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Abstract—This paper describes a new measurement method
(VS model) for determining the quality of online video services
relying on modern H.265/HEVC and VP9 codecs. The said
method has been developed on the basis of VQuad-HD curves
(according to ITU-T J.341). This model does not refer to signal
analysis, but protocol analysis instead. The parameters used
are: type of video codec, encoding rate, transport technique,
packet loss and burst size. The method may be implemented
quickly and easily, which is one of the great advantages when
using this method to measure QoS.
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1. Introduction

In current IP networks, new types of services continue to
appear. Many of them are related to transporting video
content that constitutes a major portion of today’s Internet
traffic. According to CISCO reports [1]-[2], in 2017, video
material accounted for 75% of global Internet traffic and for
nearly 60% of mobile traffic. The volume of video traffic
is growing rapidly, especially in mobile communications,
and is estimated to reach nearly 80% of the world’s mo-
bile traffic by 2022. It is expected that mobile video will
increase nine-fold between 2017 and 2022. Therefore, it
makes sense to take a closer look at video services.

Video services are currently rendered in two forms. The
first category includes real-time services, e.g. television
over IP (IPTV), video telephony over IP (VTolIP). The other
form encompasses services in which time does not play
a principal role. These include video streaming ser-
vices, e.g. video on demand (VoD). To guarantee
a good-quality video service, effective transport techniques
are needed. In real-time services, MPEG-2 transport
streams based on ISO/IEC 13818-1 [3] and native RTP
based on IETF RFC 3640 [4] are currently the most
widely used techniques. In video streaming (non-real-
time service), native RTP and MPEG-DASH based on
ISO/TEC 23009-1:2012 [5] are currently the most widely
used techniques. It is worth noting that the native RTP
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technique is used in both forms of video service. This is
a sufficient reason to devote a complete paper to this par-
ticular transport technique that will serve as a basis of all
investigations described herein.

In order to ensure high video service image quality on
the one hand and to reduce the coding rate (and thus
the required bandwidth in the network) on the other, im-
provements in image coding have been promoted in recent
years. A new ITU-T standard H.265/HEVC (high-efficiency
video coding) was published in 2013 [6]. A few years later,
a new proprietary solution (Google), the VP9 Codec, was
launched [7]. Image resolution is also increasing contin-
uously, with full HD succeeding the HDTV format. New
formats, 2K and 4K, are gaining in popularity as well. The
impact that the developments mentioned here exert on the
quality of video services must be measured in practice.
Quality of service (QoS) and quality of experience (QoE)
should be continuously monitored in modern networks,
preferably automatically. Dedicated measuring systems
and methods are obviously indispensable for that pur-
pose. When it comes to video communications, sev-
eral methods are already available for measuring QoS
and QoE. Most of them have been standardized, e.g.
ITU-T Rec. J.144 [8], ITU-T J.147 [9], ITU-T 1.247 [10],
ITU-T J.341 [11], ITU-T P.1204.4 [12]. All these stan-
dards have evolved from signal-based QoE measuring
methods with “full reference” (intrusive measurement nec-
essary). That is what makes these measuring techniques
so complicated, time-consuming, and expensive due to the
licensing costs involved.

The second group of QoS measurement methods is based
on parameterized models. They are simple, faster to ex-
ecute and generally more accessible (without licenses).
However, they do not provide as accurate results as the
QoE measurement methods mentioned above. The most
important parameterized QoS models for video services
include: mean squared error (MSE) [13], new quality in-
dex (NQI) [14] and structural similarity index (SSIM) [15].
A comparison of performance of the above-mentioned QoS
techniques was presented in papers [16], [17] and else-
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where. Specialized QoS models exist as well, e.g. for
VToIP [18] or for IPTV services [19]. The last two
QoS models were developed for the “old” video codecs
(e.g. H.264/AVC) and for lower picture resolutions (up to
SDTV). There are currently no QoS models that do justice
to the latest developments in the field of video codecs (such
as H.265/HEVC, VP9) and picture formats (such as HDTYV,
Full HD). The work described in this paper aims to remedy
that deficiency.

After the introduction presented above, a new video service
(VS) model will be formulated and illustrated in the context
of actual video codecs and picture formats. This model is
then analyzed in various applications and its practicability
is put to the test in a comparison study. The results obtained
based on the analyses are presented graphically and are
interpreted. The paper is concluded with a summary and
an outlook on future work.

2. New Parameterized VS Model

It is generally known that packet losses are some of the
worst impairment parameters in the IP environment. This
is true in the case of both audio and video transmission.
Other parameters that greatly affect QoS values include
codec type, encoding rate and burst size. The size of jitter
buffers in the terminal equipment has a significant influ-
ence on QoS as well. The effects of jitter and out-of-
order packet delivery are converted into losses, bearing in
mind that these errors may be smoothed out with the aid of
a jitter buffer. Two types of packet losses and burst size,
i.e. burst ratio, being the ratio of the measured burst size
to the burst size expected in a burst-free environment, can
be determined by means of practical measurements during
an RTP session. Protocol analysis may also determine the
video codec, the encoding rate and the type of transport
technique used. This is one of the prerequisites enabling
the parameterized QoS model to be used in practice.

To investigate the effects of packet loss, burst size and en-
coding rate on the quality of video services, several exten-
sive numerical calculations, which took several weeks, were
carried out within the scope of this paper. The QoSCalc
(IPTV) numerical tool [20] was used. The tool relies on
the VQuad-HD algorithm [21] to determine the QoS (“full
reference” technique). Two modern codecs were selected
for the investigation scenarios, i.e. H.265/HEVC and VP9
(video sequence in full HD resolution of 1920 x 1080).
The native RTP method was used here as the transport tech-
nique. This technique requires the UDP protocol within the
transport layer. This combination of protocols is most fre-
quently used for real-time web-based video services (e.g.
VTolP, IPTV).

Figures 1 and 2 show examples of numerical results for
the H.265/HEVC codec, i.e. the packet loss and burst size
values assumed for the investigation. They show that all
QoE curves progress exponentially. It is evident that as
packet losses increase, the curves fall rapidly and then run
asymptotically at a value between 1 and 1.5 MOS. It is also
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evident that burst size has an equally considerable impact
on QoE values, with a burst size of “1” producing the worst
quality of service in all three cases and increases in burst
size leading to improvements in service quality. This is in
keeping with the psycho-visual model of the human visual
perception system, which asserts that viewers will accept
a few isolated major disruptions in reception far more read-
ily than numerous, regularly occurring disturbances of mi-
nor character. The QoE curves shown in Figs. 1 and 2,
supplemented by curves for further encoding rates, form
the basis for creating new parameterized QoS models.

Burst 4
Burst 2

Quality value [MOS]
w
=)

Burst 1

Packet loss [%]

Fig. 1. VQuad-HD values as a function of packet loss and burst
size at an encoding rate of 3875 kbps for the H.265/HEVC codec
and native RTP.

Burst 5

Quality value [MOS]
W
=)

Packet loss [%]

Fig. 2. VQuad-HD values as a function of packet loss and burst
size at an encoding rate of 6750 kbps for the H.265/HEVC codec
and native RTP.

To develop a new, parameterized QoS model for video ser-
vices using the modern H.265/HEVC and VP9 codecs, the
IPTV model from paper [19] was used. The new parame-
terized model is referred to as a video service (VS) model
in the context of this paper. In addition, the procedure for
creating the QoS model from work [19] is cited below and
has been used.

Step 1. Using a suitable tool, determine the Swis-
sQual VQuad-HD [21] curves as a function of packet
losses, burst size and encoding rate for various codecs and
types of transport streams. These curves serve as a basis
for further calculations.
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Step 2. Approximate each of the SwissQual VQuad-HD
curves as a function of packet losses for burst sizes of “1”
to “5” and selected encoding rates using:

a-packetloss

VSfaCt()}" = P.e bursisize 4 Q

b-packetloss
- e Dburstsize (1)

Constants a and b are selected so that they display val-
ues equal to or lower than zero, with significantly smaller
values being chosen for b. The result of this is that the
two summands are responsible for the steepness of the
curves when packet losses are few (second summand) or
many (first summand). All constants (P, Q, a, and b)
are now calculated iteratively as best possible values for
each encoding rate.

Step 3. Determine the formulas the constants P, Q, a, and
b. Once determined, the constants are recorded as func-
tions of the encoding rate. The corresponding formulas can
then be calculated by means of polynomial approximation.
The degree of the polynomial is determined by the com-
plexity of the curve. Equations (2) to (5) show the simple
relationship:
P = wy, - Bitrate" + w,_1 - Bitrate" ' + - --
+wq - Bitrate' +wp , 2)

Q = z,, - Bitrate" + z,_ - Bitrate" ™' + - --
+ 21 - Bitrate' +z0, 3)

a = x, - Bitrate" + x,_1 - Bitrate ' + - -+

+x1 - Bitrate' +xo , 4)

b=y, -Bitrate" +y,_; - Bitrate" ' + -
+y1 - Bitrate' +yq . (5)

In the study, for reasons of compatibility with paper [19],
two terms were used in Eq. (1). The optimization steps
carried out as part of the work described in this paper, e.g.
three or four terms in Eq. (1) have not contributed to any
improvement in the mode of operation of the model.
Figures 3 to 5 show the parameters as a function of
the encoding rate and the results obtained from the ap-
proximations made in Egs. (2) to (5) in case of the
H.265/HEVC codec.

Therefore, the actual equations for the H.265/HEVC codec
and the native RTP are:

P=3.8-10"" bitrate* +2.79- 1079 bitrate?
—2.37-107° - bitrate +1.82 (6)

0=1.71-10"2 bitrate’ — 5.81- 1078 - bitrare®
+6.34-10"* bitrate+1.14 ,  (7)

a=—6,36-10"""-pitrate* +1.42- 107 - bitrate
—253-1072, (8
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Fig. 3. Approximation of parameters P and Q as functions of
the encoding rate for the H.265/HEVC codec and the native RTP.
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Fig. 4. Approximation of the parameter a as a function of the
encoding rate for the H.265/HEVC codec and the native RTP.
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Fig. 5. Approximation of the parameter b as a function of the
encoding rate for the H.265/HEVC codec and the native RTP.

b=—1.04-10""bitrate® +3.34-107'° - bitrare®
+3.93-1077 - bitrate—0.827 . (9)

For the clarity of presentations, the graphics with QoE
values and with parameters P, Q, a, and b are not pre-
sented here in the case of the VP9 codec. The calculation
performed resulted in the following equations for the VP9
codec and the native RTP:
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P=-2.89-10""3 bitrate® +4.79-107° - bitrate*
—1.41-107° - bitrate +1.66 , (10)

0=1.90-10""2-bitrate® — 5.99- 1078 - bitrate’
+6.24-10"* - bitrate+1.18 ,  (11)

a=2.45-10""bitrate* —5.28 10719 bitrate®
+2.67-107% bitrate —2.14-1072 ,  (12)

b=—6.04-10""birrate® +1.30- 1072 birrate?
+3.69-107° - bitrate —0.854 . (13)

The combination of Egs. (1) and (6) to (9) describes
the new, parameterized VS model for the H.265/HEVC
codec. In contrast, the combination of Eqs. (1) and (10)
to (13) forms the new, parameterized VS model for the VP9
codec. The two QoS models developed here complement
the existing range of parameterized QoS models from pa-
pers [18] and [19] well, which is of great benefit to any
practical utilization.

It should be noted that the new QoS model was determined
for encoding bitrates up to 15,000 kbps. In practice, the
new model is effective only in this range. The encoding
rates chosen in this study correspond to the values that are
used in the Internet (e.g. by the Netflix [22]) for video
streaming. It should also be noted that in the new model,
the following units are to be used for the variables used
there: packet losses in the unit [%] and encoding bitrate
in the unit [kbps].

Below is an example of the application of the newly cre-
ated QoS model. The following assumptions are made:
H.265/HEVC codec, encoding rate equal to 5000 kbps.
The parameters determined according to Egs. (6)—(9) are:
P=1.71, Q =3.07, a = —0.0197, b = —0.635. The QoS
values determined for packet losses of 0 to 5% are shown
in Table 1.

Table 1
QoS values as a function of packet losses
in the assumed example

Packet loss [%] 0 1 2 3 4 5

QoS values [MOS] | 4.78 | 3.3 |2.5]|2.07 | 1.82 | 1.68

3. Comparison Study

The QoSCalc (IPTV) software tool from paper [20] was
used in the following analyses as well. Figure 6 shows the
block diagram of the numerical tool used in this paper.
This tool operates in the following manner:

e a reference video file is loaded,
e the video is encoded in accordance with the selected

codec by FFmpeg [23],
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Fig. 6. Schematic representation of quality measurement based
on QoSCalc(IPTV).

e the coded data is encapsulated according to the se-
lected transport protocol (here native RTP [24]) by
FFmpeg,

o the block “Error” represents the generation of a se-
lected level of network impairments,

e the packed video is decoded to the same format as the
reference (raw video, same resolution and encoding
rate) by FFmpeg,

o finally, the decoded data and the video reference file
loaded at the start are passed on to the evaluation
algorithms (here VQuad-HD and VS model).

The “Error” block has been designed for non-
deterministically distributed packet loss (binominal distri-
bution with probability P) and non-deterministically dis-
tributed burst size (exponential distribution) with a se-
lectable mean value.

The following parameters were assumed for the numerical
comparison study:

e encoding: H.265/HEVC (medium); VP9 (FFmpeg
default),

e packaging:
1200 bytes,

native RTP with NAL size equal to

o full HD video sequence with image refresh frequency
of 25 images/s [25],

e encoding rates: 3875, 6750 and 10,500 kbps,

e packet loss (binominal distributed): 0—12 (in incre-
ments of 1), 14, 16, 20%,

e burst size: 1, 2, 3 (practical values),

e SwissQual VQuad-HD and VS model as the
QoE/QoS measuring techniques,

e 31 measurements for each determined performance
value. This number of tests ensures a confidence
interval of less than 10% of the estimated average
(with a 5% error probability).

The results of the comparison study are presented in
Figs. 7 to 12. Figures 7 to 10 refer to the H.265/HEVC
codec. Here, two extremely different coding rates (3875
and 10,500 kbps) and burst sizes (1 and 3) were deliber-
ately chosen to demonstrate the effectiveness of the new
model in the entire range of its applicability.

Figures 7 to 10 show that QoS deteriorates exponentially as
packet losses increase. This is the case for both QoE/QoS
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Fig. 7. QoS values as functions of packet losses gained from
different measuring methods for the H.265/HEVC codec and the
native RTP, a burst size of “1” and an encoding rate of 3875 kbps.

measuring techniques used. Furthermore, the curves fall
less steeply as burst size increases. The reason for this
is that synchronization of I/P/B images fails more fre-
quently when small groups of packet losses occur regu-
larly, rather than when large groups of packet losses oc-
cur infrequently. Moreover, the more numerous the break-
downs in synchronization are, the more frequently the im-
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Fig. 8. QoS values as functions of packet losses gained from
different measuring methods for the H.265/HEVC codec and the
native RTP, a burst size of “3” and an encoding rate of 3875 kbps.
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Fig. 9. QoS values as functions of packet losses gained from dif-
ferent measuring methods for the H.265/HEVC codec and the na-
tive RTP, a burst size of “1” and an encoding rate of 10,500 kbps.

76

Numerical

V'S model

Quality value [MOS]
W
=)

2.0
1.5 0-0 o 0
1.0

0 5 10 15 20

Packet loss [%]

Fig. 10. QoS values as functions of packet losses gained from dif-
ferent measuring methods for the H.265/HEVC codec and the na-
tive RTP, a burst size of “3” and an encoding rate of 10,500 kbps.

ages will freeze. This will naturally be reflected in a drop
in QoE/QoS values.

Figures 7 to 10 also show that the curves of the VQuad-HD
and the VS model progress very closely to each other. Only
when burst size is “1” and large packet losses (16-20%)
occur, relatively large deviations in the QoS values may be
observed. However, they can be accepted from a practical
point of view. In practice, such large packet losses indicate
a network fault, which in turn leads to the connection being
broken. In other words: the numerical comparison study
has delivered strong arguments for using the VS model in
everyday practice.
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3.0
2.5
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1.5 =
t——g— e
1.0
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Packet loss [%]

V'S model

Quality value [MOS]

Numerical

Fig. 11. QoS values as functions of packet losses gained from
different measuring methods for the VP9 codec and the native
RTP, a burst size of “1” and an encoding rate of 6750 kbps.

Figures 11 and 12 show the results of the investiga-
tion from this comparative study using the VP9 codec
in two examples. In order to show the effectiveness of
the new QoS model in comparison with the investiga-
tions carried out previously within the scope of this
study (H.265/HEVC codec), the burst sizes of 1 and 2,
and the bit rate of 6750 kbps were deliberately chosen.
A considerable agreement between the numerical values
and the values from the VS model has been observed.
This once again confirms good practical functionality of
the VS model.
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Fig. 12. QoS values as functions of packet losses gained from
different measuring methods for the VP9 codec and the native
RTP, a burst size of “2” and an encoding rate of 6750 kbps.

4. Summary and Outlook

In the course of the work described in this paper a new
parameterized QoS measuring model for two new video
codecs (H.265/HEVC and VP9) was developed to deter-
mine the quality of real-time video service over IP net-
work, and its functionality was put to the test in a com-
parison study. The new VS model is based on the VQuad-
HD curves. This is of special practical importance, since
the VQuad-HD algorithm (according to ITU-T J.341) is the
most objective QOE measuring method for video. The com-
parison study has proved, without a shadow of doubt, prac-
tical suitability of the new QoS model. The new, inexpen-
sive, quick and easy-to-use VS model (offline) is far more
than simply an adequate alternative to the laboriously slow
(online) VQuad-HD method with its expensive licenses.

It would be extremely useful to verify the results presented
in this paper in a subjective study (which is unfortunately,
extremely time-consuming and resource-intensive). This is
planned in the future.

Development in the field of video coding continues. First
announcements of the new H.266/VVC standard may al-
ready be found [26]. Image resolution is also being in-
creased on a continuous basis (2K and 4K). This should
also be considered in further studies and developments.
This would enable the currently available range of parame-
terized QoS models for live video streaming to be expanded
and used in practice. In the new developments of such QoS
models, one could very well apply the procedure presented
in this paper. Further work is planned in this direction, too.
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