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Parametric Planning Model for Video Quality
Evaluation of IPTV Services Combining
Channel and Video Characteristics

Jiarun Song, Member, IEEE, Fuzheng Yang, Member, IEEE, Yicong Zhou, Senior Member, IEEE, and Shan Gao

Abstract—Parametric planning models are designed for
estimating the video quality, which can be applied to effective
planning, implementation, and management of network video
applications and communication networks. However, different
from the bitstream-based evaluation models, the planning models
are not allowed to exploit the video streams, with only limited
information available for use, i.e., a few general parameters
predetermined by the service providers and network operators. In
this paper, a parametric planning model combining channel and
video characteristics is proposed to estimate the video distortion
caused by packet loss for Internet protocol television (IPTV)
services. More specifically, the probability distribution of the
channel states is determined by detailed analysis of the channel
characteristics. Then, considering the influence of burst packet loss
and the temporal dependence between frames, several sequence-
level and frame-level parameters for video quality evaluation are
derived from the perspective of the probability distribution of the
channel states. Utilizing these parameters, the proposed model
approximates the video quality considering the effects of direct
packet loss and error propagation. Experimental results show that
the proposed model has a superior performance for video quality
estimation than the three commonly used parametric planning
models.

Index Terms—Network planning, planning model, quality
of experience (QoE) planning, video quality assessment, video
streaming applications.

I. INTRODUCTION

ECENT years have witnessed an increasing proliferation
R of IPTV services. According to Cisco’s report, the global
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IP video traffic will be 82 percent of all consumer Internet
traffic by 2020, up from 70 percent in 2015 [1]. In order to
achieve a high level of user satisfaction for IPTV services, it
is crucial to objectively predict the video quality for system
design, network and Quality of Experience (QoE) planning,
quality benchmarking and monitoring [1]-[4].

In terms of the employed information, objective quality as-
sessment models for network video can be classified into five
categories: parametric planning models, packet-layer models,
bitstream-layer models, media-layer models, and hybrid mod-
els [5], as illustrated in Fig. 1. Different from the packet-layer
model, the bitstream-layer model and the hybrid model which
are usually used for quality monitoring [6], the parametric plan-
ning model is mainly applied to network and service planning.
It is initially designed for service planners to identify before-
hand how the video quality will be in a certain application and
network parameters setting, to avoid over-engineering the ap-
plications, terminals, and networks while guaranteeing user’s
satisfaction [7]. More specifically, the video quality is estimated
using a priori of parameters, and then the appropriate service and
network parameters are chosen and deployed in practice accord-
ing to the video quality. Thus, the parametric planning model
is important and helpful for multimedia service providers and
network operators.

However, unlike other kinds of assessment models that eval-
uate the video quality by exploiting the information of bitstream
or media signals, as shown in Fig. 1, the parametric planning
model estimates the video quality without resorting to the actual
video streams during the planning phase, and uses only a few
empirical parameters (e.g., coding bitrate, packet loss rate, and
so on) supplied by the service providers and network operators.
In such a case, the parametric planning model cannot obtain
the detailed information about video coding (e.g., frame type,
quantization parameter, motion vector, etc.), video content (e.g.,
temporal complexity, spatial complexity, pixel values, etc.), as
well as packet loss (e.g., the actual position of packet loss, the
number of lost packet, etc.). How to accurately estimate the
video quality using parametric planning model challenging and
still remains as an open issue.

Targeting service planning, a parametric planning model was
standardized by ITU-T Recommendation G.1070 for video-
phones, where the video quality was calculated by using ap-
plication and network parameters, such as the bit rate, frame
rate and packet loss rate [8]. Considering the influence of the
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Fig. 1. Illustration of video quality evaluation model.
TABLE I

COMPARISON OF THE STATE-OF-THE-ART

State-of-the- Publication Typical input Burst packet

art models year parameters loss included

G.1070 [8] 2007 Bit-rate, frame rate, packet loss None
rate

Yamagishi[9] 2008 Bit-rate, frame rate, packet loss Yes
frequency, and burst length

Garcia [10] 2010 Bit-rate, packet loss rate, the Yes
number of lost packets in a row

G.1071 [12] 2015 Bit-rate, frame rate, burst packet Yes

loss length, packets size, length of
group of pictures (GOP)

burst packet loss on the video quality, as shown in Table I,
the burst length [9] and the number of lost packets in a row
[10] were employed to estimate the video quality, respectively.
The model in [9] was an update version of the ITU-T G.1070
model. However, all these parametric planning models simply
use a few statistical parameters to estimate the video quality
and fail to carefully analyze the influence of the packet loss
on the coded frame and video streaming. In recent years, ITU-
T Study Group 12 studied a new parametric planning model
(G.OMVAYS) for video streaming applications, which focuses
on evaluating the impact of typical IP network impairments on
the video quality [11]. The corresponding parametric planning
model was presented in the ITU-T Recommendation G.1071
[12], whose formula and outputs are in accordance with those
of packet layer model in ITU-T Recommendation P.1201 [13].
Particularly, the ITU-T G.1071 model provides a set of rules to
convert the planning parameters into the forms of P.1201 inputs
since these packet-layer inputs are not available in the planning
phase. Though the influence of packet loss on the video stream-
ing was studied in this model, the correlation between individual
packet loss events is still not taken into account.

In practice, the packet loss process in the wired and wireless
channels often exhibits finite temporal dependency and can be

well characterized via a finite-state Markov model [14]-[17].
In this paper, a parametric planning model is proposed to eval-
uate the video quality of IPTV services, which matches the
G.OMAVS framework outlined by ITU-T SG12. The model
covers the H.264/AVC coded video transmitted over channels
modelled by a four-state Markov chain. Unlike most traditional
methods which directly map the statistical coding and network
parameters (e.g., coded bit-rate, packet loss rate, etc.) to video
quality, the proposed model evaluates video quality combining
channel and video characteristics. Specifically, the probability
distribution of the channel states is calculated analyzing chan-
nel characteristics, which can better clarify different packet loss
behaviors. Due to the fact that the burst packet loss and the
temporal dependence between frames will lead to nonrandom
frame distortion, several sequence- and frame-level parameters
for quality evaluation of IPTV services are derived from the per-
spective of probability distribution of the channel states. Utiliz-
ing these parameters, the proposed model can better indicate the
effects of direct packet loss and error propagation on the video
streaming. It is noted that for IPTV services, the video streams
are more sensitive to distortion caused by packet loss, while
one-way delay and jitter are generally not problematic since the
Set-Top-Box (STB) is able to provide proper de-jitter buffers
[4]. Thus, this research is focused on how to investigate the
influence of packet loss on the video quality for IPTV services.

The remainder of this paper is organized as follows.
Section II describes the framework of the proposed paramet-
ric planning model. In Section III, the impacts of packet loss on
video quality are evaluated. Performance evaluation and con-
clusion are given in Sections IV and V, respectively.

II. FRAMEWORK OF THE PROPOSED PARAMETRIC
PLANNING MODEL

The framework of the proposed parametric planning model
is illustrated in Fig. 2. The proposed model consists of five
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Fig. 2. Framework of the proposed parametric planning model.

TABLE I
INPUT PARAMETERS OF THE PARAMETRIC PLANNING MODEL

Category Parameters

Input parameters for video quality
estimation

Bit-rate, frame rate, packet loss rate,
averaged burst packet loss length, packet
size, length of GOP, number of slice, and
characteristics of channel model (state
transition probability).

Codec type (H.264, MPEG4), video
resolution, packet loss concealment
(freezing, slicing)

Input parameters for coefficient database

modules: input parameter module, coefficient database module,
parameter analysis module, quality-evaluation module for
coding distortion, and quality-evaluation module for distortion
caused by packet loss.

A. Input Parameter Module

The input parameter module includes the input parameters of
the planning model. Different from the bitstream-based or pixel-
based video quality assessment model that use the information
extracted from an available video streaming, the inputs of the
planning model are the statistical parameters supplied by the
network operators and service providers during the planning
phase. There are only a few parameters that can be used in
the planning model. According to the proposal of ITU-T SG12
for the parametric planning models [18], the input parameters
can be divided into two categories: the input parameters for
quality estimation and those for the coefficient database. More
specifically, the input parameters for quality estimation are used
to evaluate the video quality, while the input parameters for the
coefficient database are used to determine which group of model
coefficients should be chosen to evaluate the video quality. The
detailed input parameters for the parametric planning models
are listed in Table II.

B. Coefficient Database Module

The coefficient database module stores a set of coefficients,
which is designed to cope with the different video codec type,
video resolutions or many others. The video streaming with
different video codecs and resolutions may have different coef-
ficients of the parametric planning model. Therefore, accord-
ing to the input parameters (e.g., H.264 codec, 720P, slic-
ing, zero motion error concealment), the coefficient database
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module will provide the corresponding coefficients to evaluate
the video quality.

C. Parameter Analysis Module

Combining input parameters with characteristics of the chan-
nel models, some other useful information for video quality
evaluation can be deduced by the parameter analysis module.
For instance, considering the influence of the packet loss on the
video streaming, the average frame loss frequency, the expecta-
tion of the number of impaired frames and the average impaired
ratio of each frame can be estimated combining the character-
istics of the channel models. These parameters can be further
used to estimate the video quality. The detailed procedure of
the parameter analysis module is one of the contributions of the
proposed planning model.

D. Quality-Evaluation Module for Coding Distortion

This module is used to evaluate the video coding distortion.
According to [19], [20], the video quality affected by the coding
distortion is closely related to the coded bitrate and frame rate.
It has been effectively evaluated as follows:

Qc:

1
1+ (1_W)aFR230

<1+v1 (1-%)) : (1—v41n(%)), Fp < 30
(1)

where (). is the coding quality. F is the video frame rate.
Br is the average number of bits for coding a frame, which
can be obtained by the ratio of the coded bit-rate and F. vy,
V9, v3 and v, are empirical parameters. Considering that all the
mentioned parameters are available during the planning phase,
the proposed parametric planning model utilizes (1) to estimate
the video coding quality as well, where the parameters of vy, vo,
vs and vy are retrained using the current database.

E. Quality-Evaluation Module for Distortion Caused by
Packet Loss

This module evaluates the video quality when the video trans-
mission in the presence of channel errors. According to the
study in [7], when packets are lost during video transmission,
significant errors may appear due to the corruption of related
video data. Moreover, transmission errors in one frame may also
propagate to the subsequent frames since the predictive coding
structures are employed [20], [21]. This problem may be even
worse in the video applications where the “IPPP” coding struc-
ture is employed. In this quality evaluation module, the video
coding quality and the parameters calculated by the parameter
analysis module are employed to evaluate the video quality af-
fected by the packet loss. This module is also a focus of the
proposed parametric planning model.

In the following section, the proposed parameter analysis
method and the video quality evaluation method for the distor-
tion caused by packet loss will be discussed in detail.
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III. EVALUATION OF DISTORTION CAUSED BY PACKET LOSS

For video streaming applications, the information of the im-
paired frame is very important to the video quality since the
video sequence is constituted by frames. In order to accurately
indicate the influence of packet loss on the video quality for
IPTV services, this section first analyzes the channel character-
istics, where the probability distribution of the channel states
will be calculated. Considering the temporal dependence be-
tween frames, some frame- and sequence-level parameters will
be presented to indicate the influence of the direct packet loss
and error propagation on the video quality. A parametric plan-
ning model is finally proposed to evaluate the video quality.

A. Four-State Markov Channel Model Analysis

With respect to the parametric planning model, the charac-
teristics of the channel (e.g., packet loss rate, burst packet loss
rate, channel state transition probabilities) are known a priori
in the planning phase. Generally, the finite-state Markov model
is a good approximation of the actual packet loss processes
for both wired and wireless channels [14]. However, the more
elaborate division of channel states will increase the complex-
ity of analyzing the finite-state Markov model and calculating
the parameters of planning model. Therefore, it should make
a trade-off between the accuracy and complexity of channel
simulation [22].

According to the study in [15], the good and bad state run
length distribution often tends to behave like a mixture of two
geometric distributions. This characteristic just coincides with
that of four-state Markov model (4SMM). Moreover, the tran-
sition probabilities in 4SMM can be established without having
to run extensive physical layer simulations, thus it is compara-
tively easy to implement and analyze for 4SMM. Similar to the
P.1201 and G.1071 models, this paper uses a 4SMM to emulate
the sophisticated packet loss process [16], [23], as illustrated in
Fig. 3. It is noted that in the 4SMM, two period types are in-
volved, namely, the burst period and the gap period. The burst
period, as discussed in [16], is defined as a longest sequence
beginning and ending with a loss during which the number of
consecutive received packets is less than a specified value (This
value varies with the network and service scenarios, and an ex-
ample of the suitable value for video service is 64 according
to [16]). The other periods are classified as the gap periods.
These two periods appear alternatively. In each period, there
are two kinds of states corresponding to the fact that the packet
is received and lost, respectively. Provided with the period to

IEEE TRANSACTIONS ON MULTIMEDIA, VOL. 19, NO. 5, MAY 2017

Burst Period | Gap Period I Burst Period
| |

|

|
| | |

Loss Pattern 070 |11 000 101100 1 020100 {111 00 1 -

e | e e e e e e e e e

.-B-~-B |CC DDD CDC | BB A B-“B A B-B|CCCDD C---
| | I

175

State

Fig. 4. Illustration of packet loss in the four-state Markov model by a binary
sequence.

which the packet belongs, the four states of the 4SMM model
are defined as:

1. State A: isolated packet lost in a gap period

2. State B: packet received successfully in a gap period
3. State C: packet lost in a burst period

4. State D: packet received in a burst period

It can be found from Fig. 3 that there are several rules for
the transfer between different states. For example, State A can
be transferred only to State B, while State B can be transferred
to State A and C as well as to itself. State C can be transferred
not only to State B and D, but also to itself. State D can be
transferred to State C and itself, respectively.

Given a loss pattern of the 4SMM, the burst and gap periods
are detected firstly according to their definitions. Then, the state
for each packet is clarified by checking the packet is received or
lost in a specified period. Fig. 4 illustrates the four states by a
binary sequence where the value 1 indicates that current packet
is lost and the value O denotes that current packet is correctly
received. The values of 239, 175, 132 and 155 indicate the
number of consecutive 0. It is obvious that each state is easily
distinguished from other states and the state transitions obey the
rules specified in Fig. 3.

For a specific 4SMM, as illustrated in Fig. 3, the matrix of
transition probability IT can be expressed as

Pss Pap Pac Pap 01 0 O

M= |Poa Pos Poc Pup | _ |9 b f O 0
pCA an p(‘C p(‘D 0 1 J k
Pps Pps Ppe Popp 0 0 m n

where p; ; (4,7 € {A, B, C,D}) is the state transition probabil-
ity between two states. It can be indicated as follows [24]:

pi; = Pr(Xi = j| Xo =1) (3)

where Pr is the probability, and X, and X; are random variables.
This channel model can be characterized by the parameters g, A,
f,1,j, k, m, n. The values of these parameters can be determined
using the maximum likelihood estimators for a sample trace
[25]. Taking the parameter g as an example, it indicates the state
transition probability from State B to State A. The maximum
likelihood estimator of g for a sample trace is
npA

g= "2
np

“)

where npg 4 is the number of times in the observed time series
that state B follows state A and np is the number of times state
B occurs in the trace. The values of other channel parameters (4,
£, 1, j, k, m, n) can be determined using the same method. Partic-
ularly, there are constant relationships among these parameters
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[23], which can be expressed as follows:

h=1-f-g (5)
k=1—i—j (6)
n=1—m. (7)

Therefore, the channel model can be determined when the
values of g, f, i, j, m are provided. For the parametric planning
model, the values of these parameters are assigned in advance
and can be used as an input [18], [23].

Considering that the states of 4SMM constitute an irreducible
closed set, the stationary probabilities of State A, B, C and D
(i.e., Ps, Pp, Pc, Pp) can be used to indicate the random
packet loss rate, error free rate, burst packet loss rate, and error
free rate in a burst period of the video stream, respectively.
These stationary probabilities form the stationary probability
distribution 7. It is a (row) vector that keeps unchanged after
being applied with the operation of transition matrix II[14],
[24], which can be expressed as

m-II= (8)
m = [Pa, Pp, Pc, Pp) )

where Py, Pp, Pc, Pp are the stationary probabilities of State
A, B, C and D, respectively. They are non-negative and sum to
1. According to (2), (8), and (9), the values of P4, Pp, Pc and
Pp can be achieved by

B mgj

Pa = (m+k)-f+1+g) mj (10)
_ mj

Po = TR T+ (T g)-my an
_ mf

Fo = (m—+k)-f+(1+g) -mj 12)

Py = Ik (13)

(m+k)-f+(1+g)-mj

Therefore, when the values of channel parameters f, i, j, k,
and m are provided, the packet loss rate and the burst packet loss
rate will be determined as well. These stationary probabilities of
channel states can be used to indicate the distribution of packet
loss in the channel.

B. Packet Loss Metrics Affecting Video Quality

Based on the analysis above, several sequence- and frame-
level parameters are then derived to evaluate the video quality
affected by the packet loss. The sequence-level parameters in-
clude the average frame loss frequency (AFLF) and the expecta-
tion of the number of impaired frames (ENIF). The frame-level
parameter contains the expectation of the impaired ratio of a
frame (EIRF). More specifically, AFLF indicates the expected
number of frames with packet loss per GOP. ENIF is the ex-
pected number of the impaired frames caused by the error prop-
agation for each packet loss, as illustrated in Fig. 5. EIRF is the
expectation of the impaired ratio of each frame suffering from
the packet loss. These parameters can describe the impact of
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Fig. 5. Illustration of influence of packet loss on video streaming.

the direct packet loss and error propagation on video streaming
from different prospects.

When the video sequences are coded at a low bit-rate, the
number of bits for coding each frame is relatively small, and
each frame is usually encapsulated into one packet for transmis-
sion. On the other hand, when the video sequences are coded
at a high bit-rate, the number of bits for coding each frame
is relatively large, and each frame is usually encapsulated into
multiple packets for transmission. It is necessary to distinguish
these two conditions because different patterns of packet encap-
sulation lead to different results of parameter calculation. Given
a specific video service, the average number of packets in each
frame can be determined by the ratio of Br and packet size.
In the rest of this subsection, these parameters will be calcu-
lated when each frame is encapsulated into one packet and into
multiple packets, respectively.

1) One Packet Per Frame: When each frame is encapsulated
into one packet for transmission, the packet loss will directly
lead to the frame loss. In such a case, the frame loss process is
the same as the packet loss process, which can be characterized
via a four-state Markov model as well.

a) AFLF: For the video streaming suffering from packet
loss, the value of AFLF V,pr can be calculated using the
frame loss rate and the length of GOP, which is expressed as

Varrr =Pr-Lg =Pp-Lg=(Pys+Fe) -Lg (14

where L is the length of GOP, Pr is the frame loss rate, Pp is
the packet loss rate that is equal to the sum of the random packet
loss rate P4 and burst packet loss rate Pr. Because each frame
is encapsulated in one packet, Pr = Pp.

b) ENIF: When the i'" frame in a GOP is subject to errors
caused by packet loss, its subsequent frames are usually error-
prone because the ' frame may be used as the reference. This
contamination will not stop until the next synchronization point,
typically an I-frame, is reached. Thus, the number of impaired
frames is determined by the GOP length and the position of the
lost frame.

For a video with the GOP length L¢, as shown in Fig. 6,
there are a total of L loss patterns to be considered. More
specifically, the value 1 indicates that the frame is affected by
direct packet loss or error propagation, while the value 0 means
that the frame is intact and not influenced by the packet loss.
Taking the loss pattern of index 2 in Fig. 6 as an example, the
second frame in a GOP is suffered from packet loss, and the total
number of impaired frames is L — 1. In the Markov channel,
the packet loss event exhibits dependencies over time [14]. Thus,
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Fig. 6. Loss pattern in a GOP of a video sequence.
Lg be derived from (15) as
E{NL,} E{Np,}=n""-E{Np}. (17)
E{NLn}
|
! R . In such a case, the value of Vg p is assumed as the mean
E{Ny} value of all ENy,, (n = 1,2, 3...Vaprr) in a GOP, which
‘ can be expressed as
E{Nui} P
1 VAFLF
Fig. 7. Illustration of ENIF for each packet loss. Venie = Z E { N, }
VAFLF
the probability of each loss pattern should be calculated usin 1 —nrarer
stationary : . = E{Nu} as)

the stationary probabilities of different states and corresponding
transition probabilities. Based on this analysis, the expectation
of the impaired frame number Vg for a single packet loss
is calculated as

L¢
Venir = E{Np} = ZPL(k) - Np (k)
k=1
- Pg(1—nte)  Pp(l—nte)
_(LG_ TTh T iow )

x (1 — Pghte~t — pppte—1)~1 (15)

where Ny, (k) and Py, (k) are the number of the impaired frames
and the probability of the loss pattern for the k'" index, respec-
tively, as illustrated in Fig. 6.

When multiple packet losses occur in a GOP, the high frame
loss frequency will lead to low expectation of the impaired
frame number for each packet loss. As illustrated in Fig. 7, the
values of EN11, ENp, and E N3 indicate the expectations of
the impaired frame numbers for different packet loss events in
a GOP. Obviously, Lo > ENpy > ENpg > ENp3 > ... >
E Ny, . The relationship among these values can be expressed
as follows:

_ E{Npi}  E{Nps} E{Npz} E{Ni.}
~ Lg  E{Np} E{Nw} " E{Ny,i}
(16)

where n is number of frame loss in a GOP and it is equal to
Varrr, m is a constant determined by the ratio of the expec-
tation of the impaired frame number for the first packet loss
ENp, and Lg, where ENp; is equal to ENy and can be cal-
culated by (15). For the n'" loss packet loss in the GOP, the
value of expectation number of the impaired frames £’ Nz, can

(1—=n)-vaprr’

¢) EIRF: If each frame is encapsulated into one packet,
the packet loss will lead to the whole frame loss. In such a case,
the expectation of the impaired ratio in a frame Vg;pr = 1.
2) Multiple Packets Per Frame: When each frame is encap-
sulated into multiple packets for transmission, the issue of burst
packet loss may be actually less relevant between frames. This is
because more packets per frame will make the burst packet loss
concentrate on affecting individual frames, rather than spreading
across multiple frames [14]. In such a case, the frame loss pro-
cess can be simplified and characterized via a Bernoulli model
[26], which is independent and identically distributed. Next, the
proposed parameters will be calculated under the condition that
each frame is encapsulated into multiple packets.
a) AFLF: If one of the packets of a frame is lost, this frame
is defined as a lossy frame. For a frame with the number of Vp,
packets, the probability of the lossy frame can be calculated as

Pp=1—(Pg-hVrer=t 4 pp .pVrer—h) (19)

where the value of Vp,r can be calculated by the ratio of Bp
and packet size. The value of Pp - RVrrr —1 indicates the proba-
bility that all packets of current frame are in State B (error free),
and the value of Pp - hV7»# ~! indicates the probability that all
packets of current frame are in State D (error free in a burst
period). Thus, the value of 1 — Py - hYr»r =1 — Py . pVror —1
is the probability of a frame suffering from packet loss. Accord-

ingly, the value of AFLF V1 is achieved by
Varrr = Pr - La. (20)

b) ENIF: To calculate the value of ENIF, the probability
of each loss pattern and the number of impaired frames under
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Lg 00000000000000 0000001
- .. e

Le
Fig. 8.

[] Rececived Packet E#@ Lost Packet Discarded Packet

Fig. 9. Illustration of packet loss in one frame.

each loss pattern should be determined. Fig. 8 gives the prob-
ability of each loss pattern and the corresponding number of
impaired frames for single packet loss. It can be found that the
probability of each loss pattern is different from that in Fig. 6.
This is because the probability distributions of the frame loss in
these two conditions are different from each other. Based on the
analysis above, the value of ENIF Vi v can be calculated by
accumulating the product of the number of impaired frames for
each pattern and the corresponding probability as follows:

Venir =

L¢
E{Np} =) Pr(k)- Np(k)
k=1

La i—1
Pr(1— P
_ Z(LG*Z‘H)F(—F)LG
— 1—(1-Pp)
Lo 1— Pp

21
1—(1—Pp)te Pr D

According to the L” Hospital’s rule [27], the value of ENIF
is equal to 0 when Pr is 0. This result indicates that if there is
no packet loss occurs in the video streaming, the number of the
impaired frames is equal to 0.

When multiple packet losses occur in a GOP, the high frame
loss frequency will also lead to low expectation of the impaired
frame number for each packet loss. In such a case, the average
impaired frame number of each loss should be regularized by
the frame loss frequency V4 1, which can refer to (18).

c¢) EIRF: When a packet of the frame is lost, as illus-
trated in Fig. 9, the successive packets of this frame have to
be discarded because they usually cannot be decoded correctly.
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Probability Impaired Frames

Pe/(1-(1-P)") Lo
Pr(1-Pp)/(1-(1-P)") Lo-1
Pi(1-Pp)*/(1-(1-Pr)") Lg-2
Pr(1-Pp)*/(1-(1-Pp)-%) Lg-3
Pr(1-Pp) “2/(1-(1-Pp)") 2
Pr(1-Pp)"“/(1-(1-Pp)"%) 1

Loss pattern in a GOP of a video sequence.

Therefore, the impaired ratio of the frame is closely related to
the number of the packets in a frame and the position of the
packet loss occurs in the frame.

Considering the temporal dependency, the packet loss process
in a frame can be characterized by a Markov model as well.
Given a frame with Vp,r packets, there are Vp,r packet loss
patterns to be considered. The expectation of the impaired ratio
of the frame Vgp;pp can be calculated by accumulating the
product of the impaired ratio of the frame under each loss pattern
and its probability as follows:

Vepr
Verrr = E{Rg} =Y Pu(k)- Rg(k)
k=1
B 1
T 1= PghVeer—1 — pppVrer -1
1— hVerr 1 —nVeer )
(1-P — P
( TVepp(T=h) " Vepe(1—n)

(22)

where Ry (k) is the impaired ratio of the frame under a k'" loss
pattern, Pp (k) is the corresponding probability of the packet
loss pattern. Particularly, when Vp,r is equal to 1, the value
of EIRF calculated by (22) is also equal to 1. It indicates that
if each frame is encapsulated into one packet to transmit, the
packet loss will lead to a whole frame loss.

C. Video Quality Assessment Model

Based on the analysis above, it can be found that apart from the
basic statistical information (e.g., bit-rate and packet loss rate),
other parameters (such asthe Vyprr, Venrr, and Vgrrp) are
useful for reflecting the packet or frame loss behaviors and can
be obtained by analyzing the characteristics of the channel and
video coding. However, for the parametric planning model, how
to find the relationship between these parameters and the video
quality is also a key issue to be solved.

With respect to the video transmitted over the network, the
video quality will be affected by the coding distortion and the
distortion caused by packet loss. As mentioned in Section II, the
video coding quality has been estimated using the parameters
such as the coded bit-rate. Here, the focus is on the evaluation
of the distortion caused by packet loss. For the video streaming
with packet loss, the normalized distortion caused by packet
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TABLE III
RESULTS OF ONE-WAY ANOVA TEST

Dy and VarLr

Sum of Squares df Mean Square F Sig.
Between Groups 20.627 23 .897 20.061 .000
Within Groups 18.579 408 .046
Total 39.206 431
Dyand Vepnir

Sum of Squares df Mean Square F Sig.
Between Groups 16.449 6 2.741 51.913 .000
Within Groups 22.757 425 .054
Total 39.206 431
DyandVerrr

Sum of Squares df Mean Square F Sig.
Between Groups 10.249 8 1.281 15.364 .000
Within Groups 28.957 423 .068
Total 39.206 431

loss D; can be expressed as
Qc — Ql
D =——>+ (23)
Qc -1

where @); is the video quality affected by packet loss. It can be
found from (23) that the value of Q); is closely related to D;
when Q.. is known.

In order to estimate the value of D; for a given network sce-
nario, the relationship between D; and Varrr, Venir, VEIrRF
should be clarified, respectively. The one-way analysis of vari-
ance (ANOVA) tests are performed to check their relationship.
The corresponding F-values are 20.06, 51.91, and 15.36. All p-
values of the F-test results are smaller than 0.01 at 95% level, as
illustrated in Table III. It indicates that the proposed parameters
have a significant positive correlation with D;. Here, a specific
function D; Vaprr, Venir, Verrr) is defined. The mono-
tonicity and the convergence of the function should meet the
following requirements:

(A) The value of D; should increase with the raise of
Varrcr, Venir, and Vgrrp, respectively. This is be-
cause the larger values of Varrr, Venrr, and Vgrrp
indicate more packet loss, more frames affected by
error propagation, and severer error in each frame,
respectively.

If there is no packet loss in the transmission, the values
of Varrr, Venir, and Vprpp are all equal to 0. In
such a case, the value of D; is also equal to 0.

If the values of Voprp, Venir, and Virgp are consid-
erably large, the value of D; should be approximated to
the maximum value 1.

Correspondingly, an evaluation model for the video distor-
tion caused by packet loss is proposed to satisfy the above
constraints

(B)

©

(24)

_ Vg V7 Vg
Dy=1—exp(—vs - Vi%rr Vonre * Verrr)

where vs, vg, v7 and vg are empirical parameters obtained by
regression. Submitting (23) into (22), the video quality affected
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TABLE IV
NOTATIONS FOR THE PARAMETRIC PLANNING MODEL

Notations Parameters

II transition matrix

T stationary probability distribution

La length of GOP

Vppr average number of packets in a frame
VairrLr average frame loss frequency

VeENTF expectation of the number of impaired frames
VEIrF expectation of the impaired ratio of a frame
D normalized distortion caused by packet loss
Qi video quality affected by packet loss

g h, f i, j.k,m,n state transition probability

by packet loss can be calculated as follows:

Q=1+ (Qc—1)-exp(=vs - Vyirp - Vir VEirF)-
(25)
Until now, the parametric planning model has been estab-
lished, where the channel and video characteristics are combined
together to evaluate the video quality. Table IV lists all the nota-
tions of this section. Considering the value of (). is estimated by
Bp and Fy in (1), there are five parameters in the proposed para-
metric planning model, namely Br, Fr, Varrr, Venir, and
Verrr. The parameters Vaprr, Venir, and Veprpp can be
further estimated from the probability distribution of the chan-
nel states (state transition probability). It considers the burst
loss, the error propagation and the correlation between individ-
ual packet loss events.

IV. EXPERIMENTAL SETTINGS AND RESULTS

The experiments in this paper consist of two sessions: the
training session and the validation session. For the training ses-
sion, it mainly focuses on training the coefficients of the pro-
posed model. For the validation session, it is used to check the
performance of the proposed planning model.

A. Experiment Settings for Training

In the training session, four standard video sequences with
different contents were employed. The involved sequences
included: CrowdRun, DucksTakeOff, Stockholm, and Basket-
ballDrive. Each video sequence with length of 10 seconds has
three resolutions: QVGA, HVGA and 720P. All sequences were
compressed by the FFmpeg 0.4.9 codec with x.264 library [28].
The coding structure was “IPPP”. The number of slices per
frame was 1. The length of GOP was 60 and the number of
reference frames was 1. The detailed coding information such
as the coded bit-rate and the frame rate are listed in Table V.

To simulate the packet loss process in IP networks, the com-
pressed bit streams were packetized following the format de-
fined by the RTP payload format for H.264 [29], where the
maximum size of the packet was set as 1500 bytes. A four-state
Markov model was employed to simulate the packet loss dis-
tribution. The channel state transition probabilities i, j, k, m,
n were set at 0.3, 0.65, 0.05, 0.25, 0.75, respectively, which
were recommended by ITU Study Group 12 for network video
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TABLE V
EXPERIMENTAL SETTINGS FOR THE TRAINING SET

Index Bitrate Frame Packet Burst packet
(kbps) rate loss rate loss rate
QVGA 128,192 15 0,0.5%, 1%, 0,0.15%, 0.3%,
2%, 3%, 5% 0.6%, 0.9%, 1.5%
384,768 30
HVGA 256 15
512,768, 1536 30
720P 512, 1024, 2048, 4096 30

services [23]. The value of f was equal to g and the changes of f
and g led to different packet loss rates. Here, the values of fand
g were set at 0.0012, 0.0023, 0.0047, 0.0072 and 0.0122, which
correspond to the packet loss rates 0.5%, 1%, 2%, 3% and 5%,
and the burst packet loss 0.15%, 3%, 0.6%, 0.9% and 1.5%, re-
spectively, as illustrated in Table V. All sequences were decoded
using H.264 decoder FFmpeg 0.4.9 with the zero motion error
concealment techniques. When a packet in a frame was lost,
the successive packets of this frame were all discarded as well.
To enable decoding, the first packet (in the instantaneous data
refresh frame) and the last packet (the loss of this packet cannot
be detected by the decoder) were not dropped in the experiment.

In order to obtain the video quality, a subjective test was
carried out following the guide-lines specified by ITU-T rec-
ommendation P.913 [30]. The test environment was controlled,
where the room luminosity was between 100 and 200 Lux and
the noise of the laboratory was 40-50 dB. The monitor used
for display was 22-inch LCD Flat Panel, with a resolution of
1920 x 1080 pixels. The videos were displayed at their native
resolution to prevent any distortions caused by scaling opera-
tions. The viewing distance was set between 4H-5H (H is the
picture height).

A total of 25 non-expert viewers participated in this subjective
test, including 12 females and 13 males. All participants were
university students aged between 23 and 28 years, and they
were screened for visual acuity and color blindness. Subjective
video quality was assessed using a single-stimulus presentation
method and a 5-point absolute category rating (ACR) scale [30].
The duration of the subjective test was limited to 30 minutes to
prevent eye strain and fatigue. Before the formal test, the views
were asked to watch four examples to get familiar with the
rating process. During the formal test, the users were instructed
to watch each video clip once, and to rate the video quality
immediately after watching it. All videos in the experiment were
viewed by each subject. After the test, the users were screened
with regard to the accuracy of their rating values. The standard
exclusion procedures were followed as specified in [31]. After
this screening process, the rating samples of 2 out of 25 subjects
(8%) were discarded. The video quality of each video sequence
was finally obtained by averaging all the 23 subject’s rating
results, also known as the mean opinion score (MOS) [30].
There were 288 video quality scores for 288 video clips and all
these test data constituted the training data set TR.

Operational coefficients given in Table VI were trained using
the data in TR. The values of vy, vy, v3 and v, were obtained by
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TABLE VI
COEFFICIENTS IN THE PROPOSED METHOD

Index Vi Vo V3 V4 R? RMSE
QVGA 375 1.07 236 020 0.723 0.363
HVGA  3.79 1.11 2.17 021  0.748 0.352
720P 3.82 1.16 204 025 0.763 0.348
Index Vs Ve vy Vg R? RMSE
QVGA  0.32 1.21 0.04 1.69  0.630 0.561
HVGA 026 096 0.04 1.52  0.664 0.542
720P 0.72 123 0.03 221 0.688 0.538
TABLE VII

EXPERIMENTAL SETTINGS FOR VALIDATION SET

Index Bitrate Frame Packet Burst packet
(kbps) rate loss rate loss rate
QVGA 96, 128 15 0,0.5%, 1%, 2%, 0,0.15%, 0.3%,
3%, 5% 0.6%, 0.9%, 1.5%
256,512 30
HVGA 384,512, 832, 1600 30
720P 512,768, 1536, 3840 30

training the coded data without packet loss in TR, in accordance
with the method proposed in [19]. More specifically, the values
of vy, ve, vg were fitted using the coded data in TR with the
frame rate of 30fps by the least square error fitting. Then, the
value of v, was fitted using the coded data with frame rate of
15 fps. Considering the effect of packet loss, the value of D; for
the data with packet loss in TR was calculated according to (23).
Then, the coefficients vs to vs were trained using the values
of Dy, Varrr, VeEnrr, and Vgrrr by the least square error
fitting. It should be noted that the coefficients under different
video resolutions should be trained separately.

B. Experimental Settings for Validation

In the validation session, the performance of the proposed
method was checked using six sequences including: ParkRun,
Riverbed, IntoTree, Sunflower, ParkJoy, and Touchdown. The
detail experiment settings are listed in Table VII. The procedures
of the subjective test were the same as those in the training test.
All the subjective rating values constituted the validation data
set VL.

Three metrics suggested by VQEG [32] were employed in
this work. They were Pearson correlation coefficient (PCC) for
linearity, root-mean-squared error (RMSE) for accuracy, and
Spearman rank order correlation coefficient (SROCC) for mono-
tonicity. The maximum value of PCC and SROCC is 1. Gen-
erally, the smaller of the RMSE and the larger of the PCC and
SROCC indicate the better performance of the model.

The proposed model was compared with other three paramet-
ric planning models [9], [10], [12]. All these models consider
the effect of burst packet loss for video quality evaluation. Be-
cause the video resolutions are not included in these models,
the corresponding model coefficients were re-trained on the
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TABLE VIII
PERFORMANCE OF EACH MODEL

Proposed Yamagishi Garcia G.1071

Index Model [91(VQAI) [10] (VQA2) [12] (VQA3)
QVGA PCC 0.809 0.714 0.733 0.760
RMSE 0.521 0.592 0.584 0.557
SROCC 0.755 0.643 0.665 0.714
HVGA PCC 0.824 0.814 0.787 0.822
RMSE 0.511 0.556 0.552 0.534
SROCC 0.816 0.805 0.771 0.807
720P PCC 0.850 0.821 0.834 0.835
RMSE 0.546 0.615 0.605 0.579
SROCC 0.861 0.785 0.786 0.797
ALL PCC 0.828 0.787 0.786 0.807
RMSE 0.519 0.588 0.581 0.568
SROCC 0.821 0.789 0.771 0.804

MOS
w

1 2 3 4 5

(a) (b)

MOS
w

Objective video quality
(©) (d)

Objective video quality

Fig. 10.  Scatter plots of the objective and subjective scores evaluated by the
different models. (a) Proposed model, (b) VQALI, (c) VQA2, and (d) VQA3.

proposed TR dataset, according to their recommended methods
in [9], [10] and [12], respectively. Moreover, for simplicity, the
models in [9], [10], and [12] are denoted as VQA1, VQA2 and
VQA3, respectively.

Table VIII compares the performance of each model. It is
observed that the proposed model has larger PCC and SROCC
values and smaller RMSE values than other models under var-
ious resolutions. Fig. 10 visualizes the performance of each
model by using the scatter plots of the objective and subjective
scores in VL dataset. There is a better linear relationship be-
tween the predicted video quality by the proposed model and
MOS, which indicates that the video quality predicted by the
proposed model is more close to the MOS.

To further check the prediction accuracy of the model, the sta-
tistical significance analysis and hypothesis test were performed.
Firstly, the assumption of Gaussianity of the scores estimated by
each objective VQA model was checked using the Kolmogorov-
Smirnov test (K-S test). According to the test results by SPSS
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TABLE IX
STATISTICAL SIGNIFICANCE MATRIX BASED ON RESIDUAL
BETWEEN MOS AND THE PREDICTED VIDEO QUALITY

Index Proposed Yamagishi Garcia G.1071
Model [91(VQAL) [10](VQA2) [12](VQA3)
Proposed Model 1.000 0.027 0.033 0.041
Yamagishi [9] (VQAI) 0.027 1.000 0.119 0.087
Garcia [10](VQA?2) 0.033 0.119 1.000 0.052
G.1071 [12] (VQA3) 0.041 0.087 0.052 1.000
TABLE X
PERFORMANCE PROPOSED MODEL UNDER DIFFERENT
DEVIATIONS OF CHANNEL PARAMETERS
Dev —10% —5% 5% 10% ME MSD
QVGA PCC 0.805 0.807 0.812 0.814 0.6% 0.004
RMSE 0.513 0517 0523 0525 1.5%  0.005
SROCC 0.751 0.752 0.756 0.758 0.5% 0.003
HVGA PCC 0.828 0.827 0.823 0.823 0.5% 0.002
RMSE 0.524 0.516 0.506 0.507 2.5% 0.007
SROCC 0.822 0.820 0.815 0.815 0.7% 0.003
720P PCC 0.846 0.849 0.852 0.853 0.7% 0.003
RMSE 0.561 0.551 0.544 0.549 2.7% 0.007
SROCC 0.864 0.862 0.858 0.858 0.4% 0.003

17.0 [33] (scores for each resolution, p > 0.05), the null hypoth-
esis (the scores have a standard normal distribution) could not be
reject at the 5% level for any models. Therefore, the assumption
of Gaussianity was valid for the scores estimated by all models.

Then, an F-test based on the residuals between MOS and the
video quality estimated by different objective VQA models was
performed to statistically compare performance of these models.
The null hypothesis was that the variance of residuals from
one objective video quality evaluation model was statistically
indistinguishable with 95% confidence from that of another
objective model. It could be expressed as follows:

Null Hypothesis < 0 1/05-M08p1 = 0> MOS—MOSp2

(26)
where MOSpl and MOSp2 were the video quality scores esti-
mated by two different VQA models. XM OS_MOS p1 indicates
that the variance of residuals between MOS and MOSp 1. The re-
sults of the statistical significance test are presented in Table IX,
where the values are the probabilities when the null hypothesis
of equal variances is not rejected. According to the results in
Tables VIII and IX, the proposed model demonstrates a signif-
icantly superior prediction performance to other models. It can
efficiently estimate the video quality for IPTV services which
suffered from packet loss.

Considering that there may be a deviation between the actual
network parameters and their statistical values, the sensitiv-
ity of the proposed parametric planning model to the accuracy
of the channel parameters was also checked. Here, the devi-
ations of the channel parameters f, g, i, j, and m were set at
—10%, —5%, 0%, 5% and 10%, respectively, as illustrated in
Table X. It can be found that, when the deviation of channel
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model parameters is in a range from —10% to +10%, the
maximum errors (ME) of PCC, RMSE and SROCC between
MOS and the predicted video quality are 0.7%, 2.7% and 0.7%
(within 95% level), respectively. The maximum standard devia-
tions (MSD) of PCC, RMSE and SROCC are 0.004, 0.007 and
0.003, respectively. However, the average standard deviations of
PCC, RMSE and SROCC between the predicted video quality
by different methods and MOS are 0.02, 0.032 and 0.021, re-
spectively. The standard deviations of PCC, SROCC and RMSE
are comparatively small when the channel model parameters
slightly changes. Thus, the performance of the proposed model
has certain robustness to the accuracy of the channel model
parameters.

V. CONCLUSION

Because the actual video streams cannot be obtained dur-
ing the planning phase in practice, only little information can
be used in the parametric planning model. Consequently, how
to accurately estimate the video quality is rather challenging.
In this paper, a parametric planning model was proposed for
IPTV services. The principal contributions of this work are to
check the necessity of combining the channel and video char-
acteristics to evaluate the video quality in the planning phase.
Considering the fact that the burst packet loss and the temporal
dependence between frames will lead to nonrandom frame dis-
tortion, several sequence-level and frame-level parameters for
video quality evaluation have been derived from the channel
models. Using these parameters, the proposed planning model
can better indicate the effects of direct packet loss and error
propagation. Experimental results have demonstrated that the
proposed model has excellent performance in video quality eval-
uation and it can be used as an effective tool for network or QoE
planning.

It should be noted that the video quality may also be af-
fected by other factors such as different encoding structure,
frame or slice type, error control and concealment techniques.
Our future work will consider the influence of these factors on
the video quality assessment. Moreover, the proposed model
can be further extended to interactive video services by tak-
ing other factors into consideration, such as the one-way delay
and jitter.

APPENDIX
PROOF OF (10)~(13), (15). (21), AND (22)

Proposition 1:

Py = mgj
(m+k)-f+(1+4+g) -mj

_ mj
=i Trarg) my

P = mf
T m+k) f+(0+g) -my

Pp = fk

(m+k)-f+(1+4+g)-mj
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Proof :

According to (2) and (5)—(9) of this paper, The numbers of
the appendix have been revised following the numbers of text.
there are

n-Il=m 27
DPAA  DPAB PAC PAD 01 0 0
I — PB PBB PB PBD _ g ‘ f (28)
PcA PcB  Pcc  PoD 0 7 j k
PpA PDB DPDC  PDD 0 0 m n
w = [Pa, Py, Po, Pp). (29)
Take (28) and (29) into (27), we can obtain that
bPaa  PaB PAC PAD
PBA  PBB PBC PBD
[Pa,Pp,Pc,Pp] =[P4, Pp,Pc, Ppl.
pPca PpPcB Pcc PcD
bPpa PbpB PbCc PDD

The equation can be expressed as follows:

Py paa+Pp -ppa+Po-pca+ Pp-ppa = Pa
Py pap+Pp -ppp + Pc -pcs + Pp -ppp = Pp
Py -pac+Pp ppc + FPc -pecc + Pp-ppec = Fe
Py -pap+Pp -ppp + Pc -pcp + Pp -ppp = Pp.

(30)
According to (28), there are
PAA  PAB PAC PAD 0 0 0
bpa PBB PBC PBD | |4 h f O
PcA PcB  Pcc  PCD 0 ¢ Jj k
PDA PDB DPDC PDD 00 m n
Take g, 1, j, k, m and n into (30), we can obtain that
Pgg = Py
Py + Pgh+ Poi = Pp 31)
Ppf+Poj+ Ppm = Fc
Pck+ Ppn=Pp.
Considering that
h=1-f-g
k=1—1—3
’ (32)
n=1—m

Py +Pp+ FPc+Pp =1.
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Take (32) into (31) and solve equations, we can obtain that

Py = mgj
(m+k) - f+(1+g) -mj

Py = mJ

B m+ k) f+(1+g) my

Po = mf

CT mrk) - (tg)-my

Pp = Ik

D_(m+k)-f+(l+g)~mj'

To calculate the values of Vg ;pr and Vgigrr, there are two
cases to be considered.

Case 1: When each frame is encapsulated into one packet
for transmission, the packet loss will directly lead to the frame
loss. In such a case, the value of Vg y;r can be derived as
follows:

Proposition 2:
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Lg—1

hxSp= > h(Lg—t)

=h(Lg — 1)+ h*(Lg —2) + h*(Lg — 3)

R N Jni (35)
Subtract (34) from (35), it can obtain that
(h—1)x Sy =—(Lg —1)+h+h*+
+hPO2 L pto T = — Lo + %
L

Considering that S,; and S),» have the same form, therefore
Sp2 can be derived following the above steps as well

Lq 1 —nle
Spo = — . 37
L¢ 2 1—n (1_n)2 ( )
VENIF:E{NL}:ZPL(k)'NL(k) . . .
i1 Take (36) and (37) into (33), it can obtain that
_ L _PB(].—I”LLG)_PD(].—’H,LG) V _(PA +P0)LG+PB(g+f)Sn1+PDmSn2
¢ 1—h 1—n ENTE = 1 — Pghtc -1 — Ppplc-1
x (1— Pghte=t — pppte =)=t L 1—hte
( B D ) ((PA +PC)L0+PB(g+f)< — (l—h)z
Proof: Equation (33) as shown at the bottom of this page.
Let L¢ 1—nlec
La—1 La—1 —n (1-n)
rLl—thlLG_t 7L2—Zn LG_T- > 1 )
1 — Pghtc—1 — Ppnlc—1
There is Becauseh=1-f-g,andn=1-m
La—1
Le 1-—hbe
S = K=Y (Lg —t) — . ¢ -7
1 Z e VENIF ((PA + Po)Le + Pp(1—h) <1 TR
_ L
=(Lg —1)+h(Lg —2) + h*(Lg —3) +---+ Al 2 +PD(1_n)< Lg 1-n 2))
(34) T=n (1-n)
L¢
Venir = E{Np} = ZPL(k) - Ny (k)
k=1
= P(1) - Np(1)+Pp(2) - Np.(2)+Pr(3) - Np.(3)+ - +Pr(Lg) - N (L)
(Pa+Pc) P (9+ f)+Ppm
= . L AL~ —1
1_PBhLG—1_PDnLG—1 G+1—PBhLG_1—PDnLG_1 ( ¢ )
Pph(g+ f)+Ppnm Pph® (g + f) +Ppn*m
1= Pyhto 1 — Ppntot L6 =2 F T pme T — et (ke =3
P Lc*2 P Lc*Q
R 3 h (g+7f)+ bt Tm
].—PBhLG l—PDan’ 1
_ (Pat Pe)Le +Pplg+ /)06 W (La =)+ Pom 35,6 " (L — ) (33)

1 —PBhLG_l

— PDnLG‘l
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1
X
1 _ PBhLG -1 _ PDnLG_l

1 — hte
= ((PA+P0)LG + Py (LG -5 )
(1—nto)

1—n
1
1 7PBhLC*1 7PDTLL071

+ Pp (Lg—

X

Pp (1 —hte)

((PA+PB+P0+PD)LG T

P (1—nLG)>

1—n
1

“ 1= PphteT — ppplc-1

(7 _PB(].—hLG) _PD(].—HLG)
N ¢ 1—h 1—n

(1 — Pghte=" — ppnte—1)~1.

Case 2: When each frame is encapsulated into multiple
packets for transmission, the values of Vi yrr and Vg rp can
be derived as follows:

Proposition 3:

L¢
Venir :E{NL}:ZPL(k)~NL(k')
k=1
La i—1
Ppr(1—-P
:Z(LGf«[;+1)F(—F)L
i=1 1—(1—Pp)™°
_ LG _ 1_PF
T Pp
Proof :
Le
Venir :E{NL}:ZPL(k)~NL(k)
k=1

=Pp(1) - No(1)+PL(2) - NL(2)+Pp(3) - N (3)
+ -+ Pr(Lg)a

Pr PF(l—PF)
L — L S o |
1—(1— Pp)ke 1—(1— Pp)te (Lo —1)
Pr(1 — Pp)?
Bl S A §
—a_pye e
Lg—2 o Lg—1
Pr(l=Pp)"* ™ ) Pr(l=Po)”! |
1—(1—Pp)© 1-(1—-Pp)
L¢g i—1
. Prp(1— Pr)
SN (Lg—i+nE 70 38
;( ¢ —1+ )1—(1—PF)LG (38)
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Let

There is
S, =Lg+(Lg —1)(1—Pr)+(Lg —2)
X (1=Pp)? 4+ (1—Pp)t¢1 (39
(1—Pr)x S, =Lg(1—Pr)+ (Lg —1)(1 - Pp)?
+ (Le —2)(1 - Pp)?
+2x (1 —Pp)ke™ 4 (1 — Pp)te.

(40)
Subtract (39) from (40), it can obtain that
—Pp xS, =—Lg+(1—Pp)+(1—Pp)*+---
+ (1= Pp)le=t 4 (1 — Pp)te
1—Pp)(1—(1— Pp)-e
=P Pt
1—(1-Pp)
L 1— Pp)(1—(1—Pp)te
Sn:—Gf( F)( (2 r) ) @1
PF PF
Take (41) into (38), it can obtain that
Pr
Lo (1-Pp)(1— (1= Pp)"?)
PF PF2
_ L 1-Pp
1—(1—Pp)te Pr
Proposition 4:
Vepr
Veirr = E{Rp} = Z Py (k) - Rg (k)
k=1

1
T 1= PghVrer—1 = PpnVer 1

1—RVeer 1—nVrer
. <1 Py s ) |
Vppp(l—h) VppF(l—’l’L)
Proof: Equation (42) as shown at the top of the next page.
Let

Vppr—1 Vppr—1
Sp1 = Z ht71 (VppF —t),SnQ = Z TLT71 (VppF - 7’).
t=1 r=1
There is
Vp,p—1
Sn1 = Z htil(VppF — t)

t=1
= (Vppr — 1) + h(Vppr — 2) + B*(Vppr — 3)

INEA TS 43)
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Vepr
Veirr = E{Rp} = Y _ Pgp(k)- Rp(k)
k=1
=Pg(1)- Re(1)+Pp(2) - Rp(2)+Pe(3) - RE(3)+ - +Pp(Vrpr) - Re(Vppr)
- (PA-‘r-P(;) 14 Pp (g+f) +Ppm VppF -1
1 — PghVrer=1 — PppVepr—1 1 — PghVrer=1 — PppVrpr—1 Vppr
+ PBh(g+f)+PD’er VP;}F*Z PBh2 (g+f)+PDn2m VppF73
1—PBhVP1’F71 —PDnVPFF71 VppF l—PBhVPI’F71 —PDnVPI’F71 VPpF
oy Bl R (gt ) A Ppnt e Pm L
17PBhVP1’F71 7PDnVPﬂF71 VppF
Vepr—1 341 (Vo p—t Veyr—1 g (Ve,r—
Py +Po+ Pplg+ ) X207 nto ety pyn y ™ o ()
— PpF PpF (42)
1= PghVror—1 — PpnVeer 1
VP pF -1 v v
_ t Pr(1-n"PrFYy  pp(1-n" PpF)
hx Sy = h (Veyr —t) o PatPet Pt Py By T % e
t=1 EIRF — 1 7PBhV1,pF_1 7PDTLVPPF_1
2
:h(VppF—1>+h (Vppp—2)+h3(VppF—3) B 1
+...+hVP11F_1. (44) 1*PBthpF717PDTLV1)1/F71
P 1—hVPrF P 1 —nVeor
. . BVPPF(I—h) DVPPF(I—TZ) '
Subtract (43) from (44), it can obtain that
h—1)x Sy1 = —(Vppr — 1) + h+h* 4+ 4 hV7er !
( ) X Sm (Vepr = 1)+ hth™ -+ REFERENCES
V
- _V + L —h'rer [1] “Cisco Visual Networking Index: Forecast and methodology, 2015-
PpF 1_§ 2020, White Paper, Cisco Systems, Inc., San Jose, CA, USA, 2016.
v [Online]. Available: http://www.cisco.com/c/en/us/solutions/collateral/
Vpp F 1— hVerr service-provider/visual-networking-index-vni/comp-
Sn1 = 1-h - 1—1h 5 (45) lete-white-paper-c11-481360.html
( - ) [2] D.Rui, G. Liu, and J. Yang, “Utility-based optimized cross-layer scheme
for real-time video transmission over HSDPA,” IEEE Trans. Multimedia,
Cy vol. 17, no. 9, pp. 1495-1507, Sep. 2015.
COHSldermg .that S nl an.d 5"2 have the same form’ therefore [3] K.Miller, D. Bethanabhotla, G. Caire, and A. Wolisz, “A control-theoretic
S,2 can be derived following the above steps as well approach to adaptive video streaming in dense wireless networks,” IEEE
Trans. Multimedia, vol. 17, no. 8, pp. 1309-1322, Aug. 2015.
[4] Quality of Experience Requirements for IPTV Services, ITU-T Recom-
Vppyr 1 —nVrer mendation, G.1080, Dec. 2008.
n2 = - 2 . Raake et al., “IP-based mobile and fixed network audiovisual me-
Sn2 =1 (46)  [5] A. Raake et al., “IP-based mobile and fixed k audiovisual
(1 - n) dia services,” IEEE Signal Process. Mag., vol. 28, no. 6, pp. 68-79,

Take (45) and (46) into (42), it can obtain that

Pp(g+f)Su1 |, PpmS,
v 7PA+PC+ B‘Q/PPF ?/ppFQ
BIRF = =7 PghVevr =1 — PopVepr—1
P9+ /) (VPpF 1- hv)
= (P4 + P + : -
( 4 ¢ Veypr 1—h  (1-h)
+PDm (VPpF l_nVPpF>)
Vepr \1-n  (1-n)
1

X .
1-— PBhVPPF71 — P[ﬂlvpﬁp*l

Becauseh=1-f-g,andn=1-m

Nov. 2011.

A. Takahashi, D. Hands, and O. V. Barriac, “Standardization activities in

the ITU for a QoE assessment of IPTV,” IEEE Commun. Mag., vol. 46,

no. 2, pp. 78-84, Feb. 2008.

[7] F Yang and S. Wan, “Bitstream-based quality assessment for networked

video: A review,” IEEE Commun. Mag., vol. 50, no. 11, pp. 203-209,

Nov. 2012.

Opinion Model for Video-Telephony Applications, ITU-T Recommenda-

tion, G.1070, Apr. 2007.

K. Yamagishi and T. Hayashi, ‘“Parametric packet-layer model for moni-

toring video quality of IPTV services,” in Proc. IEEE Int. Conf. Commun.,

May 2008, pp. 110-114.

[10] M. N. Garcia and A. Raake, “Parametric packet-layer video quality model
for IPTV.” in Proc. Int. Symp. Signal Process. Appl., 2010, pp. 349-352.

[11] P.Coverdale, S. Moller, A. Raake, and A. Takahashi, “Multimedia quality
assessment standards in ITU-T SG12,” IEEE Signal Process. Mag., vol. 28,
no. 6, pp. 91-97, Nov. 2011.

[12] Opinion Model for Network Planning of Video and Audio Streaming Ap-
plications, ITU-T Recommendation, G.1071, Jun. 2015.

[13] Parametric Non-Intrusive Assessment of Audiovisual Media Streaming
Quality, ITU-T Recommendation, P.1201, Oct. 2012.

[6

—_

[8

—_

[9

—



SONG et al.: PARAMETRIC PLANNING MODEL FOR VIDEO QUALITY EVALUATION OF IPTV SERVICES 1029

[14]

[15]

[16]

(17]

(18]

[19]

[20]

[21]

[22]

[23]

[24]

[25]

[26]
[27]
[28]
[29]
[30]
(31]

[32]

[33]

Z. Li, J. Chakareski, X. Niu, Y. Zhang, and W. Gu, “Modeling and anal-
ysis of distortion caused by Markov-model burst packet losses in video
transmission,” IEEE Trans. Circuits Syst. Video Technol., vol. 19, no. 7,
pp- 917-931, Jul. 2009.

Y. Yu and S. L. Miller, “A four-state Markov frame error model for the
wireless physical layer,” in Proc. IEEE Int. Conf. Wireless. Commun.
Netw., Mar. 2007, pp. 2053-2057.

Packet Loss Distributions and Packet Loss Models, ITU Report COM12-
D97-E, Jan. 2003.

S. W. Yuk, M. G. Kang, B. C. Shin, and D. H. Cho, “An adaptive redun-
dancy control method for erasure-code-based real-time data transmission
over the internet,” IEEE Trans. Multimedia, vol. 3, no. 3, pp. 366-374,
Sep. 2001.

Study Group 12 Call for Proposal on Opinion Model for Audio and
Video Streaming Applications (G.OMVAS), ITU-T TSB Circular 32 COM
12/JKK, Apr. 2009.

F. Yang, J. Song, S. Wan, and H. R. Wu, “Content-adaptive packet-layer
model for quality assessment of networked video services,” IEEE J. Sel.
Topics Signal Process., vol. 6, no. 6, pp. 672-683, Oct. 2012.

F. Yang, S. Wan, Q. Xie, and H. R. Wu, “No-reference quality assessment
for networked video via primary analysis of bit-stream,” IEEE Trans.
Circuits Syst. Video Technol., vol. 20, no. 11, pp. 1544-1554, Nov. 2010.
Z. Yuan, W. Gao, Y. Lu, Q. Huang, and D. Zhao, “Joint source-channel
rate-distortion optimization for H.264 video coding over error-prone net-
works,” IEEE Trans. Multimedia, vol. 9, no. 3, pp. 445-454, Apr. 2007.
A. J. Goldsmith and P. P. Varaiya, “Capacity, mutual information, and
coding for finite-state Markov channels,” IEEE Trans. Inf. Theory, vol. 42,
no. 3, pp. 868-886, May 1996.

Processing Chain for PNAMS/P.NBAMS Hypothetic Reference Circuits,
ITU Report TD 472rev] (GEN/12), Jan. 2011.

H. Wang and N. Moayeri, “Finite-state Markov channel—A useful model
for radio communication channels,” IEEE Trans. Veh. Technol., vol. 44,
no. 1, pp. 163-171, Feb. 1995.

M. Yajnik, S. Moon, J. Kurose, and D. Towsley, “Measurement and mod-
elling of the temporal dependence in packet loss,” in Proc. IEEE Conf.
Comput. Commun., Mar. 1999, pp. 345-352.

B. V. Gnedenko, The Theory of Probability. New York, NY, USA: Chelsea,
1962.

A. E. Taylor, “L’Hospital’s rule,” Amer. Math. Monthly, vol. 59, no. 1,
pp- 20-24, 1952.

F. Bellard and M. Niedermayer, “FFmpeg,” 2012. [Online]. Available:
http://ffmpeg.org

S. Wenger and T. Stockhammer, RTP Payload Format for H.264 Video,
RFC 3984, 2005.

Subjective Video Quality Assessment Methods for Multimedia Applica-
tions, ITU-T Recommendation P.913, 2014.

Methodology for the Subjective Assessment of the Quality of Television
Pictures, ITU-R Recommendation BT.500-11, 2006.

Objective Perceptual Multimedia Video Quality Measurement in the Pres-
ence of a Full Reference, ITU-T Recommendation J.247, 2008.

B. S. Kang and K. S. Kim, SPSS 17.0: Statistical Analysis of the Social
Sciences, Hannarae Academy, Seoul, South Korea, 2009.

Jiarun Song (M’16) received the B.S. degree in
telecommunication engineering and the Ph.D. de-
gree in communication and information system from
Xidian University, Xi’an, China, in 2009 and 2015,
respectively.

He is currently a Postdoctoral Researcher in the
State Key Laboratory of Integrated Services Net-
works, Xidian University. His research interests in-
clude QoE, video quality assessment, and multimedia
communication.

Fuzheng Yang (M’10) received the B.E. degree in
telecommunication engineering and the M.E. and
Ph.D. degrees in communication and information sys-
tem from Xidian University, Xi’an, China, in 2000,
2003, and 2005, respectively.

In 2005 and 2006, he became a Lecturer and an
Associate Professor with Xidian University, respec-
tively. Since 2012, he has been a Professor of commu-
nications engineering at Xidian University. He is also
an Adjunct Professor with the School of Engineer-
ing, Royal Melbourne Institute of Technology, Mel-
bourne, VIC, Australia. From 2006 to 2007, he served as a Visiting Scholar and
Postdoctoral Researcher in the Department of Electronic Engineering, Queen
Mary University of London, London, U.K. His research interests include video
quality assessment, video coding, and multimedia communication.

Yicong Zhou (S’08-M’10-SM’ 14) received the B.S.
degree from Hunan University, Changsha, China, and
the M.S. and Ph.D. degrees from Tufts University,
Medford, MA, USA, in 1992, 2008, and 2010, re-
spectively, all in electrical engineering.

He is currently an Associate Professor and the
Director in the Vision and Image Processing Lab-
oratory, Department of Computer and Information
Science, University of Macau, Macau, China. His re-
search interests include chaotic systems, multimedia
security, image processing and understanding, and

machine learning.

Dr. Zhou is an Associate Editor of the Journal of Visual Communication and
Image Representation, an Editorial Board Member of Neurocomputing, and a
Leading Co-Chair of the Technical Committee on Cognitive Computing of the
IEEE Systems, Man, and Cybernetics Society. He was the recipient of the third
place prize of Macau Natural Science Award in 2014.

Shan Gao received the M.Sc. degree from the Uni-
versity of Surrey, Guildford, U.K, in 2006.

In 2006, he joined the Huawei Technologies Co.,
Ltd., Shenzhen, China, where he is a Senior Re-
search Engineer with the Media Technology Labora-
tory. Since 2007, he has been actively involved in the
ITU-T standardization. He has more than 50 patent
applications and several adopted standard proposals.
His research interests include QoE, end-user quality
perception, video communication, and video coding.




<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /None
  /Binding /Left
  /CalGrayProfile (Gray Gamma 2.2)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Warning
  /CompatibilityLevel 1.4
  /CompressObjects /Off
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /DetectCurves 0.0000
  /ColorConversionStrategy /sRGB
  /DoThumbnails true
  /EmbedAllFonts true
  /EmbedOpenType false
  /ParseICCProfilesInComments true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams true
  /MaxSubsetPct 100
  /Optimize true
  /OPM 0
  /ParseDSCComments false
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveDICMYKValues true
  /PreserveEPSInfo false
  /PreserveFlatness true
  /PreserveHalftoneInfo true
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts false
  /TransferFunctionInfo /Remove
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
    /Algerian
    /Arial-Black
    /Arial-BlackItalic
    /Arial-BoldItalicMT
    /Arial-BoldMT
    /Arial-ItalicMT
    /ArialMT
    /ArialNarrow
    /ArialNarrow-Bold
    /ArialNarrow-BoldItalic
    /ArialNarrow-Italic
    /ArialUnicodeMS
    /BaskOldFace
    /Batang
    /Bauhaus93
    /BellMT
    /BellMTBold
    /BellMTItalic
    /BerlinSansFB-Bold
    /BerlinSansFBDemi-Bold
    /BerlinSansFB-Reg
    /BernardMT-Condensed
    /BodoniMTPosterCompressed
    /BookAntiqua
    /BookAntiqua-Bold
    /BookAntiqua-BoldItalic
    /BookAntiqua-Italic
    /BookmanOldStyle
    /BookmanOldStyle-Bold
    /BookmanOldStyle-BoldItalic
    /BookmanOldStyle-Italic
    /BookshelfSymbolSeven
    /BritannicBold
    /Broadway
    /BrushScriptMT
    /CalifornianFB-Bold
    /CalifornianFB-Italic
    /CalifornianFB-Reg
    /Centaur
    /Century
    /CenturyGothic
    /CenturyGothic-Bold
    /CenturyGothic-BoldItalic
    /CenturyGothic-Italic
    /CenturySchoolbook
    /CenturySchoolbook-Bold
    /CenturySchoolbook-BoldItalic
    /CenturySchoolbook-Italic
    /Chiller-Regular
    /ColonnaMT
    /ComicSansMS
    /ComicSansMS-Bold
    /CooperBlack
    /CourierNewPS-BoldItalicMT
    /CourierNewPS-BoldMT
    /CourierNewPS-ItalicMT
    /CourierNewPSMT
    /EstrangeloEdessa
    /FootlightMTLight
    /FreestyleScript-Regular
    /Garamond
    /Garamond-Bold
    /Garamond-Italic
    /Georgia
    /Georgia-Bold
    /Georgia-BoldItalic
    /Georgia-Italic
    /Haettenschweiler
    /HarlowSolid
    /Harrington
    /HighTowerText-Italic
    /HighTowerText-Reg
    /Impact
    /InformalRoman-Regular
    /Jokerman-Regular
    /JuiceITC-Regular
    /KristenITC-Regular
    /KuenstlerScript-Black
    /KuenstlerScript-Medium
    /KuenstlerScript-TwoBold
    /KunstlerScript
    /LatinWide
    /LetterGothicMT
    /LetterGothicMT-Bold
    /LetterGothicMT-BoldOblique
    /LetterGothicMT-Oblique
    /LucidaBright
    /LucidaBright-Demi
    /LucidaBright-DemiItalic
    /LucidaBright-Italic
    /LucidaCalligraphy-Italic
    /LucidaConsole
    /LucidaFax
    /LucidaFax-Demi
    /LucidaFax-DemiItalic
    /LucidaFax-Italic
    /LucidaHandwriting-Italic
    /LucidaSansUnicode
    /Magneto-Bold
    /MaturaMTScriptCapitals
    /MediciScriptLTStd
    /MicrosoftSansSerif
    /Mistral
    /Modern-Regular
    /MonotypeCorsiva
    /MS-Mincho
    /MSReferenceSansSerif
    /MSReferenceSpecialty
    /NiagaraEngraved-Reg
    /NiagaraSolid-Reg
    /NuptialScript
    /OldEnglishTextMT
    /Onyx
    /PalatinoLinotype-Bold
    /PalatinoLinotype-BoldItalic
    /PalatinoLinotype-Italic
    /PalatinoLinotype-Roman
    /Parchment-Regular
    /Playbill
    /PMingLiU
    /PoorRichard-Regular
    /Ravie
    /ShowcardGothic-Reg
    /SimSun
    /SnapITC-Regular
    /Stencil
    /SymbolMT
    /Tahoma
    /Tahoma-Bold
    /TempusSansITC
    /TimesNewRomanMT-ExtraBold
    /TimesNewRomanMTStd
    /TimesNewRomanMTStd-Bold
    /TimesNewRomanMTStd-BoldCond
    /TimesNewRomanMTStd-BoldIt
    /TimesNewRomanMTStd-Cond
    /TimesNewRomanMTStd-CondIt
    /TimesNewRomanMTStd-Italic
    /TimesNewRomanPS-BoldItalicMT
    /TimesNewRomanPS-BoldMT
    /TimesNewRomanPS-ItalicMT
    /TimesNewRomanPSMT
    /Times-Roman
    /Trebuchet-BoldItalic
    /TrebuchetMS
    /TrebuchetMS-Bold
    /TrebuchetMS-Italic
    /Verdana
    /Verdana-Bold
    /Verdana-BoldItalic
    /Verdana-Italic
    /VinerHandITC
    /Vivaldii
    /VladimirScript
    /Webdings
    /Wingdings2
    /Wingdings3
    /Wingdings-Regular
    /ZapfChanceryStd-Demi
    /ZWAdobeF
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /CropColorImages true
  /ColorImageMinResolution 150
  /ColorImageMinResolutionPolicy /OK
  /DownsampleColorImages true
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 150
  /ColorImageDepth -1
  /ColorImageMinDownsampleDepth 1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages false
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.76
    /HSamples [2 1 1 2] /VSamples [2 1 1 2]
  >>
  /ColorImageDict <<
    /QFactor 0.40
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 15
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 15
  >>
  /AntiAliasGrayImages false
  /CropGrayImages true
  /GrayImageMinResolution 150
  /GrayImageMinResolutionPolicy /OK
  /DownsampleGrayImages true
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageMinDownsampleDepth 2
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages false
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.76
    /HSamples [2 1 1 2] /VSamples [2 1 1 2]
  >>
  /GrayImageDict <<
    /QFactor 0.40
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 15
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 15
  >>
  /AntiAliasMonoImages false
  /CropMonoImages true
  /MonoImageMinResolution 1200
  /MonoImageMinResolutionPolicy /OK
  /DownsampleMonoImages true
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 600
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /CheckCompliance [
    /None
  ]
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile (None)
  /PDFXOutputConditionIdentifier ()
  /PDFXOutputCondition ()
  /PDFXRegistryName ()
  /PDFXTrapped /False

  /CreateJDFFile false
  /Description <<
    /CHS <FEFF4f7f75288fd94e9b8bbe5b9a521b5efa7684002000410064006f006200650020005000440046002065876863900275284e8e55464e1a65876863768467e5770b548c62535370300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c676562535f00521b5efa768400200050004400460020658768633002>
    /CHT <FEFF4f7f752890194e9b8a2d7f6e5efa7acb7684002000410064006f006200650020005000440046002065874ef69069752865bc666e901a554652d965874ef6768467e5770b548c52175370300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c4f86958b555f5df25efa7acb76840020005000440046002065874ef63002>
    /DAN <>
    /DEU <>
    /ESP <>
    /FRA <>
    /ITA (Utilizzare queste impostazioni per creare documenti Adobe PDF adatti per visualizzare e stampare documenti aziendali in modo affidabile. I documenti PDF creati possono essere aperti con Acrobat e Adobe Reader 5.0 e versioni successive.)
    /JPN <>
    /KOR <FEFFc7740020c124c815c7440020c0acc6a9d558c5ec0020be44c988b2c8c2a40020bb38c11cb97c0020c548c815c801c73cb85c0020bcf4ace00020c778c1c4d558b2940020b3700020ac00c7a50020c801d569d55c002000410064006f0062006500200050004400460020bb38c11cb97c0020c791c131d569b2c8b2e4002e0020c774b807ac8c0020c791c131b41c00200050004400460020bb38c11cb2940020004100630072006f0062006100740020bc0f002000410064006f00620065002000520065006100640065007200200035002e00300020c774c0c1c5d0c11c0020c5f40020c2180020c788c2b5b2c8b2e4002e>
    /NLD (Gebruik deze instellingen om Adobe PDF-documenten te maken waarmee zakelijke documenten betrouwbaar kunnen worden weergegeven en afgedrukt. De gemaakte PDF-documenten kunnen worden geopend met Acrobat en Adobe Reader 5.0 en hoger.)
    /NOR <>
    /PTB <>
    /SUO <>
    /SVE <>
    /ENU (Use these settings to create PDFs that match the "Suggested"  settings for PDF Specification 4.0)
  >>
>> setdistillerparams
<<
  /HWResolution [600 600]
  /PageSize [612.000 792.000]
>> setpagedevice


