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Abstract. With EvalVid' we present a complete framework and tool-set for eval-
uation of the quality of video transmitted over a real or dated communication
network. Besides measuring QoS parameters of the undgmhgtwork, like loss
rates, delays, and jitter, we support also a subjectiveovidality evaluation of
the received video based on the frame-by-frame PSNR céilmuld he tool-set
has a modular construction, making it possible to exchaogethe network and
the codec. We present here its application for MPEG-4 as phkari&valVid is
targeted for researchers who want to evaluate their netdesigns or setups in
terms of user perceived video quality. The tool-set is miypkvailable [11].

1 Introduction

Recently noticeably more and more telecommunication systere supporting differ-
ent kinds of real-time transmission, video transmissiandpene of the most important
applications. This increasing deployment causes the tyu#lithe supported video to
become a major issue. Surprisingly enough, although andsspre number of papers
has been devoted to mechanisms supporting the QoS in diffgrees of networks,
much less has been done to support the unified, comparalelesassnt of the quality
really achieved by the individual approaches. In fact, masgarchers constrain them-
selves to prove that the mechanism under study has beeroaklduce the packet loss
rate, packet delay or packet jitter considering those nreasas sufficient to character-
ize the quality of the resulting video transmission. It ispever, well known that the
above mentioned parameters can not be easily, uniquelsftramed into a quality of
the video transmission: in fact such transformation co@dlifferent for every coding
scheme, loss concealment scheme and delay/jitter handling

Publicly available tools for video quality evaluation aftassume synchronized
frames at the sender and the receiver side, which means dnéycelculate the video
quality in the case of frame drops or frame decoding errotantples are the INDmetrix-
1Q software [4] and the AQUAVIT project [5]. Such tools aretmoeant for evaluation
of incompletely received videos. They are only applicableitleos where every frame
could be decoded at the receiver side. Other researcheupiedcwith video quality
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evaluation of transmission-distorted video, e.g., [20, #8id not make their software
publicly available. To the best knowledge of the authorselig no free tool-set avail-
able which satisfies the above mentioned requirements.

In this paper we introduce EvalVid, a framework and a todikita unified assess-
ment of the quality of video transmission. EvalVid has a madstructure, making it
possible to exchange at users discretion both the undgtisansmission system as well
as the codecs, so it is applicable to any kind of coding scham&might be used both
in real experimental set-ups and simulation experimerits.tdols are implemented in
pure 1ISO-C for maximum portability. All interactions withe network are done via
two trace files. So it is very easy to integrate EvalVid in anyinments.

The paper is structured as follows: we start with an ovenoéthe whole frame-
work in Section 2, followed by the explanation of the scopehaf supported func-
tionality in Section 3 with explanation of the major desigeciions. Afterwards the
individual tools are described in more detail (Section &eiEplary results and a short
outline of the usability and further research issues cotaflee paper.

2 Framework and Design

In Figure 1 the structure of the EvalVid framework is showheTnteractions between
the implemented tools and data flows are also symbolizededtic@h 3 it is explained
what can be calculated and Section 4 shdwesv it is done and which results can be
obtained.
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Fig. 1. Scheme of evaluation framework

Also, in Figure 1, a complete transmission of a digital vitkesymbolized from the
recording at the source over the encoding, packetizatiansinission over the network,



jitter reduction by the play-out buffer, decoding and digpfor the user. Furthermore

the points, where data are tapped from the transmission flewarked. This informa-

tion is stored in various files. These files are used to gatteedésired results, e.g., loss

rates, jitter, and video quality. A lot of information is ngiced to calculate these values.
The required data are (from the sender side):

— raw uncompressed video
— encoded video
— time-stamp and type of every packet sent

and from the receiver side:

— time-stamp and type of every packet received
— reassembled encoded video (possibly errorneous)
— raw uncompressed video to be displayed

The evaluation of these data is done on the sender side, softiimations from the
receiver have to be transported back to the sender. Of pahctincern is that the raw
uncompressed video can be very large, for instance 680 MB 3aninute PDA-screen
sized video. On the other hand it is possible to reconsthectideo to be displayed from
the information available at the sender side. The only &ftht information required
from the receiver side is the file containing the time stampavery received packet.
This is much more convenient than the transmission of thepbete (errorneous and
decoded) video files from the receiver side.

The processing of the data takes place in 3 stages. The &iga stquires the time-
stamps from both sides and the packet types. The resultsaitédge are the frame-type
based loss rates and the inter-packet times. Furthermemrtbrneous video file from
the receiver side is reconstructed using the original eedaddeo file and the packet
loss information. This video can now be decoded yieldingr#ive video frames which
would be displayed to the user. At this point a common proldérideo quality eval-
uation comes up. Video quality metrics always require thragarison of the displayed
(possibly distorted) frame with the corresponding origfiname. In the case of com-
pletely lost frames, the required synchronization can edtdpt up (see Section 4.4 for
further explanations).

The second stage of the processing provides a solutionggthblem. Based on
the loss information, frame synchronization is recovengthberting the last displayed
frame for every lost frame. This makes further quality assesnt possible. The thus
fixed raw video file and the original raw video file are used ia ldst stage to obtain
the video quality.

The boxes in Figure 1 named VS, ET, FV, PSNR and MOS are thergmgyof
which the framework actually consists (see Section 4)rautgons between the tools
and the network (which is considered a black box) are basdrhoa files. These files
contain all necessary data. The only file that must be proMidenm the user of EvalVid
is the “receiver trace file”. If the network is a real link, $hs achieved with the help
of TCP-dump (for details see Section 4, too). If the netwarlsimulated, then this
file must be produced by the receiver entity of the simulatidris is explained in the
documentation [11].



For the tools within EvalVid only these trace files, the anivideo file and the
decoder are needed. Therefore, in the context of EvalVichdterork is just a “black
box” which generates delay, loss and possible packet reéogldt can be a real link,
such as Ethernet or WLAN, or a simulation or emulation of awoek. Since the only
interaction of EvalVid and the network is represented bytiveetrace files (sender and
receiver), the network box can be easily replaced, whichasd&valVid very flexible.
Similarly, the video codec can also be easily replaced.

3 Supported Functionalities

In this section the parameters calculated by the tools ohEVare described, formal
definitions and references to deeper discussions of theematrticularly for video
quality assessment, are given.

3.1 Determination of Packet and Frame Loss

Packet lossPacket losses are usually calculated on the basis of patekstfiers. Con-
sequently the network black box has to provide unique padleefThis is not a problem
for simulations, since unique id’s can be generated faakyeln measurements, packet
id’s are often taken from IP, which provides a unique pac#teThe unique packet id
is also used to cancel the effect of reordering. In the cdrdéxideo transmission it
is not only interesting how much packets got lost, but alsecivkind of data is in the
packets. E.g., the MPEG-4 codec defines four different tgp&smmes (I, P, B, S) and
also some generic headers. For details see the MPEG-4 &igti@a Since it is very
important for video transmissions which kind of data get (or not) it is necessary
to distinguish between the different kind of packets. Eatibn of packet losses should
be done type (frame type, header) dependent. Packet losned in Equation 1. It is
expressed in percent.

packet loss PLy = 100 Lreee where: (1)

Nlyoi
T : Type of data in packet (one of all, header, I, P, B, S)
: hnumber of typél" packets sent
: number of typél” packets received

nr.

sent

nr,

recv

Frame loss A video frame (actually being a single coded image) can tsively big.
Not only in the case of variable bit rate videos, but also instant bit rate videos, since
the term constant applies to a short time average. |-frameesften considerable larger
than the target (short time average) constant bit rate ev8@BR” videos (Figure 2).

It is possible and likely that some or possibly all frameskigger than the maxi-
mum transfer unit (MTU) of the network. This is the maximuntlet size supported
by the network (e.g. Ethernet = 1500 and 802.11b WLAN = 23124)y These frames
has to be segmented into smaller packets to fit the network MTis possible seg-
menting of frames introduces a problem for the calculatidineone losses. In principle
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Fig. 2. CBR MPEG-4 video at target bit rate 200 kbps

the frame loss rate can be derived from the packet loss ratkép always means IP
packet here). But this process depends a bit of the capebitif the actual video de-
coder in use, because some decoders can process a framessraa parts are missing
and some can't. Furthermore, wether a frame can be decogetds on which of its

packet got lost. If the first packet is missing, the frame damoat never be decoded.
Thus, the capabilities of certain decoders has to be takeragtount in order to calcu-
late the frame loss rate. It is calculated separately fon &@ene type.

frameloss F Ly = 100 Lreer where: (2)

’
NTyens

T : Type of frame (one of all, header, |, P, B, S)
nr,,., : number of typel’ frames sent
nr,,., : number of typel” frames received

Determination of Delay and Jitter In video transmission systems not only the actual
loss is important for the perceived video quality, but alse delay of frames and the
variation of the delay, usually referred to as frame jiti#igital videos always consists
of frames with have to be displayed at a constant rate. Dispdaa frame before or after
the defined time results in “jerkiness” [20]. This issue idi@$sed by so called play-out
buffers. These buffers have the purpose of absorbing tiee jittroduced by network
delivery delays. It is obvious that a big enough play-ouffdsu€an compensate any
amount of jitter. In extreme case the buffer is as big as thieeevideo and displaying
starts not until the last frame is received. This would eliaté any possible jitter at the
cost of a additional delay of the entire transmission timee dther extreme would be a
buffer capable of holding exactly one frame. In this casédtter jat all can be eliminated
but no additional delay is introduced.

There have been sophisticated techniques developed fatinptl play-out buffers
dealing with this particular trade-off [17]. These techreég are not within the scope
of the described framework. The play-out buffer size is nyeeeparameter for the
evaluation process (Section 4.3). This currently resttice framework to static play-
out buffers. However, because of the integration of playbuifer strategies into the



evaluation process, the additional loss caused by playoffier over- or under-runs
can be considered.

The formal definition of jitter as used in this paper is givgrEguation 3, 4 and 5.
Itis the variance of the inter-packet or inter-frame timeeTframe time” is determined
by the time at which the last segment of a segmented frameé$ned.

inter-packet time itp, =0 3)
itp, =tp, —tp,_,
where:  tp, : time-stamp of packet number
inter-frame time itp, =0
itp, =tr,, —tr,,_,
where:  tg_ : time-stamp of last segment of frame number

N
. . 1 . N2
packetjitter jp = ; (it; — itn) (4)
N : number of packets
ity : average of inter-packet times
1 M
.. . . .7 \2
frame jitter jr = 5 z; (it; — itar) (5)
1=
where:
M : number of frames
ity @ average of inter-frame times

For statistical purposes histograms of the inter-packetirater-frame times are also
calculated by the tools of the framework (see Section 4.3).

3.2 Video Quality Evaluation

Digital video quality measurements must be based on theepexat quality of the actual
video being received by the users of the digital video sydienause the impression of
the user is what counts in the end. There are basically twmaphpes to measure digital
video quality, namely subjective quality measures andaibje quality measures. Sub-
jective quality metrics always grasp the crucial factoeg, ithpression of the user watch-
ing the video while they are extremely costly: highly timensaming, high manpower
requirements and special equipment needed. Such objectitleods are described in
detail by ITU [3, 15], ANSI [18, 19] and MPEG [9]. The human djtiaimpression
usually is given on a scale from 5 (best) to 1 (worst) as in@dhblIThis scale is called
Mean Opinion Score (MOS).



Table 1.1TU-R quality and impairment scale

|ScaldQuality [Impairment |
5 |Excellentimperceptible

Good |Perceptible, but not annoying
Fair Slightly annoying

Poor Annoying

Bad Very annoying

PN WS

Many tasks in industry and research require automated mettwoevaluate video
quality. The expensive and complex subjective tests canafot be afforded. There-
fore, objective metrics have been developed to emulate wléty impression of the
human visual system (HVS). In [20] there is an exhaustiveudision of various objec-
tive metrics and their performance compared to subjectistst

However, the most widespread method is the calculation ek gégnal to noise
ratio (PSNR) image by image. It is a derivative of the welblum signal to noise ratio
(SNR), which compares the signal energy to the error endiigg. PSNR compares
the maximum possible signal energy to the noise energy,ts shown to result in
a higher correlation with the subjective quality perceptiban the conventional SNR
[6]. Equation 6 is the definition of the PSNR between the llante component Y of
source image S and destination image D.

PSNR(n)qp = 20log;, — Vieak ©6)
col row
\/ N 2 2 Ys(n,i,§) = Yo(n, i, )]
=0 35=0
Voear, = 28 — 1

k = number of bits per pixel (luminance component)

The part under the fraction stroke is nothing but the meaarsgrror (MSE). Thus,
the formula for the PSNR can be abbreviated?’&SNR = 20log %ﬁ see [16].
Since the PSNR is calculated frame by frame it can be incaemgrwhen applied to
videos consisting of several hundred or thousand framethéunore, people are often
interested in the distortion introduced by the network ald®o they want to compare
the received (possibly distorted) video with the undigidrtvideo sent. This can be
done by comparing the PSNR of the encoded video with thevedeaiideo frame by
frame or comparing their averages and standard deviations.

Another possibility is to calculate the MOS first (see TabJea@d calculate the
percentage of frames with a MOS worse than that of the sexligtonted) video. This
method has the advantage of showing clearly the distorémsed by the network at a

2 Actually, there is always the distortion caused by the eimgpgdrocess, but this distortion also
exists in the received video



glance. In Section 4 you can see an example produced with @8 tdol of EvalVid.
Further results gained using EvalVid are shown briefly inti®ad.

Table 2. Possible PSNR to MOS conversion [14]

[PSNR [dB]MOS |
> 37 |5 (Excellent

31-37 |4 (Good)

25-31 |3 (Fair)

20 -25 |2 (Poor)
<20 |1(Bad)

4 Tools

This section introduces the tools of the EvalVid framewadscribes their purpose and
usage and shows examples of the results attained. Furthesmarces of sample video
files and codecs are given.

4.1 Files and Data Structures

At first a video source is needed. Raw (uncoded) video filesiswally stored in the
YUV format, since this is the preferred input format of mangitable video encoders.
Such files can be obtained from different sources, as wellees MPEG-4 codecs.
Sample videos can also be obtained from the author.

Once encoded video files (bit streams) exist, trace files ar@uced out of them.
These trace files contain all relevant information for thelg@f EvalVid to obtain the
results discussed in Section 3. The evaluation tools peokadtines to read an write
these trace files and use a central data structure contailihg information needed to
produce the desired results. The exact format of the traes fthe usage of the routines
and the definition of the central data structure are desgtibefly in the next section
and in detail in the documentation [11].

4.2 VS -Video Sender

For MPEG-4 video files, a parser was developed based on the@vPEdeo standard
[10]; simple profile and advanced simple profile are impletednThis makes it possi-
ble to read any MPEG-4 video file produced by a conforming dacdl he purpose of
VS is to generate a trace file from the encoded video file. @ptlg, the video file can

be transmitted via UDP (if the investigated system is a ngtwetup). The results pro-
duced by VS are two trace files containing information abeeteframe in the video

file and every packet generated for transmission (Table 3tand



Table 3. The relevant data contained in the video trace file is the dranmber, the frame type

and size and the number of segments in case of (optionalefeagmentation. The time in the
last column is only informative when transmitting the vide@r UDP, so that you can see during
transmission, if all runs as expected (The time should reftecframe rate of the video, e.g. 40
ms at 25 Hz).

Format of video trace file:

Frame Number Frame Type Frame Size Number of UDP-packetieB&ime

0 H 24 1 segm 40 ms
1 I 9379 10 segm 80 ms
2 P 2549 3 segm 120 ms
3 B 550 1 segm 160 ms

Table 4. The relevant data contained in the sender trace file is the $bamp, the packet id and
the packet size. This file is generated separately becacae lie obtained by other tools as well
(e.g. TCP-dump, see documentation).

Format of sender trace file:

time stamp [s] packet id payload size
1029710404.014760 id 48946 udp 24
1029710404.048304 id 48947 udp 1024
1029710404.048376 id 48948 udp 1024

These two trace files together represent a complete videsrtriasion (at the sender
side) and contain all informations needed for further ex@éduns by EvalVid. With VS
you can generate these coupled trace files for differentovfiles and with different
packet sizes, which can then be fed into the network black@ax simulation). This is
done with the help of the input routines and data structuregigeed by EvalVid, which
are described in the documentation. The network then caiedag and possibly loss
and re-ordering of packets. At the receiver side anotheetrthe receiver trace file is
generated, either with the help of the output routines of\@daor, in the case of a real
transmission, simply by TCP-dump (4.7), which produceserfies compatible with
Evalvid.

It is worth noting that although the IP-layer will segment BPackets exceeding
the MTU of underlying layers and will try to reassemble theinth@ receiving side it
is much better to do the segmenting self. If one segment 8@niient) is missing, the
whole packet (UDP) is considered lost. Since it is preferablget the rest of the seg-
ments of the packet | would strongly recommend using theoptiMTU segmentation
function of VS, if possible.



4.3 ET - Evaluate Traces

The heart of the evaluation framework is a program called &Bl(ate traces). Here
the actual calculation of packet and frame losses and dittlrytakes place. For the
calculation of these data only the three trace files are redusince there is all nec-
essary information included (see Section 4.2) to perforerdls and jitter calculation,
even frame/packet type based. The calculation of loss i® ep#sy, considering the
availability of unique packet id’s. With the help of the valzace file, every packet gets
assigned a type. Every packet of this type not included irr¢eiver trace is counted
lost. The type based loss rates are calculated accordinguati®n 1. Frame losses
are calculated by looking for any frame, if one of it's segtsgpackets) got lost and
which one. If the first segment of the frame is among the logtremts, the frame is
counted lost. This is because the video decoder cannot dectsdme, which first part
is missing. The type-based frame loss is calculated aaugtdiEquation 2.
This is a sample output of ET for losses (a video transmissfof198 frames in

8301 packets).

PACKET LGOSS FRAVE LCSS
H: 1 0 0. 0% H: 1 0 0. 0%
I 2825 3 0.1% I 375 3 0. 8%
P: 2210 45 2. 0% P: 1125 45 4. 0%
B: 3266 166 5.1% B: 2998 166 5.5%
ALL: 8302 214 2.6% ALL: 4499 214 4. 8%

The calculation of inter-packet times is done using Eque8@and 4). Yet, in the
case of packet losses, these formulas can’t be appliedmufftihis is because in the
case of packet losses no time-stamp is available in theverceace file for the lost
packets. This raises the question how the inter-packetisroalculated, if at least one
of two consecutive packets is lost? One possibility woulddeet the inter-packet
time in the case of the lost packet to an “error” value, e.gf, then a packet is actually
received, one could search backwards, until a valid valfeiisd. The inter-packet time
in this case would b&, —t;45¢_received_packet- 1hiS has the disadvantage of not getting a
value for every packet and inter-packet times could groveasonable big. That's why
the approach used by ET is slightly different. If at least (ofeéhe two actually used in
every calculation) packets is missing, there will be notagated an invalid value, but
rather a value will be “guessed”. This is done by calculairgupposable arrival time
of a lost packet. We will show how this is done later in thisteetg and in particular
using Equation 7. This practically means that for lost p&ckee expectancy value of
the sender inter-packet time is used. If relatively few gaskget lost, this method does
not have a significant impact on the jitter statistics. Ondtieer hand, if there are very
high loss rates, we recommend another possibility: to ¢aewnly pairwise received
packets and count lost packets seperately.

arrival time (lost packet) tg, = tg,_, + (ts, —ts._,) (7)
where:  tg, : time-stamp obentpacket numben
tgr, : time-stamp ofnot) receivedpacket numben



Now, having a valid time-stamp for every packet, inter-pcland based on this,
inter-frame) delay can be calculated according to Equatidfigure 3 shows an exam-
ple of the inter-frame times calculated by ET.
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Fig. 3. Example inter-packet times (same video transmission atfoséoss calculation)

ET can also take into account the possibility of the existasfcertain time bounds.
If there is a play-out buffer implemented at the receivintyoek entity, this buffer will
run empty, if no frame arrives for a certain time, the maximulay-out buffer “size”.
Objective video quality metrics like PSNR cannot take dedayjitter into account.
However, an empty (or full) play-out buffer effectively s loss (no frame there to be
displayed). The maximum play-out buffer size can be useddavert” delay into loss.
With ET you can do this by providing the maximum play-out leufize as a parameter.
The matching of delay to loss is then done as follows:

MAX = maxi mum pl ay-out buffer size

new arrival _time(0) := orig_arrival _time(0);
FOREACH franme m
IF (mis lost)
->new arrival _time(n) := new arrival _tinme(m1l) + MAX
ELSE
IF (inter-frame_time(m > MAX)
-> franme is marked | ost
-> new_arrival _time(m new_ arrival _time(m1l)
MAX

ELSE
->new_arrival _time(m := new_ arrival _tinme(m1l)
+ (orig_arrival _tine(m
- orig_arrival _tm(m1));
END | F
END | F

END FOREACH

Another task ET performs, is the generation of a corrupted (f losses) video file.
This corrupted file is needed later to perform the end-toveédelo quality assessment.



Thus another file is needed as input for ET, namely the origineoded video file. In
principle the generation of the corrupted video is done hyyotg the original video
packet by packet where lost packets are omitted. One haytatfmntion to the actual
error handling capabilities of the video decoder in uses fiassible, that the decoder
expects special markings in the case of missing data, pariad code words or simply
an empty (filled with zeros) buffer instead of a missing packeu must check the
documentation of the video codec you want to use.

4.4 FV - Fix Video

Digital video quality assessment is performed frame by &airhat means that you
need exactly as many frames at the receiver side as at therssdd. This raises the
guestion how lost frames should be treated if the decodes doegenerate “empty”
frames for lost framed. The FV tool is only needed if the codec used cannot provide
lost frames. How lost frames are handled by FV is describddter in this section.
Some explanations of video formats may be required. You kgmteese parts if you
are already familiar with this.

Raw video formats Digital video is a sequence of images. No matter how this se-
quence is encoded, if only by exploiting spatial redunddtikg Motion-JPEG, which
actually is a sequence of JPEG-encoded images) or by alsqgtadtvantage of tempo-
ral redundancy (as MPEG or H.263), in the end every videocgdaerates a sequence
of raw images (pixel by pixel) which can then be displayedrrivally such a raw im-
ages is just a two-dimensional array of pixels. Each pixghien by three color values,
one for the red, for the green and for the blue component afoltsr. In video coding
however pixels are not given by the three ground colors, ailter as a combination
of one luminance and two chrominance values. Both reprasens can be converted
back and forth (Equation 8) and are therefore exactly etpriva

It has been shown that the human eye is much more sensitiventimdnce than
to chrominance components of a picture. That's why in videdirng the luminance
component is calculated for every pixel, but the two chranire components are often
averaged over four pixels. This halves the amount of datesinitted for every pixel
in comparison to the RGB scheme. There are other posshili this so called YUV
coding, for details see [10].

Y =0.299R + 0.587G + 0.114B (8)
U=0.565(B-Y)
V =0713(R-Y)

3 This is a Quality of Implementation issue of the video decoBecause of the time stamps

available in the MPEG stream, a decoder could figure out ifammore frames are missing
between two received frames.



R=Y +1.403V
G =Y —0.344U — 0.714V
B =Y +1.770U

The decoding process of most video decoders results in @&oiles in the YUV
format. The MPEG-4 decoder which | mostly use writes YUV fileghe 4:2:0 format.

Decode and display orderThe MPEG standard basically defines three types of frames,
namely I, P and B frames. | frames contain an entire imagechvban be decoded
independently, only spatial redundancy is exploited. infea areintra coded frames. P
frames are predicted frames; they contain intra coded partsell as motion vectors
which are calculated in dependence on previous (Il or P) fsamé&ame coding exploits
both spatial and temporal redundancy. These frames canbentpmpletely decoded
if the previous | or P frame is available. B frames are codadusively in dependence
on previous and successive (I or P) frames. B frames onlyé&tpmporal redundancy.
They can be decoded completely only if the previous and ssoez| or P frame is
available. That's why MPEG reorders the frames before miggion, so that any frame
received can be decoded immediately, see Table 5.

Table 5. MPEG decode and display frame ordering

Display ordefFrame typeéDecode order
1 | 2

2 B

3 B 1

4 P 5

5 B 6

6 B 4

Because of this reordering issue, a coded frame does netspand to the decoded
(YUV) frame with the same number. FV fixes this issue, by miaigldisplay (YUV)
frames to transmission (coded) frames according to Tabldh&re are more possible
coding schemes than the one shown in this table (e.g. scheitinerit B frames, with
only one B frame in between or with more than two B frames betwisvo | (or P)
frames), but the principle of reordering is always the same.

Handling of missing frames Another issue fixed by FV is the possible mismatch of
the number of decoded to the original number of frames cabigéasses. A mismatch
would make quality assessment impossible. A decent decatedecode every frame,
which was partly received. Some decoders refuse to decaotiegidrames or to decode
B frames, where one of the frames misses from which it waselériKknowing the
handling of missing or corrupted frames by the decoder in Egecan be tuned to fix



the handling weaknesses of the decoder. The fixing alwaysistsrof inserting missing
frames. There are two possibilities of doing so. The firgt ingert an “empty” frame for
every not decoded frame (for whatever reason). An emptydrisna frame containing
no information. An empty frame will cause certain decodedisplay to display a black
(or white) picture. This is not a clever approach, becausbetisually low differences
between two consecutive video frames. So FV uses the seamsibpity, which is the
insertion of the last decoded frame instead of an empty fiaroase of a decoder frame
loss. This handling has the further advantage of matchiadpéhaviour of a real world
video player.

4.5 PSNR - Quality assessment

The PSNR is the base of the quality metric used in the framleteaassess the resulting
video quality. Considering the preparations from prelianincomponents of the frame-
work, the calculation of the PSNR itself is now a simple psscgescribed by Equation
6. It must be noted, however, that PSNR cannot be calculated images are binary
equivalent. This is because of the fact that the mean squanei®zero in this case and
thus, the PSNR couldn’t be calculated according to Equdiddsually this is solved

by calculating the PSNR between the original raw video filtoteethe encoding pro-

cess and the received video. This assures that there wilagsia difference between
to raw images, since all modern video codecs are lossy.

PSNRtime series
50 low losses

PSNR [dB]

aaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaa

PSNRtime series
50 very high losses

PSNR [dB]

aaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaaa

Fig. 4. Example of PSNR (same video transmitted with few and witln higses)

Almost all authors, who use PSNR, only use the luminance oot of the video
(see Section 4.4). This is not surprising considering ttevesmce of the Y component
for the HVS (Section 3.2). Figure 4 exemplifies two PSNR tireges. Other metrics



than PSNR can be used, in this case the desired video qussitgsment software , e.g.,
[20], [2] or [4] must replace the PSNR/MOS modules.

4.6 MOS calculation

Since the PSNR time series’ are not very concise an additinetic is provided. The
PSNR of every single frame is mapped to the MOS scale in Talale described in
section 3.2. Now there are only five grades left and every drafna certain grade
is counted. This can be easily compared with the fractionratigd frames from the
original video as pictured in Figure 5. The rightmost bamptiigs the quality of the
original video as a reference, “few losses” means an avepagket loss rate of 5%,
and the leftmost bar shows the video quality of a transmissith a packet loss rate of
25%. Figure 5 pictures the same video transmissions asd~ur
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90% 1"~

MOS
scale

80%~
70%" |
60%+"
50%+"

--| |O5 excellent
b4 good

@3 fair

m2 poor

Bl bad

40%1"
30%+~

20%+"
10%1~

0% -

high losses few losses lossless

Fig. 5. Example of MOS graded video (same video transmissions agimd-4)

The impact of the network is immediately visible and the perfance of the net-
work system can be expressed in terms of user perceivedyylatjure 5 shows how
near the quality of a certain video transmission comes tortiieimal achievable video
quality.

4.7 Required 3rd party tools

The programs described above are available as ISO-C soodesot pre-compiled bi-
naries for Linux-i386 and Windows. To perform ones own vidg@lity evaluations,
you still need some software from other sources. Their natgon into the EvalVid

framework is described in the documentation. If you wantval@ate video transmis-
sion systems using a Unix system or Windows, then you needd@fp or win-dump,

respectively. You can get them it from:



— http://ww. tcpdunp. org
—http://w ndunp.polito.it

You also need raw video files (lossless coded videos) andemddcoder and decoder,
capable of decoding corrupted video steams. There are MPEgalecs available from:

— MPEG-4 Industry Forumht t p: / / www. n4i . or g/ r esour ces. php)
— MPEG (tt p: // npeg. ni st. gov/)

5 Exemplary Results

This tool-set has been used to evaluate video quality faowarsimulations [1, 12]
and measurements [7]. It proved usable and quite stablenflrey results are shown
here and described briefly. Figure 6 shows the result of theoviguality assessment
with EvalVid for a simulation of MPEG-4 video transmissioveo a wireless link using
different scheduling policies and dropping deadlines. pic&ure shows the percentage
of frames with the five MOS ratings, the rightmost bar showesMOS rating of the
original (without network loss) video. It can be clearly se¢bat the blind scheduling
policy does not work very well and that the video quality fbettwo other policies
increases towards the reference with increasing deadlines
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i Deadline Deadline Dro
Blind P (no loss)
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% |1 H ][] H ][]
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> -
O - Bad
£ 40% u
o
w

30% — ]

20% -
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10 20 30 40 50 10 20 30 40 50
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Fig. 6. Example of video quality evaluation (MOS scale) with EvalVi

Similarly, Figure 7 shows the enhancement of user satisfawiith increasing drop-
ping deadlines and better scheduling schemes in a simoulatian OFDM system. The
“user satisfaction” was calculated based on the MOS reghttsined with EvalVid. The



bars in this figure show the number of users that could be stggbwith a certain mean
MOS.
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Fig. 7. Example of video quality evaluation (number of satisfiedslpeith EvalVid

6 Conclusion and Topics to further Research

The EvalVid framework can be used to evaluate the performafoetwork setups or
simulations thereof regarding user perceived applicatiglity. Furthermore the calcu-
lation of delay, jitter and loss is implemented. The todleerently supports MPEG-4
video streaming applications but it can be easily extendedltiress other video codecs
or even other applications like audio streaming. Certainkguof common video de-
coders (omitting lost frames), which make it impossibledtcalate the resulting qual-
ity, are resolved. A PSNR-based quality metric is introdladich is more convenient
especially for longer video sequences than the traditipneled average PSNR. The
tool-set has been implemented in ISO-C for maximum poiitslgind is designed mod-
ularly in order to be easily extensible with other applioat and performance metrics.
It was successfully tested with Windows, Linux and Mac OS X.

The tools of the EvalVid framework are continuously extehde support other
video codecs as H.263, H.26L and H.264 and to address aualittodec functionalities
like fine grained scalability (FGS) [13] and intra frame naeslyronisation. Furthermore
the support of dynamic play-out buffer strategies is subjgduture developments.
Also it is planned to add support of other applications, eoice over IP (VolP) [8] and
synchronised audio-video streaming. And last but not ledstr metrics than PSNR-
based will be integrated into the EvalVid framework.
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