the delay-variation 
distribution. Nevertheless, even for very high correlation the 
errors are reasonable considering the simplicity of the 
method.  
 
Note: An alternative, not examined explicitly in this paper, 
is to abandon the assumption of symmetry so that 01 ≠γ  in 
the approximation (8). The left and right tails of the jitter 
distribution could then be estimated separately using 
methods analogous to those presented here.   

 
 

VII. CONCLUSIONS 
The method presented in this paper provides a 

convolution and transform-free method of generating end-
to-end jitter distributions from the second and fourth 
moments and quantiles of any number of contributing 
component jitter distributions.  Key features of the approach 
are good accuracy and computational simplicity: this last 
claim was not examined explicitly in the body of the paper 
so it is appropriate to make a few simple observations here.  

 
The method comprises three steps: (1) constructing an 

approximate model for each of n jitter components using a 
combination of moments and quantiles, (2) combining the 
component moments to produce end-to-end moments, and 
(3) approximating the end-to-end quantiles using the end-to-
end moments. If the component moments and quantiles are 
supplied “from outside” then from (21) – (25) it is clear that 
steps (1) - (3) have a time complexity of order O(n) for n 

components. If m observations are made and moments and 
quantiles are computed as “part of the problem”  at each of 
the n components then the overall time complexity is 

)log( mmnO ⋅  assuming sorting is used to find the quantiles 
using a “typical”  algorithm. Clearly then, the 
majority of the computational burden arises from the 
estimation of quantiles. In this case, the work required is 
asymptotically much less than direct numerical convolution 
which would require  operations, setting aside 
questions of accuracy. Clearly more efficient convolution 
algorithms are possible: but it seems reasonable to speculate 
that these would be bounded below in complexity by the 
closely related fast-Fourier-transform algorithm which has 

complexity per application. 

)log( mmO

)( nmO

)log( mmO
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Distribution of Loss Periods for Aggregated
Video Traffic

Astrid Undheim and Peder J. Emstad

Abstract— Estimation of the packet loss over a communication
network is important for assessing the perceived quality of service
at the receiver. In addition to the packet loss rate, also the
distribution of the loss periods is important because packet loss
in bursts influence the perceived quality. A video stream with
given mean and covariance function is modeled with a general
Gaussian process, and the aggregate of such independent streams
is also Gaussian. An aggregate of different streams can be viewed
as consisting of n statistically equal single streams, called basic
streams. Relations between the exceedances over a threshold for
a basic stream and an aggregated stream are then found, using
the multivariate normal integral. The exceedance probability is
found numerically for the basic stream. The packet loss and the
distribution of the loss period for the aggregate are found from
relations to its basic streams, or computed directly.

Index Terms— Multivariate normal integral, aggregated video
stream, loss period

I. INTRODUCTION

With the increasing popularity of web-based video stream-

ing services such as YouTube, the amount of video traffic

broadcasted over the Internet is enormous. For video traffic,

bursty losses may influence the perceived Quality of Service

(QoS) in a different way than single losses. The distribution of

the loss periods, and particularly the first and second moments,

is therefore of great interest and can be used to deduce the

perceived QoS for a video transmission.

The effect of consecutive lost packets for a real-time H.263

video stream over IP networks is studied in [1]. The Mean

Opinion Score (MOS) is used as measure and it is concluded

that the effect of consecutive packet loss is pronounced, espe-

cially for high average loss rates. The MOS value increases

with an increasing number of consecutive packets lost, keeping

the average loss constant. This is so because fewer frames are

deteriorated.

Knowledge about the probability of subsequent packet

losses in a packet stream is also important for doing video

encoding, where this knowledge can be exploited to choose

the best encoding parameters.

Video traffic encoded using the enhanced H.264/AVC slice-

based video encoding scheme [2] is modeled in this paper.

Slice-based encoded video streams have no noticeable Group

of Picture (GoP) structure, and scene changes can be detected

Astrid Undheim and Peder J. Emstad are with Centre for Quantifiable
Quality of Service in Communication Systems (Q2S) 1, Norwegian University
of Science and Technology (NTNU), Trondheim, Norway, e-mail: {astrid,
peder}@q2s.ntnu.no

1”Centre for Quantifiable Quality of Service in Communication Systems,
Centre of Excellence” appointed by The Research Council of Norway, funded
by the Research Council, NTNU and UNINETT. http://www.q2s.ntnu.no

due to a large frame at the beginning of each scene. The

lack of a GoP structure means that all frames in a scene,

except the scene change frames, have similar sizes. Based on

measurements, correlation is found to exist only within scenes

[3].

In the Internet, the video traffic will not appear as single

streams but as aggregates of several video streams with similar

mean and correlation structure. We are interested in evaluating

the packet loss of the aggregate by knowledge about each

stream. In particular, the loss probability, the distribution of the

loss period, and their variation with some key parameters are

studied. To accurately grasp the distribution of the loss period

it is necessary to apply a model which takes the covariance

function into account. Also, it is of paramount interest to

choose a type of model which can model an aggregate based

on similar models of its single streams. A general Gaussian

process lends itself for this purpose thanks to its simple

additive properties. It only requires knowledge of the means

and the covariance functions of the aggregate members.

Gaussian processes with independent increments have since

long been used to model queueing type systems. Fractional

Brownian Motion models, with dependent increments, have

become popular to model long-range dependencies [4]. In this

paper, the effect of short- and medium-range dependence on

the loss probability and the loss period are studied, and a

general Gaussian process defined by its mean and covariance

matrix is used.

Characterization of the loss period can then be viewed

as a level-crossing problem. This problem has been studied

for Gaussian processes in [5] and experimental problems are

investigated in [6]. In [7], different aspects of the level-

crossing problems for first-order Markov processes are studied.

This theory can be used to predict crossings over a threshold

for several physical processes such as flood level. For traffic

analysis purposes, the level-crossing problem in discrete time

can be used for predicting packet loss over a bufferless

communication link, where the level corresponds to a given

threshold. In this paper, the focus is on video traffic, and the

exceedance of the bit rate over a threshold. Such problems are

especially hard.

The multivariate normal integral is used for evaluating the

exceedances over a threshold and hence the packet loss. Rela-

tions between the loss for the basic process and the aggregate

is then found, and in the end a zero-mean basic process

can be used to evaluate the packet loss for a non-zero mean

aggregated process. The evaluation of the multivariate normal

integral problem is solved numerically. Also, an expression
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for the complementary distribution function for the number of

consecutive losses is found. This is employed for calculating

the moments of the loss period distribution. It was initially

expected that the Gaussian process had to be studied by

simulations. It turned out however, that the multivariate nomal

integral can be calculated with good accuracy for a sufficiently

large number of variables.

The rest of this paper is organized as follows. The multivari-

ate normal distribution is described in Section II. The model

used for estimating the packet loss for the aggregated video

traffic is developed in Section III, while the distribution of

the loss period for the aggregated traffic is found in Section

IV. The multivariate normal integral is calculated numerically

for the single stream in Section V and the corresponding

results for the aggregated traffic are deduced. Finally, some

conclusions are given in Section VI.

II. THE MULTIVARIATE NORMAL DISTRIBUTION

Let Z = (Z1, ..., Zm) be a vector of independent and

identically distributed standard normal random variables with

zero mean and covariance matrix cov(Z) = Im, where Im is

the identity matrix of dimension m.

The random vector Z has a standard multivariate normal

distribution if the density of Z, fZ(z) is equal to:

fZ(z) =
1√
(2π)m

exp

(
− 1

2

m∑
i=1

z2
i

)
(1)

The random vector X = (X1, ..., Xm) is defined as X =

(μX , .., μX)+ΓZ, which means that the random vector X has

mean E(X) = (μX , ..., μX) and covariance matrix cov(X) =

r, where r = ΓΓ
T and r is assumed to be non-singular.

The random vector X has a multivariate normal distribution

if the density of X , fX(x) is equal to:

fX(x) =
1√

(2π)m|r| exp
(
− 1

2

∑
i,j

(xi − μX)r
−1
ij (xj − μX)

)
(2)

where r−1
ij is element (i, j) of the inverse of the covariance

matrix r of X .

The distribution of X is determined by the mean vector,

(μX , .., μX) and the covariance matrix, r = ΓΓ
T . For each

X with these properties the corresponding Z is given by Z =

Γ
−1
(X − (μX , .., μX)) which is standard multivariate normal

distributed.

Throughout this paper the multivariate normal integral prob-

lem for the random vector X , denoting the probability of m
consecutive exceedances over a threshold a is studied.

The multivariate normal integral for the multivariate normal

random vector X is then given as:

Pr[a ≤ X1 ≤ ∞, a ≤ X2 ≤ ∞, ..., a ≤ Xm ≤ ∞]

=

∫ ∞

a

· ·
∫ ∞

a

fX(x1, x2, .., xm)dx1 · ·dxm

=
1√

(2π)m|r| ·

∫ ∞

a

· ·
∫ ∞

a

exp

(
− 1

2

∑
i,j

(xi − μX)r
−1
ij (xj − μX)

)
dx1 · ·dxm

(3)

In the next section, the probability of exceeding the thresh-

old is evaluated for an aggregated process, and relations

between this probability for the aggregate and single non-zero

mean and zero mean processes are found.

III. MODEL FOR AGGREGATED MULTIMEDIA TRAFFIC

AND SOME USEFUL RELATIONS

In the Internet, video traffic will appear as aggregates of

single video streams. For modeling purposes it is reasonable to

assume independence between sources, and between streams

of an aggregate. Each stream is then modeled with a Gaussian

process, and aggregates can easily be represented based on pa-

rameters for their individual streams. The effect of correlation

in a single stream and an aggregate can then be studied.

Video sources will not be synchronized in time and will

start their cyclic frame transmissions randomly. The lack of

synchronization is overcome by looking at the accumulated

number of bits sent over an inter-frame period. The loss

or even the delay can then be estimated given knowledge

about the capacity of the outgoing link. This also requires

knowledge of some implementation issues at the node which

are not treated in this paper. To this end it is assumed that the

exceedance limit for acceptable loss in an inter-frame period

is given, and this exceedance limit denotes the threshold in

our model.

In this section, the probability of exceeding a threshold for

an aggregated video stream modeled as a Gaussian process

is evaluated. The aggregate can be described as a sum of

single Gaussian processes. This aggregated process can be

viewed as an aggregate of n statistically equal and independent

processes X , called basic processes. In other words, the focus

is on in the distribution of the exceedances over a threshold

for the aggregated multivariate normal distributed process, Y ,

which can be viewed as consisting of n statistically equal basic

processes X in which case Y =
∑n

k=1 Xk.

This gives the following relations for the aggregated pro-

cess, Y and its basic processes. The mean vector is given by:

(μY , .., μY ) = E(Y ) = n · E(X) = n · (μX , .., μX) (4)
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The covariance function for the aggregate process, when the

basic processes are independent, is given by:

Cov(Yi, Yj) = n · Cov(Xi, Xj) (5)

And the elements (i, j) of the covariance matrix, q, for the

aggregated process is given by:

qij = n · rij (6)

The density of Y , fY (y) is then equal to:

fY (y) =
1√

(2π)m|q| exp
(
− 1

2

∑
i,j

(yi − μY )q
−1
ij (yj − μY )

)
(7)

where μY = n · μX , q−1
ij is element (i, j) of the inverse of

the covariance matrix of the aggregated process Y and q−1
ij =

1
nr−1

ij since:

q−1
ij =

adj q

|q| =
nm−1adj r

nm|r| =
1

n
r−1
ij (8)

where adj q (respectively r) is the adjoint matrix of q (respec-

tively r).
For the determinant of the covariance matrix of the aggre-

gated process |q| there is the relation |q| = nm|r|.
The multivariate normal integral for the aggregated process,

with the lower threshold b, then becomes:

Pr[b ≤ Y1 ≤ ∞, b ≤ Y2 ≤ ∞, ..., b ≤ Ym ≤ ∞]

=

∫ ∞

b

· ·
∫ ∞

b

fY (y1, y2, .., ym)dy1 · ·dym

=
1√

(2π)m|q| ·

∫ ∞

b

· ·
∫ ∞

b

exp

(
− 1

2

∑
i,j

(yi − μY )q
−1
ij (yj − μY )

)
dy1 · ·dym

(9)

In order to represent the multivariate normal integral for the

aggregated process in terms of a basic process, the relations

between the basic stream and the aggregated stream are used,

giving:

Pr[b ≤ Y1 ≤ ∞, b ≤ Y2 ≤ ∞, ..., b ≤ Ym ≤ ∞]

=
1√

(2π)mnm|r|

∫ ∞

b

· ·
∫ ∞

b

·

exp

(
− 1

2

∑
i,j

(yi − nμX)
1

n
r−1
ij (yj − nμX)

)
dy1 · ·dym

(10)

The variables for the integrals are changed in order to find

an expression similar to Equation 3, using f = (f1, f2, .., fm)

as the new variable of integration, where y = u(f), hence

dy = u′
(f) · df . In order to get rid of the aggregating factor

n ahead of μX and 1/n ahead of r−1
ij in the integral, the

integration variables fi should satisfy the following relation:

(yi − nμX) = (fi − μX) ·
√

n

(11)

The differential is then:

dyi =
√

ndfi (12)

The lower integral limits b are changed accordingly to b̂.

This gives:

b̂ =
b√
n
− μX(

√
n − 1) (13)

The Jacobian of the transformation T which is needed when

changing variables in multiple integrals is given by:

JT (f1, f2, .., fm) =
∂(y1, y2, ..., ym)

∂(f1, f2, ..., fm)

=

∣∣∣∣∣∣∣∣∣∣

∂(y1)
∂(f1)

∂(y1)
∂(f2)

. . . ∂(y1)
∂(fm)

∂(y2)
∂(f1)

∂(y2)
∂(f2)

. . . ∂(y2)
∂(fm)

...
...

. . .
...

∂(ym)
∂(f1)

∂(ym)
∂(f2)

. . . ∂(ym)
∂(fm)

∣∣∣∣∣∣∣∣∣∣
=

√
n

m

since
√

n is the partial derivative of each of the expressions

on the diagonal, while the rest of the partial derivatives are

zero. Including the Jacobian when changing the variable of

integration then gives: dy1 · ·dym =
√

n
m

df1 · ·dfm.

This results in the following integral for the aggregated

process:

Pr[b ≤ Y1 ≤ ∞, b ≤ Y2 ≤ ∞, ..., b ≤ Ym ≤ ∞]

=
1√

(2π)mnm|r|

∫ ∞

b̂

· ·
∫ ∞

b̂

√
n

m·

exp

(
− 1

2

∑
i,j

√
n(fi − μX)

1

n
r−1
ij

√
n(fj − μX)

)
df1 · ·dfm

=
1√

(2π)m|r| ·

∫ ∞

b̂

· ·
∫ ∞

b̂

exp

(
− 1

2

∑
i,j

(fi − μX)r
−1
ij (fj − μX)

)
df1 · ·dfm

(14)

where |r| is the determinant of the covariance matrix of X and

r−1
ij is element (i, j) of the inverse of the covariance matrix.
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The integral in Equation 3 is recognized with another lower

integration limit, hence:

Pr[b ≤ Y1 ≤ ∞, b ≤Y2 ≤ ∞, ..., b ≤ Ym ≤ ∞]

= Pr[b̂ ≤ X1 ≤ ∞, b̂ ≤ X2 ≤ ∞, ..., b̂ ≤ Xm ≤ ∞]

= Pr
[ b√

n
− μX(

√
n − 1) ≤ X1 ≤ ∞, ..

...,
b√
n
− μX(

√
n − 1) ≤ Xm ≤ ∞

]
(15)

A relation between non-zero mean and zero mean (denoted

X∗) single processes is straightforward, where the lower

integration limit for the latter will be equal to b∗ = b̂ − μX .

This in turns leads to the following relation between the non-

zero mean aggregate and the zero-mean single process:

Pr[b ≤ Y1 ≤∞, b ≤ Y2 ≤ ∞, ..., b ≤ Ym ≤ ∞]

= Pr
[ b√

n
−μX(

√
n − 1)− μX ≤ X∗

1 ≤ ∞, ..

...,
b√
n
− μX(

√
n − 1)− μX ≤ X∗

m ≤ ∞
]
(16)

Finally, exactly the same procedure can be employed to

estimate the probability of crossing the threshold for the non-

zero mean aggregate from the zero-mean aggregate. Denoting

the zero-mean aggregate vector Y ∗ gives:

Pr[b∗ ≤ Y ∗
1 ≤ ∞, b∗ ≤ Y ∗

2 ≤ ∞, ..., b∗ ≤ Y ∗
m ≤ ∞]

= Pr[β ≤ Y1 ≤ ∞, β ≤ Y2 ≤ ∞, ..., β ≤ Ym ≤ ∞] (17)

where β = b∗ + n · μX

The relations between the multivariate normal integral

(MVNI) for the single and aggregated processes with zero

mean and non-zero mean are summed up in Figure 1, with the

limits for the MVNI (lower integration limit, upper integration

limit, mean, covariance matrix).

For the expression in Equation 3 the threshold exceeding

probabilities for different threshold can be found numerically

using the Cholesky transform as described in [8], or exper-

imentally using simulations. In the latter case it suffices to

study a single basic process.

Next, the probability of exceeding the threshold for the

aggregated video stream is employed for estimating the distri-

bution of the loss period.

μX = 0

n streams n streams

MV NI(a∗,∞, 0, r)

MV NI(b∗,∞, 0, nr)

a∗ = a − μX

b∗ = b − n · μX

MV NI(a,∞, μX , r)

b∗ = a∗ · √n

MV NI(b,∞, nμX , nr)

b = a
√

n + μX(n −√
n)

b = a∗ · √n + nμX

Fig. 1. The relations between the single and aggregated processes.

IV. DISTRIBUTION OF THE LOSS PERIOD

The distribution of the loss period is especially interesting

to study, since the perceived quality of service depends on

the packet loss distribution in addition to the loss ratio. The

distribution of the loss period equals the distribution of the

number of consecutive frame periods with a frame size higher

than the threshold. This is illustrated in Figure 2.

rate

Threshold

Loss periods

Time

Bit

Fig. 2. The exceedance of the bit rate over the threshold constitutes loss
periods.

An expression for the complementary cumulative distri-

bution function (cdf) for the number of consecutive losses,

Pr[MX,a > m] is found, where MX,a denotes the number of

consecutive exceedances for the process X over the threshold

a. From the complementary cdf , known solution methods can

be used to find the moments of the loss period.

The complementary cdf for the number of consecutive

losses, conditioning on a loss event, is then given by:

Pr[MX,a > m] =

Pr[Xm+1 > a,Xm > a, .., X2 > a|X1 > a,X0 < a]

(18)

Using the law of conditional probability on this last equation
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gives:

Pr[Xm+1 > a,Xm > a, .., X2 > a|X1 > a,X0 < a]

=
Pr[Xm+1 > a,Xm > a, .., X1 > a,X0 < a]

Pr[X1 > a,X0 < a]
(19)

Applying the law of total probability on the numerator and

denominator gives the following expression for the comple-

mentary cdf for the length of the loss period:

Pr[MX,a > m]

=
Pr[X1 > a, .., Xm+1 > a]− Pr[X0 > a, .., Xm+1 > a]

Pr[X1 > a]− Pr[X0 > a,X1 > a]

(20)

MY,n,b is then the number of consecutive exceedances over

the threshold b for the process Y , where the aggregate consists

of n basic processes. The complementary cdf for the number

of consecutive exceedances for the aggregate is then given by:

Pr[MY,n,b > m]

=
Pr[Y1 > b, .., Ym+1 > b]− Pr[Y0 > b, .., Ym+1 > b]

Pr[Y1 > b]− Pr[Y0 > b, .., Y1 > b]

= Pr[MX,b̂ > m]

= Pr[MX∗,b̂−μX
> m] (21)

The above equation establishes the relations between the

distribution of the aggregated process Y and the single pro-

cesses X and X∗. It follows that:

E[M i
Y,n,b] = E[M i

X,b̂
] = E[M i

X∗,b̂−μX
] (22)

The i-th order moments for the loss period for the aggregate

process (and hence the single processes) can be calculated as:

E[M i
Y,n,b] =

∑
m

mi · (Pr[MY,n,b > m − 1]− Pr[MY,n,b > m])

(23)

The loss distribution for an aggregate of n video streams

can then be found from the distribution of the basic process,

defined by its mean and covariance function. The multivariate

normal integral has to be calculated numerically. Simulation is

an alternative method to numerical calculations for studying a

Gaussian process. However, it is demanding and cumbersome,

and will also inevitably suffer some inaccuracies. Simulation

is hence only an alternative for cases when computation of the

multivariate normal integral fails. The numerical calculation is

investigated in the next section.

V. NUMERICAL COMPUTATIONS

Exact calculation of the multivariate normal integral is

generally not feasible [5]. However, a numerical method with

acceptable accuracy is developed in [8], using the Cholesky

transformation. In addition, the package mvtnorm [9] for

evaluating the integral is contained in the program R [10].

We employ this package in the following calculations.

A. Modeling the ACF using Video Traces

Real video traces encoded using the slice-based video

encoding scheme [2] are used as a basis for choosing the

ACF’s used in the model. First, one scene of the Stem clip

is employed. This clip has high variability in the average bit

rate over scenes, but within each scene the bit rate is more

constant. The number of bytes per frame for one scene, with

approximately 230 frames, as well as the ACF is shown in

Figure 3.

0 50 100 150 200
0

2

4

6

8

10

12

14

Frame number

Fr
am

e
si

ze
�K

by
te

s�

(a) Frame sizes

0 50 100 150 200
�1.0

�0.5

0.0

0.5

1.0

Lag

A
C

F

(b) The ACF

Fig. 3. One scene from the slice-based encoded Stem clip

The ACF is high for lags < 50, but then decreases and stays

almost within the confidence interval 1.96/
√

n.

Second, the Mobile clip with 220 frames and a relatively

stable bit rate is employed. The number of bytes per frame

is shown in Figure 4 together with the ACF. The ACF of
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(b) The ACF

Fig. 4. The slice-based encoded Mobile clip

the Mobile clip shows some oscillating behavior, and is also

negligible for high lags.

The behavior of the ACF for the two video clips, when

generalized to either a slowly decreasing or an oscillating

function, is believed to be representative for a large number

of video clips. In the following they form the basis for

two different types of models employed for the ACF in our

proposed model.

The covariance matrix r for X needs to be a positive definite

matrix. A correlation function which satisfies this requirement

is [11]:

f(x) = e−kxν

, 0 < ν ≤ 2 (24)
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For ν = 1 the function becomes the ordinary negative

exponential function; for 0 < ν < 1 it has a longer tail.

A sum of two positive definite functions is also positive

definite [11]. A permissible function is therefore:

f(x) = a1e
−x/x1 + a2e

−x/x2 , x2 >> x1 (25)

This combined function can model a longer tail and is used

in this study. In Figure 5, the different correlation functions

employed are shown. It is clear that using the exponential

function with parameter 1.0 gives only short term correlation,

while the combined functions have higher correlation values

at higher lags.
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Fig. 5. The exponentially decaying correlation functions employed.

For the oscillating ACF the exponentially damped cosine

correlation function is used:

ρcos(x;ω, R) = e−3x/R
cosωx (26)

where the period ν = 2π/ω. This function is also positive

definite [11].

This function is shown for different combinations of ν and

R in Figure 6.
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Fig. 6. The oscillative decaying correlation functions employed.

B. Packet Loss Computation

The exceedances over various thresholds are evaluated,

where the thresholds are expressed as fractions of the standard

deviation, σX is the standard deviation of X (X∗). This means

that only the correlation matrix is needed.

As a first step, the probability of consecutive exceedances

over the threshold for the basic, zero-mean multivariate normal

process X∗ is evaluated. The intermediate results are shown

when the correlation function is the exponential function with

parameter 1.0. Later, the first and second moments of the

lengths of the loss periods are compared for all correlation

matrices.

The probabilities of consecutive losses found from the mul-

tivariate normal integral are shown in Figure 7. The threshold

which corresponds to the lower integration limit is equal to 0.1,

0.2, 0.4 and 0.6 times the standard deviation. The probability

of m = 1 consecutive exceedances gives the overall loss rate.
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Fig. 7. The probability of m consecutive exceedances for variable thresholds.

The thresholds b∗ for the zero-mean aggregate consisting

of n basic processes will now be found using the relation

b∗ =
√

n·a∗ where a∗ is the threshold for the basic zero-mean

process. For the aggregated stream with n = 2, 5, 10, 20, 50,

the results are shown in Table I. This means that the probability

of exceeding the threshold 0.1 · σX for the basic process is

equal to the probability of exceeding the threshold 0.01414·σY

(where σY = n · σX ) for the aggregate consisting of n = 50

basic processes.

TABLE I

THE THRESHOLD b∗ FOR THE ZERO-MEAN AGGREGATE.

n 0.1 · σX 0.2 · σX 0.4 · σX 0.6 · σX

2 0.0705 ·σY 0.1425 ·σY 0.2830 ·σY 0.4245·σY

5 0.0446 ·σY 0.0894 ·σY 0.1788 ·σY 0.2684 ·σY

10 0.0316 ·σY 0.0632 ·σY 0.1265 ·σY 0.1897 ·σY

20 0.0224 ·σY 0.0447 ·σY 0.0895 ·σY 0.1342·σY

50 0.0141 ·σY 0.0283 ·σY 0.0566 ·σY 0.0849·σY

The next step is to calculate the complementary cdf

Pr[MX∗,a∗ > m] and Pr[MY ∗,b∗ > m] for the basic and

aggregated processes respectively. Equation 20 is used, and

the same thresholds as before are employed for the basic and

aggregated processes. It is conditioned on the occurrence of a

loss, therefore the probability of more than 0 losses is equal

to 1 for all thresholds. The results from these calculations are
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shown in Table II. The complementary cdf for the length of

the loss period is then the same for the aggregate, where the

corresponding threshold is found in Table I.

TABLE II

COMPLEMENTARY CDF FOR LENGTH OF LOSS PERIOD

m 0.1 · σX 0.2 · σX 0.4 · σX 0.6 · σX

0 1 1 1 1
1 0.572 0.542 0.483 0.425
2 0.342 0.308 0.245 0.190
3 0.206 0.177 0.126 0.0856
4 0.125 0.101 0.0643 0.0387
5 0.0753 0.0582 0.0329 0.0175
6 0.0455 0.0333 0.0169 0.00789
7 0.0275 0.0191 0.00866 0.00356
8 0.0166 0.0110 0.00444 0.00161

Finally, the moments of the loss periods are calculated,

using Equation 23. First, the results for the exponential cor-

relation functions are shown. The first moments are shown

in Figure 8, with different covariance matrices and for vari-

able thresholds. The moments for the basic process with the

threshold given in the figure correspond to the moments for the

aggregated process of n basic processes where the threshold

for the aggregated process for each n is given in Table I.
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Fig. 8. The first moment of the length of the loss periods.

As expected, there are large differences in the first moment

of the length of the loss period for the different corre-

lation matrices. This indicates that while the loss periods

are relatively short and frequent when the parameter of the

exponential function is equal to 1.0, the loss periods become

longer and less frequent when the correlation is given by a

combination of exponential functions with parameters 0.1 and

0.2. This is in agreement with [12], where it is found that

Long-Range Dependent (LRD) traffic leads to higher buffer

overflow probabilities compared to Short-Range Dependent

(SRD) traffic when the buffer size is large.

In Figure 9, the second moment for the number of consec-

utive losses is shown for the same thresholds and covariance

matrices as above. As can be seen for the second moment,

also the variability in the length of the loss periods is higher

when the correlation is higher.
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Fig. 9. The second moment of the length of the loss periods.

In Figure 10, the coefficient of variation is shown. A value

of the coefficient of variation around 1 indicates a geometric

distribution, values lower than 1 and higher than 1 indicate

hypogeometric and hypergeometric distributions respectively.
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Fig. 10. The coefficient of variation for the length of the loss periods.

In Figure 11, the moments of the loss periods for the Stem

clip, using the real correlation values of the clip in the model,

are compared to the sample mean and sample second moment

from direct inspection of the trace. The difference between

them is partly caused by the single long loss period for the

trace.

For the oscillating correlation functions, the first and second

moments are shown in Figure 12. In addition to the moments

calculated from the model, also the sample moments of the

loss period from the Mobile trace, found from direct inspection

of the trace, is shown. As can be seen, the sample mean and

sample second moment are less smooth than the moments from

the model. This is due to the low number of frames in the clip,

and hence only a few loss periods contribute to the calculation

of the sample moments. More and larger clips are needed to

validate the model.

In an aggregate, the constellation of scenes will change,

governed by scene changes in each stream. We have previously

found that scene lengths are close to a negative exponential

distribution (ned) [3], in agreement with [12]. A scene con-

stellation in an aggregate will then also be ned in length. The
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Chapter 6

IP Multimedia Subsystem
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On Understanding Availability of Services Based on
IP Multimedia Subsystem
Judith E. Y. Rossebø, Arlene Pearce, and Terje Jensen

Abstract Availability has commonly been considered as an
atomic property, indicating the average amount of time a system
is working as planned. This, however, should be further detailed
considering that more compound services are being deployed.
Expectedly, such situations are met when federating services
based on the IP Multimedia Subsystem. Then, certain parts of
the service may work to the complete satisfaction of the user,
while other parts are not quite up to the planned behaviour. It is
usually also included as the planned behaviour that unauthorized
users should not get access to the services or relevant data. Hence,
two essential characteristics of availability are accessibility and
exclusivity. This paper presents and discusses a conceptual model
for service availability intended to capture characteristics of these
service types and demonstrates how the model can be used to
analyze compound/composite services. Single provider and multi-
provider configurations are exemplified.
Index Terms Availability concept, federated services, IP Mul-

timedia Subsystem, Quality of Experience.

I. INTRODUCTION

AVAILABILITY is a central characteristic in service deliv-
ery. In fact, in todays society available telecom services

are pivotal for several enterprises, e.g., banking and financial
services. The concept of service availability, however, goes
beyond telecom. Often, consequences are serious if even parts
of telecom or computer systems are unavailable when their
services are needed.

Motivated by cost savings, more and more telecom services
are being migrated from deployment over dedicated networks
to deployment over a common IP-based infrastructure. There
is a need to ensure that the IP-based infrastructure can support
services with acceptable availability characteristics.

Traditionally, the notion of availability has been defined
as the probability that a system is working at time t, and
the availability metric has been given by the uptime ratio,
representing the percentage of time that a system is up dur-
ing its lifetime [1]. Accompanying this interpretation, failure
reporting procedures have also been described, e.g. [2] for
Public Switched Telephony Network, PSTN. This understand-
ing has served well for describing and analyzing availability
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of services delivered in dedicated networks such as for voice
services in the PSTN/ISDN. However, for describing service
availability characteristics and analyzing availability of ser-
vices in the vastly distributed environment in which IP-based
services are deployed, an enhanced notion of availability is
required.

Considering the emerging range of IP-based services being
delivered in public and private networks today, several chal-
lenges follow from the traditional understanding of availability.
This paper addresses two challenges. The first challenge is
that even with a high mean rate of availability, failure that
occurs during peak service request periods will result in high
operational loss. One such scenario is a web service with
99.999% average availability that looses connectivity for 5
minutes during peak sales of concert tickets. Such bursty
behaviour patterns could be seen for several of the services [3].
The second challenge is that when presented with a set of
service components, a user may have different expectations
of quality for each component. One example is a buddy list
with presence information fed by an IP Multimedia Subsystem,
IMS. Different categories of buddies may be defined, say
work-related and leisure-related. A user may tolerate lower
quality weather forecast or tv-guide services she typically uses
in leisure-mode while she may expect near perfection from
a stock-ticker service used in work-mode. Similarly, reliable
presence information pertaining to her colleagues/employees
may be more important to her than reliable presence informa-
tion pertaining to leisure-related contacts.

In the multi-application environment implied by IMS, sev-
eral features may contribute to the overall user experience.
For example, the user interface may collect parts of presence
information, location-dependent data, calendar tasks, and other
service components. Different parts of the user interface may
be updated by different servers. Hence, the user experience is
collated from different sources. Moreover, the different parts of
the user interface may have different weights in the experience
depending on the user tasks.

We focus on the problem of considering the variability of
the contributions of the different parts involved in the services
to the overall availability of a service. Issues are the adequacy
of the current availability concept, the definition of availability
and the availability management. Quality of Experience, QoE,
should then be related to these issues as addressed by this
paper.

This paper addresses these issues. The service availability
concept model motivated and introduced in [4] is presented
and exemplified by a set of cases. As services grow in com-
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plexity [5], further aspects of availability need to be covered.
This paper presents and elaborates on a conceptual model
for service availability providing a case study to demonstrate
the applicability of the model to service provisioning in a
distributed IMS service environment.

Sect. II provides a brief introduction to the enhanced service
availability concept. An overview of IMS follows in Sect. III.
Sect. IV exemplifies how the enhanced service availability
concept can be applied for a federated presence implemented
on IMS.

II. ENHANCED SERVICE AVAILABILITY CONCEPT

A. General Motivation
The setting for the enhanced service availability concept

is derived from the fields of dependability and security. As
explained in [6], availability has been treated by the field of
dependability and the field of security with different definitions
and understandings of what availability is [7], [8], [9], [10].

The definition of availability used as a basis for the en-
hanced service availability concept is: The property of being
accessible and usable on demand by an authorized entity [8],
[10]. This definition captures the integral part of securing
availability by ensuring access to authorised users while also
addressing the aspect of a service being usable in addition to
the traditional aspect of readiness for correct service.

The notion of service availability has been further refined
using this definition as a basis, to include addressing the
exclusivity aspect of ensuring that a service is provided to the
authorized users only [4]. This aspect is important because a
system must know how many users are expected to access
a service at a given time as well as how long the users are
expected to access the service. The of users accessing at a
given time and the session durations can be used to calculate
the penetration and usage values. These values could be ap-
plied when dimensioning and as basis for ensured performance
levels. If the means to ensure that authorized users only are
accessing a service is too weak, and unauthorized users are
able to access a service, the service availability for authorized
users may be affected.

As established in [7], availability is affected by means and
threats. The conceptual model of dependability consists of
three parts: the attributes of, the threats to and the means by
which dependability is attained [11] and provides a basis for
the service availability conceptual model as motivated in [6].
In order to classify threats to availability and means to achieve
availability in a security setting, we are also motivated by the
approach used in the security field of risk analysis and risk
management as in [12], [13].

This is because incidents resulting in loss of availability do
not necessarily escalate into faults and therefore classification
of means in terms of faults may become insufficient for
availability analysis. An example is the hijacking of user
sessions by an attacker or group of attackers, preventing
the authorised user or group of users from accessing the
service. This incident results in loss of service availability for
a set of users, without incurring a fault in the system. An

unwanted incident is defined in [14] as an incident such as
loss of confidentiality, integrity and/or availability. A fault is
an example of an unwanted incident. The service availability
conceptual model therefore classifies the means to achieve
availability in terms of countering unwanted incidents.

In [15], the threats to dependability are defined as faults,
errors and failures, and these are seen as a causal chain of
threats to dependability:

fault −→ error −→ failure
This understanding of threats serves nicely in the dependability
model, however, as service availability may be reduced e.g. by
a denial of service attack without incurring a fault, error or
failure, we apply the definition of threat, as defined in [10]: a
threat is a potential cause of an unwanted event, which may
result in harm to a system or organisation and its assets.

Services can exist in numerous degraded but operational/-
usable/functional states between up and down or correct and
incorrect. For example, an online newspaper may behave errat-
ically with slow response times for displaying articles browsed
without going down or becoming completely unavailable. This
means that a more fine grained measure of availability is
needed than pure up or down.

It should be possible to describe various states of availability
in order to specify the extent of which a reduction of service
quality may be tolerated. The service availability metric should
take into account, for example, measurement of different levels
of degradation of services in order to analyze more closely
how well user requirements are fulfilled, as well measuring the
ability to adequately provision a service to all of the authorised
users requiring the service at a given moment. Such a metric
should take into account the appropriate set of parameters,
not just the usual average based on the mean time to failure
(MTTF) and the mean time to repair (MTTR). In section
IV below, we provide a set of parameters for measuring the
availability of an IMS presence service.

B. Enhanced Basic Notion
The enhanced notion of service availability encompasses

both exclusivity, the property of being able to ensure access
to authorised users only, and accessibility, the property of
being at hand and useable when needed. Exclusivity involves
ensuring that unauthorised users cannot interrupt, hijack, or
prevent the authorised users from accessing a service. The
focus is on preventing the denial of legitimate access to
systems and services by prohibiting unauthorised users from
interrupting, or preventing authorised users from accessing
services. The aim is to ensure access to users while keep-
ing unauthorised users out. Some of the means to achieve
exclusivity address ensuring access for authorised users and
others address techniques for preventing unauthorised users
from accessing or interrupting services, e.g. by monitoring
to discover unwanted traffic and blocking this traffic from
unauthorised users.

Accessibility is defined as the quality of being at hand
and usable when needed. We divide accessibility properties
into three major areas: timeliness, correctness and usability.
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Fig. 1. Conceptual model for service availability

Timeliness is the ability of a service to perform its required
functions and provide its required responses within specified
time limits. Usability is concerned with the users perception
of the service, and the ease of use of the service. The measure
of correctness of a service may differ widely between different
kinds of services.

Consider an online payment service. From the viewpoint of
a user at a given point in time, we could say that the quality
of the service is either 1 or 0 depending on whether the user
gets a useful reply (e.g. confirmation) or not (e.g. timeout).
(Over time this can be aggregated to percentages expressing
how often one of the two kinds of responses will be given.)

These considerations motivate a notion of service degra-
dation [16]. Service degradation can be defined as reduction
of service accessibility. Analogous to accessibility, we divide
service degradation into timeliness, usability and correctness
degradation. These are mutually dependent on each other. For
example, graceful degradation in timeliness may be a way of
avoiding correctness degradation if resources are limited, or
the other way around.

In summary, the overall conceptual model can be depicted
as in Fig. 1 (illustrated in UML 2.x format [17]). Availability
is affected by means and threats. Means can ensure availability
by protecting against threats. Threats may lead to unwanted
incidents which may cause reduction of availability.

By means to ensure availability we address protection of
the service from incidents leading to a loss of availability. We
have categorized the means into i) incident prevention: how
to prevent incidents causing loss of availability (e.g. access
control, integrity protection ensuring graceful degradation); ii)
incident detection: how to detect incidents leading to loss
of availability (e.g. traffic inspection, audit logs); and, iii)
recovery from incident: the means to recover after an incident
has lead to a loss of availability (e.g. system adaptability,
robustness, maintainability, redundancy).

Threats may originate on the inside (inside attackers) or the
outside (outside attackers) of the system. The impact of threats
varies with the nature of the threats; some threats may result in
degradation of the service, others in complete loss of service.
For the full motivation and explanation of the model, see [6].

C. Decomposing Availability

Based on the conceptual model, the availability of a service
can be analyzed with respect to exclusivity and accessibility
aspects. On an abstract level, a mathematical representation
can be given as follows; Let A denote a service with an
availability property for a user group U , and let X denote
the availability metric for service A. We represent X =

(x1, . . . , xn) as an n-tuple where xi is a measure of an
aspect of availability. These include behavioural, preventive
and correctness aspects. By this we mean that xi describes
requirements for a particular availability aspect. The minimum
requirement for each xi must be satisfied in order to fulfil the
total availability requirement X . Using the conceptual model
this idea can be refined as follows: We represent X as a tuple
X = (X1, X2) whereX1 measures the exclusivity properties,
and X2 measures the accessibility properties. Essentially, the
aim is to describe the degree of accessibility and exclusivity
that is sufficient for the user to be able to activate and use
the service. The purpose of service availability metrics is to
measure how well service availability requirements have been
met.

For example, exclusivity metrics could measure how well
the following requirements are met:

• The probability that an authorised user is denied access
to the service at a given time t should be less than x.

• The probability that an unauthorised user obtains access
to the service at a given time t should be less than y.

• User u should be prohibited from accessing service s
when user v is using the service.

• The of intrusions at a given time t (e.g. during a critical
moment) should be less than z.

Based on these requirements, we have the following measures
of aspects of exclusivity:

• The probability that an authorised user is denied access
to the service at a given time t.

• The probability that an unauthorised user obtains access
to the service at a given time t.

• The probability that unauthorised user u obtains access
to service s when user v is using the service.

• The of intrusions at a given time t.
Similar requirements may be defined for accessibility.
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III. IP MULTIMEDIA SUBSYSTEM (IMS)

IMS has been promoted by several international bodies as a
future platform for providing services. It is access agnostic in
the sense that services could be provided over any access type
and to any device. That is, as long as the device is capable of
supporting the proper client behaviour.

A. Layered Architecture
A layered architecture has been applied for defining IMS,

see Fig. 2. In the core part, we find common session control
and common user data. In IMS terms these are referred to as
Call Session Control Function (CSCF) and Home Subscriber
Server (HSS), respectively. There are several types of CSCF
supporting roaming users, interconnecting between domains
and emergency sessions, although these are not depicted in
Fig. 2.

Fig. 2. Layered architecture of IMS

HSS stores user identities and user profiles. Both private and
public identities are defined and a user/individual can have a
of user profiles. A profile explains which applications are to
be invoked and how services are to be executed.

A range of applications can reside in the common IMS
core. Examples of application types are group list managers,
Centrex, location, handover support (WLAN 2G/3G).

Main protocols are SIP-based and DIAMETER-based; The
former for service/session control and the latter for data access
and charging. IMS has, however, defined additional parameters
and attributes compared with the original IETF SIP.

The client side is not directly illustrated in Fig. 2. For
IP-based terminals, an IMS client would be implemented in
the terminal. Then, there will be a session running between
the terminal and the CSCF. For traditional circuit-switched
networks, such as PSTN and GSM-CS, the client could be
said to be implemented in the switching control. That is, the
media gateway controller would run session control with the
CSCF. In this manner, an IMS installation could be considered
to fill similar roles as Intelligent Networks do today.

As shown in Fig. 2, the effect is that multiple applications
can be accessed and used through different access types. Or,
in other words, it allows a seamless experience over different
access and terminal types.

There are several ways in which the key components SIP
Application Server, User Agent (UA), CSCF and Home Sub-
scriber Server (HSS) can communicate with each other. This
provides flexibility when designing architecture for service
creation and orchestration. Fig. 3 shows existing interfaces
that can be utilised in designing a new architecture. Note that
the Ut(XCAP) interface is compatible with, but outside of, the
IMS specifications.

Fig. 3. Interfaces involved in service composition

The SIP AS is an integral part of the IMS specification. Note
that it has direct access to the users profiles in the HSS. User
profiles can in turn have service profiles. The SIP AS can also
take several different roles in the SIP session initiation chain
and these roles can be leveraged in service orchestration.

As a set of applications may be invoked for a session, there
could be a need for allowing these applications to inter-play.
For example, the Centrex application may want to know the
location of a user to decide upon further service execution.
One example is that different rules should be followed if the
user is in the office area compared to when the user is in the
car. For this purpose, a Service Capability Interaction Manager
has been identified. However, it has not been described in
detail, allowing for several implementation options. In partic-
ular, there are discussions on whether the Service capability
Interaction Manager should be implemented in a centralized,
distributed or hybrid manner.

B. Presence Service
Subsection text here.
One application that we analyze with respect to the service

availability concept model presented above, is the presence
service. Basically, the presence server collects information
about a set of users and presents this information to pre-defined
users. Schematically, it can be depicted as in Fig. 5. The
users from whom presence information is requested are called
Presentities. Presence sources are defined as nodes reporting
the presence information. Examples of presence sources are
clients in handsets, mail/calendar servers, network elements
and indications given through web portals.

This information is collected by the presence server and
reported to the pre-defined watchers. Again, different watcher
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types can be defined, such as clients on handsets and other
application servers.

As also shown in Fig. 5, not only users can be reported
through this mechanism, but also other types of items, such
as stock prices that a user has subscribed to monitor. There
are also providers utilising the same mechanism for presenting
advertisements, reminders or other offers.

As a result, the list of items provided by the presence server
can be grouped into sets that have different expectations as
seen by a user. These may also vary during the day, for
example as some items may be more related to work, while
others are more related to leisure, family or social groups.

The different presence items may be updated from different
sources. This means that several different service providers
as well as others may be involved. For example, a user may
set up buddies that are subscribers of other service providers.
This implies that the different providers must interact, and
cooperate. An immediate case is to incorporate Facebook
friends into an IMS based buddy list as illustrated in Fig. 4.

Fig. 4. Facebook as Presence External Agent

Presence information, as defined by [18], conveys the ability
and willingness of a user to communicate across a set of
devices. A presence service is a system that accepts, stores and
distributes presence information to interested parties, called
watchers. A presence protocol is a protocol for providing a
presence services over any network.

The presence server is located in the home network of the
user that the presence information is relating to (called pre-
sentity). It would commonly include both logic and data stor-
age. Key capabilities are collecting, composing and filtering
presence information. Filtering could be used when deciding
which presence parameters should be presented to an actual
watcher application. This could also be used when only the
parameters that have changed since the previous update should
be forwarded. Filters can define which tuples are watched
(e.g. all that has contact address equal to tel:user@domain),
attributes to be forwarded to a watcher and triggers when
notifications should be sent.

Watcher information shall be collected by the presence
server, which allows a presentity to obtain that information.
Any presence information that the presence service is not able
to interpret shall be handled in a transparent manner.

Fig. 5. Functional components for presence (adapted from 3GPP TS
23.141 [19]).

Subscription authorization policy shall be provided by the
presence server. This tells which watchers that are allowed to
subscribe to which of a presentitys presence information.

A number of suppliers of presence information can be
relevant:

• Presence network agent: providing presence information
from network elements. A range of network elements and
corresponding protocols are shown in Fig. 5. Examples
of presence information obtained are i) from GGSN PDP
context activation, de-activation, ii) from SGSN attached,
not reachable for paging, detached, routing area update,
iii) from MSC server attach, detach, location area update,
call setup, idle, connected, busy, etc., iv) from 3GPP
AAA server WLAN UE attaching/detaching, tunnel
establishment/removal.

• Presence user agent: providing presence information on
behalf of a principal. This may be located in the terminal
or in the network (e.g. when the terminal does not have
a proper user client installed). In case it is located in the
network, it must be within the presentitys home network.

• Presence external agent: providing presence information
by elements outside the providers network. This takes
care of any interworking and security issues and resolves
location of the presence server. Examples of information
supplied by the presence external agent include i) third
party services (calendar applications, corporate systems,
etc.), ii) internet presence services, iii) other presence
services.

The presentity presence proxy can be used to locate the
presence server (will make a lookup in the HSS) that is to be
used for a given user/presentity.
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The watcher entities are divided into watcher presence proxy
and watcher applications. The watcher presence proxy carries
out functions such as authentication of watchers.

Watcher applications can located in i) user equipment, ii)
application server, and, iii) external to providers domain. The
same interface is used both for requesting monitoring and
for fetching information. In both cases all or a subset of a
presentitys information can be transferred (e.g. referring to a
given filter, only parameters changed since last notification,
etc.).

A presence list server (an SIP server) can also be involved
keeping information regarding grouped lists of watched pre-
sentities. This enables a watcher application to subscribe to
presence of a group of users/presentities by a single SUB-
SCRIBE transaction. A presence list server also stores and
manages filters associated to presentities in the presence list.
Filter shall be attached to individual SUBSCRIBE transac-
tions.

A watcher application sends a SIP SUBSCRIBE to
Event:presence addressed to the presentitys SIP URL to sub-
scribe or fetch presentitys presence information. This SUB-
SCRIBE request will be handled by the IMS core elements
reaching the presence server. The presence document is pro-
vided by the presence server to the watcher application using
SIP NOTIFY (see Fig. 6 ). The SIP NOTIFY may be triggered
by a change of the presentitys status, notified by any of
the presence suppliers via the corresponding interfaces and
message types.

Fig. 6. Schematic message flow between a watcher subscribing to updates
of presence information

Both of the accessibility and the exclusivity aspects of
service availability discussed in Sect. II are related to the
presence item list. For each of the different groups in the
item list, the degree of exclusivity achieved and accessibility
achieved may differ. For example, during leisure time, buddies
related to work may not require to receive updated information
on a users whereabouts. On the other hand, during office hours,
it may be considered crucial by the user to receive updated
information on other users (buddies) whereabouts.

Level of detail may also differ for the different items. For
example, for certain buddies, the user is allowed to see their
locations, while for others the locations must not be displayed.
Again, these rights may vary over time.

Hence, the users desktop can be looked upon as consisting
of a of fields. For each of the fields the user has a certain

expectation of correct behaviour, both in terms of that the fields
content should be correct and that it should not be revealed
to other non-qualified parties. On a conceptual level, each of
the items is expected to be up to date with respect to specific
timeliness requirements. The overall users experience might
then be divided into expectations for each of the fields. This
leads to decomposition into fields with separate availability
requirements.

A time stamp field in the message format may be used as
a rudimentary security mechanism to prevent replay attacks
e.g. launched for the purpose of capturing user credentials for
unauthorized access to a service. For example, tuples whose
time stamp are older then the time stamp of the most recently
received presence document should be discarded.

Attributes shall be mapped to separate tuples that have
unique identifiers. In case different attribute values should be
shown to different watchers, a set of tuples must be created
that contain the same attribute. The subscription authorisation
policies give the association of tuples to different watcher
groups, that is, which watchers can access which presentity
information.

Subscription authorisation lists can be divided into the
following categories:

1) blocking; watchers not allowed to access any presence
information related to the presentity.

2) personal; explicitly identifying watchers
3) general; groups of watchers who are no necessarily

known by the presentity, e.g. all watchers
The list categories are evaluated in the order

1) −→ 2) −→ 3)

IV. CASE – AVAILABILITY ASPECTS OF THE ENHANCED
PRESENCE SERVICE

The enhanced presence service based on IMS is assumed to
combine a of different features, such as location information
as well as advertisements, see Fig. 7. There is also support
to include buddies that are subscribers of other domains, e.g.,
other service providers.

Fig. 7. Presence server conveying information about users to defined watchers
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A. Single Provider Case

The first case is depicted in Fig. 8. Here, it is assumed that
all users are within the same service provider domain. It is also
assumed that group lists are stored by the presence server.

Fig. 8. Case I: user with 3 buddies for presence listing

In a straight-forward manner, for the overall service to work,
all components have to be in operation. For the configuration
shown in Fig. 8, user 2 and user 3 are attached to the same
network element. Hence, it suffices that this element is in
operation. A block diagram could then be set up in order to
analyse the service availability with respect to accessibility.

Suppose, however, that not all users are of equal importance
for user N . Then, accessibility estimates can be made for each
user (i.e. items) on the presence list, e.g. Ai for user i. Average
accessibility is then found as

∑
i(Ai · αi)/

∑
i αi, where αi,

is the level of importance associated with user i.

B. Multi Provider Case

Providing different levels when all users are within the same
provider domain seems contrived. When the different users
are in different domains, different levels may become more
relevant. An example is depicted in Fig. 9.

Fig. 9. Case II: user with buddies in different provider domains

Again, a block diagram could be put up for each of the
items in the list. For this configuration, however, certain
details regarding implementation of presence services in other
domains would likely not be available. This implies that
accessibility levels would then be part of the Service Level
Agreements (SLAs) established between providers. It might
also be more suitable to state different levels towards user N
for the different user groups in this configuration. However,

this will probably depend on the SLA terms. Similar expres-
sion as above follows, although an index j indicates the group
of buddies: Aj =

∑
i(Aij · αij)/

∑
i αij

In some cases, there may not be any pre-established SLA
between the providers. It then becomes a business risk evalua-
tion whether a service provider wants to state any performance
levels in the service description to user N . Potentially, there
may be differentiated levels for the different groups, j.

Level of importance related to a user, αij , may vary depend-
ing on the role of the user, N . For example, during working
hours, it is more important to follow work colleagues, for
example, involved in the same project, than outside working
hours. As projects come and go, the colleagues involved will
also vary, requiring that this information is easily updated
frequently.

C. Parameters Included in Enhanced Presence
The parameters given for a presence item may include nick-

name, mode, location, as well as others. Typically, location
could be given with different level of granularity. In some
cases, e.g. during roaming, the location may also be unknown.
On the other hand, there are certain usages where location is
considered as very important, such as following children in
kindergarten and following some mental patients.

For user N , different levels of importance could then be
attached to the different parameters. These importance weights
may also differ for the different presence items as shown in
Fig. 10.

As these parameters may be pushed or pulled from different
sources, different response or delivery times would result. In
some respects, this is similar to the design of a web page
consisting of a set of objects. In order to improve QoS and
network performance, presence parameters should be delivered
in appropriate sub-groups. That is, waiting for the last presence
parameters before sending an update to the users buddy list
(watcher) would likely result in too long response times and
degraded QoE.

This sub-grouping is particularly a critical aspect when
information is collected from vastly different sources, some
residing in semi-real-time environments while others within
best-effort environment. In effect, this balances the different
aspects of availability (correctness, timeliness and usability)
as described in Sect. II.

D. Use of Presence Items for Other Purposes
Having configured means for controlling presence items on

a terminal, one could utilise this for other purposes as well,
such as advertising and time-related special offers. One such
implementation has been tested in a real user environment
in Finland, in the SmartRotuaari project [20]. The service
implemented included highly personalized direct marketing to
customers mobile phones.

When users accept such commercial activities, a service
provider would then likely have an agreement with a of
companies for delivering the advertisements/offers. Then, there
will also be requirements on accessibility for providing this

18th ITC Specialist Seminar on Quality of Experience

169



feature. Again, block diagrams could be made assisting the
accessibility evaluation.

E. Exclusivity
From the outset, overall exclusivity could be analysed in

a similar manner as for accessibility. That is, either looking
at the overall average or looking at each presence item
individually. However, the analysis approaches would likely
differ as there are often other types of threats affecting the
exclusivity aspect.

The aim with respect to the exclusivity aspect is to ensure
that authorised users only should have access to presence items
that they subscribe to. Allowing unauthorised users to access
presence items may have a negative effect on accessibility,
but also, may be in violation of privacy directives in the
jurisdiction.

Commonly, for the presence service there will be stricter
requirements regarding exclusivity than for accessibility. This
is mainly due to privacy aspects, avoiding any third party being
able to follow a users actions. However, it is also important
to ensure that the authorised users are not prevented or in-
terrupted from accessing the presence items. Activity initiated
by unauthorised users can adversely affect the accessibility
aspects.

It may also be important to measure whether a rogue service
provider is interfering with the availability of presence items
delivered from another service provider.

It would also be a business decision on whether to provide
exclusivity measures for the average or for groups of items.
Some statistical aggregation measures could also be defined.
How the exclusivity aspects are measured may also depend on
the means that are deployed for ensuring exclusivity.

F. Threats and Corresponding Means
Considering the different servers, network elements, pro-

tocols, data, etc. that are involved, various threats would be
relevant. Examples of threat agents are malicious users, rogue
service providers, unauthorised users masquerading as autho-
rised users to obtain information on another users whereabouts.
The vulnerability of the presence service to distributed denial
of service attacks should be evaluated.

Hence, there will combinations of means to address the
threats, covering protection, detection and recovery. Preventa-
tive means will involve access control measures, for ensuring
that authorised users only have access to the items. Monitoring
of activity to detect malicious user behaviour could also be
deployed. Essentially, preventative mechanisms will try to
eliminate the possibility of attacks by threat agents or to
enable the presence service nodes to be able to endure attacks
without denying service access to authorised users. Detection
and recovery will involve detecting attacks on nodes of the
service, or against specific users, and responding immediately
to restrict impact.

G. User Experience
As mentioned above, expectations from users may vary

for the different presence items and the different parameters

for each item. Moreover, these weights may vary over time.
Schematically, the actual user experience could be estimated
by multiplying the weights and the actual obtained accessibil-
ity and exclusivity measures as depicted in Fig. 10.

Fig. 10. Schematic procedure for estimating actual user experience (for
illustration only)

Rules for aggregating experience parameters would likely be
adapted to different purposes, such as statistical performance
levels stated in SLAs, for Key Performance Indicators, and so
forth.

It still remains to figure out how aggregated measures should
be calculated and how many measures should be defined.
Theoretically, based on questionnaires, a single parameters
could suffice, say providing an estimate for the question, “On
a scale of 1 – 0, how satisfied are you with the presence
service?”

Additional requests for following the performance levels are
also needed. One example is monitoring key quality indicators
related to selected aspects of the business. Another example is
accessing performance levels when corresponding parameters
are specified in the SLA between actors.

V. CONCLUSION

This paper elaborates and exemplifies a conceptual model
for availability. A key point is to include both the accessibility
and the exclusivity aspects of the service availability measure.
Hence, only the authorized users should be ensured access to
the service, and with the proper service levels. So far, it seems
that exclusivity is an aspect of availability that has rarely been
included in the literature. However, the concept presented here
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shows where exclusivity fits in with an enhanced notion of
service availability.

The enhanced notion seems even more important when
considering collaboration between providers, and also between
different roles of the same user. Proper service composition,
also referred to as orchestration, then becomes even more
important and challenging.

A schematic example is provided through the enhanced
presence service realised by IMS. Considering the federated
nature of the presence service, a range of challenging aspects
need to be addressed, including differentiation of presence
items and parameters for an item while also handling multiple
sources of presence data.

Among items for potential further work is the task of con-
ducting user experiments to estimate QoE related to different
items of the presence service. Other items are to assess weights
and further details for the schematic procedure outlined in
Fig. 10.
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The Effects of Load Distribution Algorithms in
Application’s Response Time in the IMS

Architecture
Plarent Tirana and Deep Medhi

Abstract—The IP Multimedia Subsystem (IMS) is a
generic open-systems architecture offering converged mul-
timedia services over IP. In both signaling and data planes,
there are components in the IMS architecture that select
a server from a pool of servers to satisfy a particular re-
quest. In the signaling plane, the interrogating Call/Session
Control Function (I-CSCF) will choose the serving CSCF
(S-CSCF) for the user; in the data plane, the S-CSCF
will choose the Application Server (AS). To provide the
best quality of experience to the users, the best S-CSCF
is to be selected for signaling and the best AS for the
data plane. This raises the load distribution/balancing issue
in a networked environment. Currently, there are only
generic recommendations on load balancing algorithms
for use in the IMS architecture, without any quantitative
comparisons of the effects of load distribution algorithms
on the application response time. We propose a distributed
distribution scheme based on delay measurements. Several
traffic patterns are considered and exercised against the
different load distribution schemes; we observe that in
general, the least response time method with associated
delay measurement has the least end-to-end signaling
delay.

I. INTRODUCTION

IP Multimedia Subsystem (IMS) is a generic open-

systems architecture offering converged multimedia ser-

vices over IP [3], [10]. A high level view of the IMS

architecture is depicted in Fig. 1; for clarity, the main

components and interfaces are shown here. The Session

Initiation Protocol (SIP) was chosen for the signaling

plane in the IMS networks mainly due to its scalability

and flexibility. The 3rd Generation Partnership Project

(3GPP) has defined several mandatory SIP extensions for

IMS to the SIP core functionality. Various SIP proxies

are defined by 3GPP for the IMS signaling commonly

known as CSCF (Call/Session Control Function). These

proxies are categorized by their signaling functionality

as P-CSCF (proxy CSCF), I-CSCF (interrogating CSCF)

The authors are with the Department of Computer Science &
Electrical Engineering, University of Missouri–Kansas City, MO
64110 USA.

and S-CSCF (serving CSCF). Note that in an opera-

tional environment, multiple instances of CSCFs may be

distributed geographically across the network. Two of

these types (P-CSCF and S-CSCF) are assigned to the

IMS terminal (user) for the entire registration process,

while the I-CSCF acts as a load balancer only during

the IMS registration phase and selects the best-fit S-

CSCF for the user. This process is defined as S-CSCF

Assignment by 3GPP. The S-CSCF acts as a liaison

for the user in the signaling plane. In fact, it intercepts

every SIP message destined/originated to/from an IMS

terminal, decides which S-CSCFs to invoke, checks the

user profile and authorizes the services. It is imperative

for the quality of experience offered to the user to have

the best S-CSCF selected.

As of now, there are two algorithms proposed for

S-CSCF Assignment: one is defined by 3GPP [3]and

the other by Motorola [4]. In the 3GPP approach,

selection criteria include capabilities that match the

user profile against capabilities that of the different S-

CSCFs in the network, operator preference on a per user

basis, topological information (location user/S-CSCF),

and availability information. This infers a simple round-

robin strategy when all things are equal. Obviously, this

approach does not consider either the round trip delay of

the SIP messages, or the load of the S-CSCF. Motorola

has proposed an approach to this problem based on

a heartbeat mechanism by using the SIP OPTIONS

method. I-CSCF will periodically ask for all the load

related information from the S-CSCF, store this informa-

tion and apply some sort of load balancing algorithm to

perform load distribution during user registrations. While

this might seem a good approach (because the load of the

S-CSCF could somewhat impact the QoS), it overlooks

the main factor contributing directly to the QoS, the end-

to-end signaling delay.

Generally, the load of the S-CSCF will be partial

information, especially if the S-CSCFs are located in

different geographical areas. A common deployment

could result in several categories of S-CSCFs, each

of them equipped with different hardware (processors,
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Fig. 1. Reference IMS Architecture

amount of memory, disk subsystem and so on) partly

because they were deployed in different times. Under

this scenario, the I-CSCF should also have knowledge

of the individual S-CSCF capabilities which makes it a

cumbersome approach.

Our work takes a different approach and its criteria are

based on the end-to-end SIP signaling delay (“response

time”). P-CSCF will track the round-trip SIP delays

between itself and every configured available S-CSCF.

This approach is valid when the user is registered in

the home network and when it is roaming in a visited

network but GGSN/P-CSCF is located in the home

network. S-CSCF will track the round-trip SIP delays

between itself and any AS within the operator’s network

and the delays toward the domains on the top-popular

list. A careful study of the IMS registration process, the

ongoing signaling procedures, and a deep analysis of the

browsing and multimedia traffic patterns of one of the

biggest worldwide telecommunications carriers, made us

believe that we could measure most of the SIP signaling

delays in most of the cases. While our discussion so

far has been regarding IMS signaling, the same identical

concept is valid in the IMS data plane; the S-CSCF will

choose the Application Server (AS) to satisfy the user’s

needs (in Fig. 1, AS is identified as SIP-AS). Unless the

user makes any changes to the session that cannot be

satisfied by the chosen S-CSCF and Application Servers

(AS) (user can have several concurrent sessions), the

above servers will be assigned to the user for the entire

session. It is imperative for the quality of experience

offered to the user to have the best S-CSCF selected

for signaling and the best Application Servers for the

data plane. In both cases, we consider a load distribution

problem across several servers.

Load balancing is not a new concept in distributed

computing; however, after the explosion of the Internet,

it became ubiquitous in the server farm industry. This

is mainly due to the fact that it addresses several areas

such as scalability, availability, manageability and secu-

rity (DoS attacks). Load balancers serve a number of

applications and some of them are sensitive to round

trip delays. Measuring the round trip time and selecting

the server with the shortest response time seems to be

the logical choice. Regardless, how the delay data is

collected, whether either in-band or out-of-band, and

independently from the algorithm to calculate the mov-

ing average, this approach has a cost and should be

applied in situations where it will improve the overall

response time as compared to a round-robin distribution.

In this respect, this paper addresses the question: “When

is it worth it to use the Response Time method in the

Load Distribution in the IMS architecture?” The goal

is achieved by exercising various traffic distributions

through a simulation platform and analyzing the data

to find out the factors that impact the choice.
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II. RELATED WORK

There has been significant work on server load balanc-

ing in the Internet [2], [8]. However, little work has been

done on server load balancing in the IMS architecture. It

is important to recognize that due to the special nature of

the IMS architecture, a generic load balancing concept

cannot be directly applied. Nevertheless, common sense

would dictate finding the best fit load distribution for a

particular scenario. As an example, it would make sense

to use response time if the application is delay sensitive

such as with VoIP or Video Conferencing. Obviously,

by using response time, some sort of moving average

should be considered where the last items have a stronger

weight in the overall result. However, this method is

costly as compared to the simple form of round-robin.

Intuitively, it makes sense to use response time when

the average response times are different between the

different servers performing the same functionalities;

otherwise the benefit will not be worth using this method.

As far as the IMS architecture is concerned, there

has been work on scheduler and improvement of IMS

presence service [1], [12] and on AS server workload

[11]. What is currently lacking in the analysis of the

IMS architecture is a quantitative assessment of S-CSCF
assignment that compares statistical measures between

different load distribution methods under various traffic

and network scenarios. Our work sheds light into this

problem by considering a number of network cases with

load balancers distributed across a wide geographical

area connected to many servers performing the same

functionalities.

The rest of the paper is organized as follows. In

Section III, we introduce the operational model, which

is followed by the study model in Section IV. Section V

discusses the simulations results and analyzes the results.

In Section VI, we discuss future work.

III. OPERATIONAL MODEL

Load balancing is typically categorized into two main

groups based on how the sessions are treated: stateless

(does not keep track of any previous interaction) or state-

ful (decision is made for every session based on previous

stored information). Stateless load balancers are simple

while stateful load balancers are more complex. Stateful

load balancers need to understand the start and the end

of each session. All the packets pertaining to the session

will be directed to the same server, with the assumption

that the server will be alive during the entire session.

To keep track of the sessions, a session table must be

implemented. Independently, from the state of the load

balancing, the load is directed to the servers based on

a number of load distribution methods. Therefore, load

balancers can be either stateless or stateful; in this work,

we assume that the load balancers are stateless.

We consider the operational environment of M P-

CSCFs and N S-CSCFs. The previous work [4], [3]

considers the scenario of a single I-CSCF with N S-

CSCFs sharing the load as shown Fig. 2. Our work

considers a more generic approach where a set of K
I-CSCFs can share the load with a set of N S-CSCFs

while there are M independent P-CSCFs (input sources)

as shown in Fig. 3. It encompasses the case discussed so

far in the previous work and lays out the foundation for

more specific future work in the IMS area, e.g., signaling

(load balancing at the Interrogating S-CSCF level to

select the best Serving S-CSCF) and application data

(load balancing at the Serving S-CSCF level to select

the best Application Server). As previously stated, we

are interested in the round-trip delay for request routing

to understand the user’s quality of experience. This is

important in the case of the distributed applications

where the clients, load balancers, and application servers

are spread over a large geographic area. A clear example

is in the wireless world where the transmission delays

are far higher than the load balancer or application

server processing times. However, our study does not

apply to just wireless applications. Note that the role

of an I-CSCF is primarily that of a lookup function to

forward a request to the right S-CSCF, the lookup time

(however small) would be reduced with distributed I-

CSCFs across the network. However, it is crucial for

the fastest response time algorithm that the I-CSCF has

knowledge of the overall delay between any P-CSCF

and any S-CSCFs. For this operational scenario, we

have also designed an update protocol to convey the

delay information to the I-CSCF (if a single I-CSCF

is implemented) or multiple I-CSCFs. It includes both

pushes from the P-CSCFs and S-CSCFs toward the I-

CSCFs and periodical and/or on-demand pulls from I-

CSCF. We use SIP extra-headers to convey the delay

information. In this paper, we do not discuss the protocol

details since our main goal here is to compare the various

load balancing distribution methods.

Our operational platform considers three load balanc-

ing distribution methods: 1) uniform random allocation

where the S-CSCF is chosen randomly between the

available ones, 2) round robin where the next request

is routed to the next available S-CSCF, and 3) lowest

response time. The first two are based on existing pro-

posed approaches, while the third one (“lowest response

time”) is our proposed approach to handle incoming

requests by periodically considering the delay estimate

using the update protocol. Thus, in our approach, every
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Fig. 2. Current Load Balancing Approach [3], [4]
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Fig. 3. Proposed Load Balancing Architecture

load balancer (I-CSCF) has a view of the delays, Δ

(Δps, 1 ≤ p ≤ M, 1 ≤ s ≤ N ), between the P-CSCF

and the S-CSCF (Fig. 4); this is obtained through a

periodically measured feedback system, which is invoked

using our update protocol.

IV. STUDY MODEL

Given the operational environment, we have developed

a simulation model to study various load distribution

methods where we make the following assumptions:

• The inbounds to proxies arrive as Poisson processes

with a mean rate λp, p = 1, ..., M . Call arrival (SIP

messages in the IMS scenario) is often modeled as

a Poisson process; therefore, this is a reasonable

assumption.

• The S-CSCF operates with exponentially distributed

service times (Poisson process).

• None of the S-CSCF is over-loaded (queue utiliza-

tion is always less than one).

For our simulation, the input rates, λp, are randomly

chosen within a range. For system stability, we ensure

that the load in any of the queues is less than one. Since

the input rates to the proxies are random, in our simula-

tion we ensure for every input rate λp (1 ≤ p ≤ M ) to

choose the Δps (1 ≤ p ≤ M, 1 ≤ s ≤ N ) appropriately

in the case of the response time approach. In our study,

delays matrix Δ (Δps, 1 ≤ p ≤ M, 1 ≤ s ≤ N (see

Fig. 4) is estimated randomly. To maintain fairness when

cross comparing different distribution methods, we use

the same seed when generating the instant values for the

delays matrix. Clearly, the input traffic is identical for

each of the distribution methods studied. We then col-

lected the average delay, standard deviation, and ninety

five percentile delay.

Each scenario in our simulations has handled a large

number of incoming requests (between five hundred

thousand to a million incoming requests) to be routed to

the N S-CSCFs. The stateless load balancing simulation

does consider every incoming request as a stand alone

and will route the request to the application server based

on the specific distribution method. In the case of the

stateful load balancing, we keep track of the session and

route all the subsequent requests to the same application

server. As we will show in the results section, the cross

comparison results will depend on the activity of the

sessions. In a static environment, the lowest response

time method will have all the requests belonging to

the same session routed to the same application server.

However, our environment is dynamic and the best

choice made when the session started might not be the
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Fig. 4. Load balancer with delay-based model

best one for subsequent requests. The activity of the

session is considered as the number of requests that are

part of a session in our overall fixed number of incoming

requests. This number will be randomly chosen between

two limits (these limits are parameters in the simulation).

A. Analytical Model for the Uniform Random Allocation
Method

When we consider the uniform random allocation

method for load distribution, we can consider the system

as an open Jackson network [6], [7] with a special

structure for our operational model, for which we can

obtain the analytical results. We briefly summarize this

result. Note that we altogether have M +N queues due

to M P-CSCFs and N S-CSCFs; recall that I-CSCFs

are not considered here since their role is purely to

perform a lookup function, which is negligible compared

to queueing delays at P-CSCFs and S-CSCFS. For sim-

plicity of notation, we number the total M+N nodes as

i = 1, ..., M +N , where the first M nodes refers to the

P-CSCFs and the last N refers to the S-CSCFs, and the

arrival at any node is denoted by λ′
i, i = 1, ..., M +N .

Given arrival rates λp (1 ≤ p ≤ M ) to the M P-

CSCFs, we then have the total arrival rate as Λ =∑M
p=1 λp. Due to random allocation from input sources

(P-CSCFs) to the N S-CSCFs, the arrival rates con-

tributed by each P-CSCF to each S-CSCF is λp/N ;

therefore, the total arrival rate each of the S-CSCFs is

∑M
p=1 λp/N . Thus, we have

λ′
i = λi, i = 1, ..., M (1)

λ′
i =

M∑
p=1

λp/N, i = M + 1, ...,M +N. (2)

If the mean service rate at each node is denoted by

μi, i = 1, ..., M +N with exponential service time, then

the average number of jobs, Ni, at node i is given by

Ni =
λ′

i

μi − λ′
i

, i = 1, ..., M +N. (3)

The Mean Sojourn Time, W , is given by

W =

M+N∑
i=1

Ni

Λ
. (4)

This result will be used in validating the simulation

model in the next section.

V. STUDY RESULTS

The purpose of our study is to compare different dis-

tribution schemes. Before we do that, we first validated

the simulation model with the analytical result for the

uniform random allocation method. For all our studies,

we have used a number of grid topologies by changing

the number of P-CSCFs and S-CSCFs, while keeping the

actual number of P-CSCFs and S-CSCFs the same for

each case. Altogether, we considered a number of grid

topologies: from a 4×4 topology all the way to a 20×20
topology. For clarity, all results discussed are presented

by varying the normalized offered load to the system,

which is the ratio of the offered traffic to the capacity.
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Fig. 5. Comparison of Analytical and Simulation Model
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Fig. 6. Mean Sojourn Time (from simulation)

A. Validation

The analytical model discussed in Section IV-A for

the uniform random allocation method was used to

verify our simulation model. Specifically, we consider

the special case of identical arrival to each of the P-

CSCFs to determine the mean sojourn time. We report

the difference between the simulation result and the

analytical result as the percentage ratio difference on the

mean sojourn time (i.e., (simulation/analytic −1)× 100

%). For three grid topologies, 5 × 5, 10 × 10, and

20 × 20, we report the ratio difference in Fig. 5, while

the determination of the mean sojourn time from the

simulation model by itself is presented in Fig. 6. From

the comparison, we can see that the percentage differ-

ence between the analytical model and the simulation

often stays within 1%, regardless of the topology size

and the normalized offered load. Having validated the

simulation model, we then present a comparison between

the uniform random allocation method and the round-

robin scheme in Fig. 7 by presenting the ratio of their

mean sojourn times for a 5 × 5 topology. We can see

that the difference in the result is between 1% and 2%

and it gradually grows as the normalized offered load

is increased. Therefore, the analytical model serves as a

reasonable approximation in most cases.
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B. Comparative Study

As above, we considered normalized offered loads

varying from 0.1 to 0.9 and the grid topology, expressed

in terms of the number of P-CSCFs (“ingresses”) and

S-CSCFs (“egresses”). We considered the following fac-

tors:

• The smoothing factor α, used to calculate the ex-

ponentially weighted moving average for the matrix

of delays.

• The smoothing function on selection of the best S-

CSCF used to route for a particular P-CSCF. We

used one, two, or three best S-CSCF performers for

the input P-CSCF.

These were then considered along with the normalized

load factor and different topology sizes to arrive at a

total of four factors. For load distribution methods, we

will primarily focus on round robin and our proposed

fastest response time method. Note that for smoothing

the delay, we used Hunter’s formulation to calculate the

exponentially weighted moving average for the matrix

of delays:

Δt = αΔt−1 + (1− α)ΔEMA. (5)

The simulation results are presented as ratios of

statistical measures between the round robin method

and the fastest response algorithm (assuming the same

input traffic and matrix delay distribution). For statistical

measures, we also collected standard deviation and the

95th percentile delay on the sojourn time in addition to

the mean sojourn time. Thus, the ratios presented are for

three measures: mean, standard deviation, and the 95th

percentile value.

While we have run an extensive set of scenarios

spanning the four factors, here we present the most

significant ones. In the next graphs, we will present

results only for stateless load balancing. For each of the

above four factors, we will keep three of them constant

and show the effect of the other one in terms of the

statistical measures.

Fig. 8 shows that the ratio of each of the statistical

measures increases when the normalized offered load

increases. This graphs shows the ratios of the mean

value, standard deviation, and ninety five percentile delay

for a fixed topology (12 ingress and 12 egress), the

smoothing factor α = 0.005, and no smoothing that was

used on selection as the best egress used to route for a

particular ingress.

Fig. 9 shows the ratios of the mean value for dif-

ferent topologies, a smoothing factor α = 0.01 and

no smoothing that was used on selection of the best

egress used to route for a particular ingress. For sake

of clarity, we have shown only the ratio of the mean

values. In fact, the other ratios (standard deviation and

ninety five percentile delay) are similar. The graph shows

that the ratio of the mean values increases by increasing

the number of ingresses/egresses. This would lead to

deployments with a large number of ingresses/egresses

to improve the application response time.

Fig. 10 shows the ratios of the mean value for a fixed

topology, a smoothing factor α = 0.01 and a smoothing

that was used on selection of the best AS used to route

for a particular P-CSCF. As previously mentioned, we

have used one, two, or three top egress performers for

each of the ingresses. For sake of clarity, we have shown

only the ratio of the mean values. In fact, the other

ratios (standard deviation and ninety five percentile) are

similar. The graph shows that the ratio of the mean values

decreases by increasing the number of top performers

(egresses) used to route from each of the ingresses. This

is quite explainable since we are also allowing second

choice egresses for any ingress.

Fig. 11 shows the ratios of the mean value for a fixed

topology, different smoothing factors and no smoothing

that was used on selection of the best egress used to

route for a particular ingress. For sake of clarity, we have

shown only the ratio of the mean values. In fact, the other

ratios (standard deviation and ninety five percentile) are

similar. The graph shows the ratio of the mean values

decreases with increasing the smoothing factor α. The

reason here is that the smaller the smoothing factor, a

more accurate value for the average delays is obtained.

VI. SUMMARY AND FUTURE WORK

In this work, we consider the problem that the least

signaling delay for Application’s response time when a

request weaves through a network of P-CSCFs and S-

CSCFs in an IMS network. This results in a load distri-

bution problem, for which we propose a method based

on the least response time with delay measurements.

From all the scenarios studied, we infer that our proposed

approach has the least signaling delay compared to the

round robin method; the difference is more pronounced

at a higher load.

So far in this paper we have considered three main

constraints: (1) The overall offered traffic from all the

ingresses can be handled by each of the egresses, (2) The

delays from each ingress to each egress are stationary

Poisson distributions, and (3) stateless load balancers.

Our future work will go beyond these constraints. By

removing constraint (1), we will face the situation where

the regular fastest response distribution could bring to

attention overfills for the fastest egresses; this will be
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Fig. 7. Difference between uniform random allocation method and the round robin method
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Fig. 8. Effect with Normalized Offered Load
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Fig. 9. Effect with Topology

mitigated by having throttle mechanisms when the egress

will hit some sort of threshold. By removing constraint

(2), we will explore the possibility of how changing the

smoothing factor α will make the scheme adaptable;

that is, how well it would adapt, and (3) the impact

on performance if stateful load balancers are used. In

addition, we will validate the results we obtained for the

generic load balancing to all the IMS components that
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Fig. 10. Effect due to Smoothing
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Fig. 11. Effect due to α

do similar load balancing, such as the I-CSCF for the

signaling and S-CSCF for choosing Application Server.

We will also consider other metrics besides latency.

We have designed a simple protocol to convey the

delay information to the I-CSCF which includes both

pushes from the P-CSCFs and S-CSCFs towards the I-

CSCFs and periodical and/or on-demand pulls from I-

CSCF. We are using SIP extra-headers to convey the

delay information. We are planning to build a working

prototype. Our goal is to study the effects of the protocol

(such as frequency of the updates) on the efficiency of

the algorithm.
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