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Abstract—This paper exploits the idea of SCS (Switching be-
tween error Concealment and frame Skipping) for H.265/HEVC
video and audio IP transmission. The method skips output of
video frames with a larger ratio of lost slices than a predefined
threshold. It continues frame skipping until new GOP. To assess
the effectiveness of the method, we evaluate QoE through a
subjective experiment. We employ two audiovisual contents and
vary the number of slices in a video frame, GOP length, encoding
bitrate, and the amount of background traffic. As a result, we
find that the method exploiting the idea of SCS can enhance QoE
for the content which has large movement.
Index Terms—H.265, audio and video IP transmission, frame

skipping, subjective assessment

I. INTRODUCTION

High definition video such as 4K and 8K has been attracting
people’s interests. Transmission of the high definition video
requires efficient encoding techniques. Hence, H.265/HEVC
(High Efficiency Video Coding) has been standardized.
In order to handle high definition video, H.265/HEVC

advances technologies employed in H.264/AVC (Advanced
Video Coding). Meanwhile, H.265/HEVC omits various error
concealment mechanisms in H.264/AVC owing to require-
ments for high-speed encoding and decoding.
When we transmit H.265/HEVC over IP networks, we face

quality degradation due to packet losses as in H.264/AVC
transmission. The major open source encoder x265 [1] and
decoder FFmpeg [2] have not implemented error concealment
mechanisms for H.265/HEVC. Thus, when the packet loss
occurs, in intra-coded slices, the missing area cannot be
decoded. In inter-coded slices, substantial degradation of an
image occurs because of incorrect moving vector information.
There are few studies on QoE (Quality of Experience) [3] of

H.265/HEVC under network impairment, while many studies
treat coding impairment. For example, References [4] and
[5] compares the coding performance of several video coding
standards include H.265/HEVC without network impairment.
Besides, Nightingale et al. have evaluated the effect of

packet loss on subjective QoE in H.265/HEVC RTP (Real-
time Transport Protocol)/UDP transmission [6],[7]. They have
implemented two error concealment mechanisms to the HEVC
reference software HM 8.0. On the other hand, in this paper,
we deal with another approach for mitigating the effect of
packet loss.

For H.264/AVC video and audio transmission, a QoE-
based video output scheme SCS (Switching between error
Concealment and frame Skipping) has been proposed [8].
SCS switches two video output schemes: error concealment
and frame skipping. Video error concealment interpolates lost
video slices due to packet drop with other information of
the video stream. However, the spatial quality of the error-
concealed video degrades compared to the original one since
the scheme cannot perfectly interpolate the lost information.
In addition, there is a problem that the degradation propagates
to the succeeding frames in GOP (Group of Pictures). On the
other hand, frame skipping does not output video frames which
include lost slices. The scheme keeps the spatial quality of the
output video original, while it degrades the temporal quality
because of skipped frames. SCS defines the error concealment
ratio Rc [%] as the ratio of the number of lost video slices to
the total number of slices in a frame and introduces a threshold
value Th [%]. When Rc is larger than Th in a video frame,
the video frame is skipped, i.e., frame skipping. When an I
(Intra) frame with Rc ≤ Th comes out, the output scheme is
switched to error concealment. An appropriate selection of the
Th value maximizes QoE.

Even when we cannot apply error concealment on
H.265/HEVC transmission, the idea of SCS, i.e., switching
to frame skipping instead of output damaged frames, can be
effective on QoE enhancement.

In this paper, we enhance the idea of SCS for H.265/HEVC
IP transmission. When the ratio of dropped slices exceeds
a threshold, the receiver skips the rest of GOP. We assess
QoE by a subjective experiment to evaluate the effectiveness.
We also measure objective quality metrics of temporal quality
(smoothness of output) and spatial quality (image quality). As
the temporal quality measure, we employ the video frame loss
ratio. We utilize PSNR (Peak Signal-to-Noise Ratio) for the
spatial quality assessment. Then, we investigate the factors
affecting QoE.

We organize the remainder of this paper as follows. Sec-
tion II introduces the slice structure on H.265/HEVC and our
output method. Sections III and IV describe the experimental
method and the QoE assessment method, respectively. Sec-
tion V presents experimental results. Section VI concludes this
paper.
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Fig. 1. Example of operation of our output method

II. SLICES ON H.265/HEVC AND OUR METHOD

A slice of H.264/AVC consists of MBs (Macro Blocks) of
16 × 16 pixels information. On the other hand, the minimum
unit consisting H.265/HEVC slices is a CTU (Coding Tree
Unit), which size is from 16 × 16 to 64 × 64 pixels. In
particular for high definition video, the CTU of 64 × 64 pixels
can be employed for efficient coding. Thus, the number of
pixels in a slice becomes large.
The CTU is recursively divided into CUs (Coding Units).

Then, the CU is classified into a PU (Prediction Unit) or a TU
(Transform Unit). This is for efficient encoding and decoding
of high definition video. A region with small movement can be
encoded with a large block, and a small block will be utilized
for a region with large movement. On the other hand, the
adjustable control makes error concealment difficult. The users
can notice incongruity against simple interpolation techniques.
In this paper, we make a threshold as SCS has. The slice

loss ratio is defined as the ratio of the lost slices to all the
slices of a video frame. The receiver stops the output of video
frames with the higher video slice loss ratio than the threshold.
The frame skipping lasts the next intra-coded frame with the
lower slice loss ratio than the threshold. Figure 1 shows an
example of the operation.

III. METHODOLOGY OF EXPERIMENT

Figure 2 shows the experimental system. All the links
in the network are 100 Mb/s full-duplex Ethernet. Media
Server transmits video and audio streams to Media Client
through MMTP (MPEG Media Transport Protocol); it is an
application-level protocol for multimedia transmission [9].
UDP is employed as the transport protocol under MMTP.
For audio, each MMTP/UDP packet includes an MU (Media
Unit), which is an information unit for media synchronization
control. Each video MMTP/UDP packet consists of a video
slice.
As the interference traffic of audio and video, Web Server

transmits Web traffic to Web Client according to requests
generated by WebStone 2.5 [10], which is a Web server
benchmark tool. For the number of client processes, we
employ 10 and 20.
We employ H.265/HEVC video and AAC-LC (Advanced

Audio Coding-Low Complexity) CBR (Constant BitRate)
stereo audio. Table I shows the specifications. The video
encoding bitrate is set to about 3 Mb/s or 6 Mb/s. We utilize

Web 

Server

Web 

Client

Media 

Server

Media 

Client

Router 1 Router 2

Web traffic

Video and Audio

100Mb/s 

Fig. 2. Experimental network

TABLE I
SPECIFICATIONS OF VIDEO AND AUDIO

video audio
coding method H.265/HEVC MPEG-4

AAC-LC CBR
encoder x265 qaac

image size [pixel] 1920 × 1080 -
number of slices per frame 4, 16 -

picture pattern IPPPP, I+14P’s -
sampling rate [kHz] - 48

channels - 2
encoding bitrate [kb/s] 3000, 6000 128
average MU rate [MU/s] 29.97 46.875
playout buffering time [ms] 500

x265 ver. 2.1 as a video encoder. To stabilize the encoding
bitrate, we use 2-pass encoding. We consider a video frame as
a video MU. The MU rate is 29.97 MU/s. We deal with the
two picture patterns: IPPPP (I+4P’s) and IPPPPPPPPPPPPPP
(I+14P’s). The number of slices per picture frame is 4 or 16.
The average bitrate and the MU rate of audio are 128 kb/s and
46.875 MU/s, respectively. We employ two contents: drama (a
scene of historical drama) and sport (a scene of figureskating).
The TI (Temporal perceptual Information) value except for
scene changes of drama is 9.786, and that of sport is 36.415;
the TI value indicates the amount of temporal changes of a
video sequence [11]. Thus, in this experiment, sport has larger
movement than drama.
Media Client outputs received audio and video after the

playout buffering control. We set the playout buffering time
to 500 ms. As the threshold value for the slice loss ratio to
switch frame skipping, we employ 0% (pure frame skipping),
25%, and 100% (no frame skipping due to slice losses).

IV. QOE ASSESSMENT METHOD

In this paper, we assess QoE of the audio-video stream by
a subjective experiment. It was conducted as follows.
We first made test samples for subjective assessment by

actually outputting the audio and video MUs with the output
timing obtained from the experiment. The test samples are
called stimuli. Each stimulus lasted 10 seconds and was
obtained by outputting the audio-video stream of the first 10
seconds in each experimental run. We set the duration of the
stimulus owing to the assessors’ burden.



TABLE II
FIVE CATEGORIES OF IMPAIRMENT

score category

5 imperceptible
4 perceptible but not annoying
3 slightly annoying
2 annoying
1 very annoying

We put the stimuli in a random order and presented them
to 19 assessors. They are 17 male students, a male faculty
member, and a female faculty member. ITU-T Rec. P.911
describes that at least 15 subjects should participate in the
experiment [11]. Thus, we employed the 19 assessors. On the
other hand, we need to evaluate with more assessors; it is a
future study issue. The total assessment time for an assessor
is about 30 minutes.
A subjective score was measured by the rating-scale

method, in which assessors classify each stimulus into one of a
certain number of categories. We adopted the five categories of
impairment as shown in Table II. We regard the integer value
as a subjective score. We then calculate MOS (Mean Opinion
Score) as the quantitative measure of perceptual quality.

V. EXPERIMENTAL RESULTS

A. Application-level QoS

In this paper, we treat the video MU loss ratio, the slice
loss ratio of output video, and the PSNR as the application-
level QoS parameters. The slice loss ratio of output video
represents the percentage of lost slices in output video frames;
the skipped frames are discarded in the calculation. The MU
loss ratio is the ratio of the number of MUs not output at the
recipient to the number of MUs transmitted by the sender.
We depict the audio MU loss ratio and the video MU loss

ratio in Figs. 3 and 4, respectively. Figure 5 shows the slice
loss ratio of output video. Figure 6 represents the PSNR of
video luminance. Figures 4 through 6 are the results for drama
with video encoding bitrate 6 Mb/s. In addition, we present
the PSNR for drama with video encoding bitrate 3 Mb/s and
that for sport with video encoding bitrate 6 Mb/s in Figs. 7
and 8, respectively.
In Fig. 3, we show the result of audio quality. The as-

sessment of audio is a feature of our study; References [6]
and [7] do not consider the effect of audio. We find in this
figure that the audio MU loss ratio is smaller than 1 % even
when the number of Web clients is 20. Thus, the audio quality
does not degrade largely in this experiment. Furthermore, the
differences among the threshold values are small.
We see in Fig. 4 that as the GOP length increases, the video

MU loss ratio increases. This is because skipped frames due
to the loss of reference frames increase when we employ the
long GOP.
We also notice in Fig. 4 that the MU loss ratio increases

as the slices per frame increase with the 0 % method when
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Fig. 3. Audio MU loss ratio (drama, video encoding bitrate 6 Mb/s)
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Fig. 4. Video MU loss ratio (drama, video encoding bitrate 6 Mb/s)

the number of Web clients is 20. On the other hand, with the
larger threshold values than 0 %, the MU loss ratio decreases
as the number of slices increases. The 0 % method performs
frame skipping when a slice drops. As the number of slices
increases, the overhead increases. In addition, the number of
slices affects the efficiency of predictive coding methods. The
size of I picture for 16 slices per frame is larger than that for
4 slices. Thus, the frame skipping occurs more frequently for
16 slices per frame in the 0 % method.
In Fig. 5, the slice loss ratio in the 0 % method is always 0

because the method does not output damaged frames. Besides,
the GOP patterns scarcely affect the slice loss ratio.
We can observe in Fig. 5 that the slice loss ratio of output

video becomes small as the number of slices per frame
increases. This is because the ratio of damaged slices becomes
small as the slice size decreases.
In Figs. 6 through 8, we notice that the PSNR values

become small as the threshold and the GOP length increase.
This is because the image quality degradation due to lost
slices propagates. In addition, the number of slices per frame
slightly reduces the PSNR values. As we find in Figs. 4 and
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Fig. 5. Slice loss ratio of output video (drama, video encoding bitrate 6 Mb/s)
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Fig. 6. Video PSNR (drama, video encoding bitrate 6 Mb/s)

5, the damaged MUs affect the image quality of output video
although the output MUs increase.
In addition, we see in Figs. 6 and 8 that sport has the small

PSNR values than drama. This is owing to the characteristics
of the contents.

B. QoE

We present QoE assessment results in Figs. 9 through 12.
Figures 9 and 10 are the results for drama, while Figs. 11 and
12 are for sport.
In Fig. 9, we find that for the number of Web clients 10,

we can achieve good MOS values around 5 irrespective of
the threshold values. Under the lightly loaded condition with
the smaller encoding bitrate, the number of lost packets is not
many, and then the output of damaged MUs merely affects
users perception.
We also see in Fig. 9 that the MOS value decreases as the

number of slices per frame increases when the number of Web
clients is 20. This is owing to the degradation of encoding
efficiency in many slices per frame.
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Fig. 7. Video PSNR (drama, video encoding bitrate 3 Mb/s)
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Fig. 8. Video PSNR (sport, video encoding bitrate 6 Mb/s)

In Figs. 9 and 10, we notice that the MOS value decreases
as the GOP length increases for the number of Web clients 20.
This is owing to the error propagation of predictive coding.
We also see in Fig. 10 that the MOS values in the 25 %

method and the 100 % method increase as the number of video
slices per frame increases. This is because we can restrict the
effect of the slice loss in the small region.
We find in Fig. 11 that the 25 % method has larger MOS

value than the 0% and 100% methods for the long GOP when
the number of Web clients 20. We also see the same tendency
in Fig. 12. Thus, the idea of SCS can enhance QoE in the
H.265/HEVC video transmission.

VI. CONCLUSIONS

This paper assessed the effect of video output methods
on QoE in H.265/HEVC video and audio transmission in
order to investigate the tradeoff relationships between temporal
quality and spatial quality. In the H.265/HEVC transmission,
the effect of a lost slice becomes larger than that in the
H.264/AVC because of treating high definition video; the
slice size in pixels can increase in H.265/HEVC. In addition,



0 

1 

2 

3 

4 

5 

6 
M

O
S

Drama, video bitrate 3 Mb/s  
Threshold 0 % 

Threshold 25 % 

Threshold 100 % 

20 

4 16 4 16 4 16 4 16 Number of slices
per frame

Picture pattern

Web clients

IPPPP I+14P’s IPPPP I+14P’s 

10 

Fig. 9. MOS (drama, video encoding bitrate 3 Mb/s)
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Fig. 10. MOS (drama, video encoding bitrate 6 Mb/s)

H.265/HEVC omits some error concealment techniques in
H.264/AVC. However, we found in the results that the idea
of SCS can enhance QoE in the content with large movement.
In future work, we need to investigate the appropriate

output methods for H.265/HEVC. We will also devise a
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Fig. 11. MOS (sport, video encoding bitrate 3 Mb/s)
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Fig. 12. MOS (sport, video encoding bitrate 6 Mb/s)

QoE enhancement method exploiting the functions in MMTP.
The evaluation with more diverse contents and assessors are
needed.
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