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Abstract and Keywords 
 
This study focuses on extremely high-bandwidth transmissions of MPEG-2 

compressed video and uncompressed SDI video sequences over IP and ATM 
networks. For this investigation, video clips are produced with four different types of 
hardware codecs and with varying encoding algorithms as well as mechanisms of 
Forward Error Correction (FEC). The video sequences are subjected to loss ratios and 
jitter impairments and the resulting video quality is subjectively evaluated. Objective 
measurements are also conducted to analyze possible error tolerance behaviors or user 
preferences. Based on the objective measurements a method valid for both MPEG-2 
and SDI sequences is established that allows the prediction of user quality perceptions 
based on the mean number of frames between errors. 

The subjective evaluations of the network impaired video sequences are based on 
Mean Opinion Scores (MOS); the results of the subjective evaluations are 
summarized in a Quality of Service (QoS) classification model with three dimensions 
to represent the network QoS parameters delay, jitter and loss. In the model each 
parameter is described in terms of compression factors and transmission costs; the 
model also provides translation tables that map network QoS parameters to ranges of 
user Quality of Presentation (QoP) categories. 

 
Keywords: MPEG-2, uncompressed SDI video, network impairments, delay, 

jitter, loss, network measurements, QoS classification, QoP, subjective and objective 
evaluations, IP, ATM. 

 
 

Abstrakt 
 
Die vorliegende Untersuchung beschäftigt sich mit MPEG-2 komprimierten und 

unkomprimierten SDI Video Übertragungen über IP und ATM Netzwerke mit extrem 
hohen Bandbreitenanforderungen. Für diese Untersuchung werden Videosequenzen 
mit verschiedenen Hardware Codecs produziert; dabei werden unterschiedliche 
Kodierungsalgorithmen und Mechanismen zur Fehlerkorrektur verwendet. Die 
Videosequenzen werden Verlustraten und Jitterstörungen ausgesetzt und die 
resultierende Videoqualität wird anschliessend subjektiv beurteilt. Zusätzlich werden 
objektive Untersuchungen durchgeführt um ein mögliches Fehlertoleranzverhalten 
oder Fehlerpräferenzen auf Seiten der Nutzer zu analysieren. Die objektiven 
Bewertungen werden auch dazu verwendet eine objektive Methode darzustellen, die 
es ermöglicht, sowohl für MPEG-2 komprimierte als auch für unkomprimierte SDI 
Sequenzen aufgrund der mittleren Anzahl von Frames zwischen Fehlern die 
Qualitätswahrnehmung des Endnutzers vorherzusagen. 

Die subjektiven Bewertungen der netzgestörten Videosequenzen basieren auf 
Mean Opinion Scores (MOS); die Resultate der subjektiven Bewertungen führen zu 
einem Quality of Service (QoS) Klassifikationsmodel mit drei Dimensionen, die die 
Netzwerk QoS Parameter Latenz, Variation der Latenz und Verlustraten repräsen-
tieren. Jeder dieser Parameter ist im Model hinsichtlich Komprimierungsfaktoren und 
Übertragungskosten dargestellt; das Model bietet auch Übersetzungstabellen, die die 
Netzwerk QoS Parameter in Bereiche von Benutzer Quality of Presentation (QoP) 
Kategorien abbilden.  
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Network QoS and Quality Perception of Compressed and 
Uncompressed High-Resolution Video Transmissions 

 

Introduction 
 
Low prices for high-performance personal computers and fiber networks with 

increasing amounts of bandwidths have created the opportunity for new multimedia 
applications. Audio and video streams, telephony and multiplayer real-time computer 
games, for example, have become dominant forms of network communication. In 
addition to these new applications, traditional text-based applications such as 
electronic mail have now been enhanced to include audio and video streams as well. 
This new mix of data streams leads to changing network traffic flows and new Quality 
of Service (QoS) demands that require further investigation.  

During its transmission across a network, a continuous media stream is handled 
in discrete events, such as sending or displaying a new video frame, or receiving 
update packets [CLA-1998a]. The quality of the multimedia application is directly 
affected by how well these events adhere to the strict timing constraints of continuous 
media, since such applications are delay-sensitive and require the successive playout 
of their data units according to real-time deadlines [GEM-1992]. Therefore, the three 
most important QoS parameters for multimedia data are delay, variation of delay and 
data loss. Delay measures the time it takes to transport the data from sender to 
receiver. When interactive computer games are played in real-time across a network, 
for instance, extensive latencies may halt a game for a period of time until all the 
inputs of the players have been received and new action based on this information can 
be processed. A game may even become unplayable, if game controls such as 
joysticks in a flight simulator cannot be controlled without perceptible delays [LAP-
2001]. Jitter, or variations in delay, may also affect the quality of continuous media 
tremendously: If each video frame does not arrive in time at its destination, the video 
will suffer from gaps in the playout stream and movements will become visibly jerky 
and irregular. Frames that arrive too late to be used for a smooth playout are of no use 
to the receiver and must be discarded with the same detrimental effect on the 
application as if the data had been lost [KAR-1996a]. Data losses may have a severe 
impact on the decompression algorithm and may make it impossible for the receiver 
to regain the sender’s original multimedia stream. As a consequence, blocks of pixels 
or even a number of whole picture frames may be lost, making the quality of the 
application insufficient. 

Asynchronous Transfer Mode (ATM) networks were developed to provide QoS 
to multimedia applications by guaranteeing bounds on delay, delay variation and loss. 
With ATM technology, real-time traffic flows can be scheduled in isolation from 
other flows competing for the same resources, ensuring that an application receives 
the required level of service [TRY-1996]. As access to ATM networks may not 
always be readily available, many continuous media applications are transported over 
the Internet, although the Internet was not designed to meet the real-time deadlines of 
multimedia data. Traffic is carried over Internet Protocol (IP) networks reliably and 
with “best effort”, but without any QoS guarantees. Most routers are not set up to 
handle multimedia traffic efficiently and are not able to prioritize time-critical data 
streams. As a consequence, periods of congestion have an adverse effect on the 
transport of multimedia data. It is therefore of great interest to study network behavior 
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and the impact of network performance on the quality of such multimedia 
applications.  

Several studies already focused on some QoS parameters for low-bandwidth data 
traffic over ATM and IP networks. Yurcik et al. [YUR-1995], Banerjee et al. [BAN-
1997a] and Siripongwutikorn et al. [SIR-2002] studied Continuous Bit Rate (CBR) 
traffic in general, without taking multimedia traffic characteristics into account. 
Yurcik et al. investigated jitter of CBR streams over a 3-node ATM network. Using 
simulation, the authors showed that allocating network resources based on jitter 
observations of a network edge node may lead to over allocation of resources during 
periods of heavy loads and under allocation at light loads. Banerjee et al. measured 
delay and jitter of CBR traffic over ATM networks and focused on its changing 
characteristics in connection with background traffic. The authors observed an 
increase of the standard deviation of jitter with growing background loads and were 
able to characterize the changes in the CBR stream as a function of the stream’s bit 
rate and the number of hops it traversed. Siripongwutikorn et al. focused on the delay 
of simulated Poisson traffic over IP. In a Differentiated Services (DIFF-SERV) 
environment, the authors investigated the performance of individual flows in a service 
class. It was found that the delay of a flow could differ largely from the overall delay 
statistics of its corresponding class. Flow burstiness, queueing discipline and traffic 
loads were identified as the major causes of this discrepancy.  

Other studies took some of the special properties and QoS requirements of 
multimedia data into account. Most of the investigations were based on MPEG-2 
compression [NAS-1996, ZAM-1997a, NAS-1998, VER-1998a, CAI-1999, MOR-
1999, ADA-1998, ADA-2001, RAT-2003], since it is currently the most widespread 
encoding algorithm for high-resolution video. The most popular applications of 
MPEG-2 include broadcasting and communication services for cable television 
(CATV) [ADA-1998] and satellite networks [CEL-2000, CEL-2002]. A few 
publications also considered QoS parameters in connection with other types of 
compression formats, such as Cellb compression [MOL-1996], JPEG compression 
[CRO-1995], G.729 encoding [JIA-2000], H.261 format [DAL-1996] or MPEG-1 
compression [Dal-1996, CLA-1998b, CLA-1999a, HAN-1999, ASH-2001]. 

Properties of multimedia traffic over ATM networks were investigated mostly for 
CBR streams [CRO-1995, NAS-1996, MOR-1999, ADA-1998, ADA-2001]; some 
authors also took Variable Bit Rate (VBR) traffic into account [MOL-1996, ZAM-
1996b, NAS-1998]. Multimedia applications over IP networks were the research 
focus of [DAL-1996, NAS-1998, CAI-1999, CLA-1998b, CLA-1999a, CLA-1999b, 
HAN-1999, JIA-2000, ASH-2001].  

[DAL-1996, ZAM-1997a, VER-1998a, CLA-1998b, CLA-1999a, CLA-1999b, 
HAN-1999, CAI-1999] belong to the most interesting group of research publications 
in the area of multimedia transmissions, where not only QoS parameters were 
analyzed, but their impact on the user-perceived quality was also investigated. Cai et 
al. [CAI-1999] focused on the impact of packet network error and loss on CBR and 
VBR MPEG-2 traffic streams over IP. A real IP testbed network was used and the 
error-affected video quality was evaluated objectively. The authors developed a 
quantitative mapping between MPEG-2 video quality and IP packet loss and 
determined slice loss to be the dominant factor in video degradation for MPEG data 
transmitted in IP packets.  

Dalgic et al. [DAL-1996] examined the impairments caused by loss or excessive 
delay of MPEG-1 and H.261 encoded VBR and CBR video over ATM and IP 
networks. Network performance was evaluated using impairment rate, average spatial 
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extent and duration. The authors introduced the notion of “glitches” to characterize 
network performance and resulting picture quality. In their study a glitch represented 
the impact of a loss on the video sequence. Dalgic et al. found that the glitch rate was 
mainly affected by the network type, video content, encoding scheme and end-to-end 
delay. 

Claypool et al. [CLA-1998b, CLA-1999a] focused on jitter behavior of MPEG-1 
streams over IP networks. The work investigated how effectively high-performance 
processors, real-time priorities and high-speed networks could reduce jitter under 
conditions of heavy processor and network loads. The authors did not consider real-
time priorities implemented on network routers, but instead concentrated on real-time 
priorities implemented only at sender and receiver. All three jitter reduction 
techniques were found to reduce jitter significantly with real-time priorities having the 
strongest impact on improving quality.  

In [CLA-1999b] Claypool and Tanner studied the impact of jitter and packet loss 
on the user-perceived quality of MPEG-1 video. Based on subjective evaluations, the 
authors concluded that jitter degraded video quality almost as much as packet losses 
and that even small amounts of jitter or losses already led to severe quality 
degradation. The impact of delay on the perceptual quality of video was not addressed 
in this investigation. 

Hands et al. [Han-1999] used subjective tests to identify packet burst size as a 
dominant factor of user-perceived QoS and acceptability for small bandwidth MPEG-
1 encoding. Larger bursts of packet losses that occurred less frequently were given 
higher quality ratings by users than more frequent smaller-sized bursts. The authors 
suggested that video quality perception could be enhanced during periods of network 
congestion with numerous packet losses, if the network could be designed to lose 
larger amounts of packets simultaneously, but less frequently. Ashmawi et al. [ASH-
2001] investigated MPEG-1 transport streams using policing mechanisms and rate 
guarantees of Expedited Forwarding (EF) service of the DIFF-SERV architecture. 
The authors conducted measurements over a local testbed and a QoS enhanced 
segment of the Internet2 [INT-2003a] infrastructure. Losses occurred whenever the 
policing mechanism dropped non-conformant packets and the resulting video quality 
was assessed objectively. The findings demonstrated that frame loss itself could not 
be considered an accurate measure of video quality, but that the relationship between 
video quality and frame loss also depended on other parameters such as characteristics 
of video servers and the encoding algorithm used.  

For video transmissions over ATM networks, QoS parameters and their impact 
on quality perception were studied only by Zamora et al. [ZAM-1997a] and 
Verscheure et al. [VER-1998a]. Verscheure et al. focused on the impact of the cell 
loss ratio (CLR) on user-oriented perception of CBR MPEG-2 video transmitted over 
ATM. The study showed that the user-perceived video quality varied with both the 
encoding bit rate and the network cell loss ratio, and that there was an optimal 
encoding bit rate that maximized video quality in the presence of cell losses.  

Zamora et al. studied extreme conditions of jitter, loss and errors on the objective 
and subjective QoS for Video-on-Demand (VoD) servers and clients over ATM. Both 
VBR and CBR streams were investigated in various traffic scenarios reflecting long 
distance transmissions. VBR traffic proved to be more sensitive to cell delay 
variations, but turned out to be more robust to Protocol Data Unit (PDU) losses. Low 
or medium network utilization was shown to have only an insignificant impact on the 
user-perceived quality; high network utilization, however, led to a fast deterioration of 
video quality. 
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All publications concentrated on video transmissions based on compression 
algorithms, since until recently, most networks simply would not have been able to 
handle the large bandwidth requirements of uncompressed video streams. As 
networks are offering more and more bandwidth, uncompressed video transmissions 
are starting to become an option. This thesis focuses on such uncompressed video 
transmissions, where Serial Digital Interface (SDI) video signals are mapped onto 
ATM cells or into IP packets using adaptation hardware. The resulting data streams 
with CBR properties require bit rates of 300 Mbps or more and as such have strong 
impacts on network performance that need to be investigated.  

Compared to MPEG compression, network impairments also have a different 
effect on uncompressed multimedia traffic: MPEG compression algorithms produce 
video data streams that follow periodic patterns and each video frame is encoded with 
either intra-frame coding (I-frames), or with variations of motion compensation in 
reference to such I-frames (B and P frames). The frame types have different statistical 
properties and are arranged in periodic sequences called Groups of Pictures (GOPs). 
I-frames typically require more bits than B- and P-frames, and extensive delay, jitter 
or loss of an I-frame will have a more detrimental effect on the resulting picture 
quality than the loss of a B- or P-frame. In uncompressed video transmissions, the 
data of each frame is transmitted fully and without cross-references to other frames, 
producing a video stream that is a lot more robust to loss ratios as far as user-
perceived quality is concerned. The SDI to ATM or SDI to IP adaptation process can 
also be performed much faster than calculating complex compression algorithms, and 
as such reduces one-way-delays. This reduction of compression latency is critical for 
interactive communication and relaxes delay requirements posed onto network 
transmissions. The investigation of QoS parameters for uncompressed video 
transmissions and their impact on quality perception in comparison to high-quality 
MPEG-2 encoding is therefore of great interest and is the focus of this work. 

 
In this investigation, the previous work for low-bandwidth compressed video is 

extended to high-bandwidth video transmissions ranging from 15 Mbps and 40 Mbps 
encoded MPEG-2 sequences to completely uncompressed SDI video transmissions 
with Forward Error Correction (FEC) mechanisms and bandwidth demands between 
300 and 600 Mbps. For both MPEG-2 and uncompressed SDI video signals, 
transmissions over IP and ATM are investigated under the influence of typical 
network impairments such as jitter and loss. Compression and adaptation delays are 
also studied in connection with interactive communication requirements. 

As part of this investigation, video clips are produced with four different types of 
hardware codecs for both IP and ATM transmissions. In laboratory testbeds, these 
video sequences are then subjected to jitter and loss impairments and are rated 
subjectively by a group of test viewers. The subjective evaluations provide perceptual 
video Quality of Presentation (QoP) guarantees based on Mean Opinion Scores 
(MOS). In additional objective evaluations certain typical error characteristics and the 
impact of error frequency are also investigated in this work for both MPEG-2 and 
uncompressed SDI sequences.  

The findings of the subjective evaluations are summarized in a QoS classification 
model that is valid for both MPEG-2 video and uncompressed SDI transmissions over 
IP and ATM networks. The model provides three dimensions for the QoS parameters 
delay, jitter and loss and relates the parameters to video compression factors and 
ultimate transmission costs. The model also supplies translation tables where ranges 
of network QoS parameters are mapped to user QoP categories. 
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In an overview, the major contributions of this study are: 
 

• Investigation and measurements of QoS parameters delay, jitter and loss 
ratios in laboratory testbeds and over real IP- and ATM-based networks 

• measurements of compression and adaptation delays of MPEG-2 encoded 
video and uncompressed SDI adaptations to IP and ATM networks for 
various encoding and FEC algorithms 

• subjective evaluation based on Mean Opinion Scores of high-bandwidth 
MPEG-2 compressed and uncompressed SDI video sequences produced 
with four different types of hardware codecs 

• introduction of loss ratios and jitter impairments to compressed and 
uncompressed video sequences to simulate network impairments for 
extremely bandwidth-intensive transmissions over IP and ATM networks 

• objective evaluations of encountered error patterns of compressed and 
uncompressed video sequences to establish error tolerance behaviors or 
user preferences  

• development of an objective method to predict user MOS categories valid 
for both compressed MPEG-2 and uncompressed SDI video sequences 

• development of a Quality of Service classification model that applies to 
both MPEG-2 and SDI video transmissions over IP and ATM networks 
and describes the network QoS parameters delay, jitter and loss in relation 
to transmission costs and expected user quality perceptions. 

 
The remainder of this work is divided into two major parts: Part I describes 

various Quality of Service mechanisms for video transmissions; Part II concentrates 
on QoS measurements and user perception of video quality.  

Part I starts out with an introduction to video signals in Chapter 1, which is then 
followed by an overview of available QoS mechanisms for each layer of the ISO/OSI 
reference model in Chapter 2. Part I concludes with Chapter 3 where a short outline of 
end-to-end QoS architectures is provided.  

Actual QoS measurements over IP and ATM networks are the focus of Part II. 
Chapter 4 presents measurements over the German Research Network (G-WiN) and 
the ATM-based Gigabit Testbed South (GTB). Chapter 5 investigates subjective and 
objective evaluation and measurement techniques, human perception of video quality 
and the manifestation of video artifacts. Chapter 6 presents the QoS measurements 
and the subjective evaluations of both MPEG-2 compressed and uncompressed video 
sequences produced in a laboratory network environment; Chapter 6 also provides the 
objective investigation of error characteristics and frequency. Chapter 7 summarizes 
the findings of the subjective evaluations of Chapter 6 into a QoS classification 
model. A discussion of the results is presented in Chapter 8. 
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Netzwerk Dienstqualität (QoS) und Qualitätswahrnehmung bei 
komprimierten und unkomprimierten hochauflösenden 

Videoübertragungen 
 

Einführung 
 

Niedrige Preise für hochleistungsfähige Heimcomputer und Glasfasernetze mit 
immer größeren Mengen an Bandbreiten haben eine Gelegenheit für neue 
Multimediaanwendungen geschaffen. Audio und Videoströme, Telephonie und 
Mehrbenutzer Computerspiele in Echtzeit sind beispielsweise dominierende Formen 
der Netzwerkkommunikation geworden. Über diese neuen Applikationen hinaus sind 
auch traditionelle textbasierte Anwendungen wie elektronische Mail mittlerweile 
verbessert worden und können auch Audio und Video enthalten. Diese neue 
Mischung von Datenströmen führt zu verändertem Netzverkehr und neuen 
Anforderungen an Dienstqualität (QoS), die weiter untersucht werden müssen. 

Ein kontinuierlicher medialer Datenstrom wird während seiner Netzübertragung 
in diskreten Ereignissen abgefertigt, wie z.B. das Senden oder Darstellen eines neuen 
Videobildes, oder das Empfangen von Update Paketen [CLA-1998a]. Die Qualität der 
multimedialen Anwendung steht in direktem Zusammenhang damit, wie gut sich 
diese Ereignisse an die strengen Zeitvorgaben von kontinuierlichen Medien halten, da 
solche Applikationen sehr empfindlich auf Verzögerungen reagieren und das 
sukzessive Ausspielen ihrer Daten gemäß den Echtzeitanforderungen verlangen 
[GEM-1992]. Dadurch sind die drei wichtigsten Dienstqualitätsparameter für 
multimediale Daten die Latenz, die Variation der Latenz und der Verlust von Daten. 
Die Latenz beschreibt die Zeit, die notwendig ist, um die Daten vom Sender zum 
Empfänger zu transportieren. Wenn z.B. interaktive Computerspiele in Echtzeit über 
ein Datennetz gespielt werden, führen ausgedehnte Verzögerungen dazu, dass das 
Spiel für eine bestimmte Zeit angehalten werden muß, bis die Eingaben aller Spieler 
empfangen worden sind und neue Aktionen, die auf diesen Informationen basieren, 
ausgeführt werden können. Ein Spiel kann sogar unspielbar werden, wenn 
Spielkontrollen wie Joysticks in einem Flugsimulator nicht mehr ohne wahrnehmbare 
Verzögerungen eingesetzt werden können [LAP-2001]. Jitter, oder die Variation der 
Latenz kann auch entscheidend die Qualität von kontinuierlichen Medien 
beeinflussen: Wenn nicht jedes Videobild rechtzeitig beim Empfänger ankommt, dann 
leidet das Video unter Lücken beim Ausspielen des Stroms und Bewegungen werden 
sichtbar ruckartig und unregelmäßig. Bilder, die zu spät ankommen um noch in einem 
stetigen Abspielen des Videos verwendet werden zu können, sind für den Empfänger 
nutzlos und müssen verworfen werden und haben daher den gleichen störenden Effekt 
bei der Anwendung, wie Daten, die verloren gegangen sind [KAR-1996a]. Der 
Verlust von Daten kann sich sehr störend auf den Dekodierungsalgorithmus 
auswirken und kann dazu führen, dass es für den Empfänger unmöglich wird, die 
ursprünglichen multimedialen Daten des Senders wiederherzustellen. In der Folge 
kann es dazu kommen, daß Pixelblöcke oder sogar eine Anzahl von ganzen Bildern 
verloren gehen können, so dass nur eine ungenügende Qualität der Applikation 
erreicht werden kann. 

Asynchronous Transfer Mode (ATM) Netzwerke wurden entwickelt, um QoS 
über garantierte Beschränkungen für Latenz, die Variation der Latenz und 
Verlustraten zur Verfügung zu stellen. Mit ATM Technologie können Echtzeit-



 

 7  

Verkehrsströme isoliert von anderen Datenströmen, die um die gleichen Ressourcen 
konkurrieren, übertragen werden, und gleichzeitig die geforderten Dienstqualitäten 
zugesichert werden. Da ein Zugang zu ATM Netzen nicht immer ohne weiteres zur 
Verfügung steht, werden viele Anwendungen mit kontinuierlichen Medien über das 
Internet transportiert, obwohl das Internet nicht dafür entwickelt wurde um 
Zeitbeschränkungen in Echtzeit für multimediale Daten einzuhalten. Der Verkehr 
über Internet Protokoll (IP) Netze wird zuverlässig und “so gut wie möglich“ 
transportiert, aber ohne jegliche Garantien für Dienstqualität. Die meisten Router sind 
nicht für einen effizienten Transport eingerichtet und können zeitkritische 
Datenströme nicht priorisieren. Dadurch haben Phasen mit Stau und Engpässen 
negative Auswirkungen auf den Transport von multimedialen Daten. Aus diesem 
Grund ist es von großem Interesse, das Netzwerkverhalten und die Auswirkungen von 
Netzperformanz auf die Qualität von solchen multimedialen Anwendungen zu 
untersuchen. 

Mehrere Studien haben sich bereits mit einigen QoS Parametern von 
Datenverkehr bei niedrigen Bandbreiten über ATM und IP beschäftigt. Yurcik et al. 
[YUR-1995], Banerjee et al. [BAN-1997a] und Siripongwutikorn et al. [SIR-2002] 
untersuchten Continuous Bit Rate (CBR) Verkehr im Allgemeinen, ohne die spezielle 
Verkehrscharakteristik von multimedialem Verkehr in Betracht zu ziehen. Yurcik et 
al. befassten sich mit Jitter von CBR Strömen über ein 3-knotiges ATM Netz. Die 
Autoren zeigten mit Hilfe von Simulation, dass das Zuweisen von Netzressourcen 
gemäß den Jitterbeobachtungen an einem Knotenpunkt am Rande des Netzes zu einer 
übermäßigen Provisionierung zu Zeiten großer Netzlast bzw. zu einer 
Unterprovisionierung bei nur geringer Auslastung führen kann. Banerjee et al. führten 
Latenz und Jittermessungen von CBR Verkehr über ATM Netze durch und 
konzentrierten sich auf Veränderungen der Parameter in Zusammenhang mit 
Hintergrundverkehr. Die Autoren beobachteten eine wachsende Standardabweichung 
von Jitter mit steigendem Hintergrundverkehr und konnten die Veränderungen im 
CBR Strom als eine Funktion der Bitrate des Stroms und der Anzahl der 
durchgelaufenen Knoten beschreiben. Siripongwutikorn et al. befassten sich mit der 
Latenz von simuliertem Poisson Verkehr über IP. In einer Netzumgebung basierend 
auf Differentiated Services (DIFF-SERV) untersuchten die Autoren die Performanz 
von einzelnen Flows in einer Service Klasse. Es stellte sich heraus, dass die 
Verzögerung eines Flows sich weitläufig von der allgemeinen Latenzstatistik der 
jeweiligen Klasse unterscheiden kann. Flow Bursts, Warteschlangendisziplin und 
Verkehrsaufkommen wurden als Hauptursachen dieser Diskrepanz genannt. 

Andere Untersuchungen zogen einige der speziellen Eigenschaften und QoS 
Anforderungen von multimedialen Daten in Betracht. Die meisten dieser Studien 
basierten auf MPEG-2 Komprimierung [NAS-1996, ZAM-1997a, NAS-1998, VER-
1998a, CAI-1999, MOR-1999, ADA-1998, ADA-2001, RAT-2003], weil es sich 
dabei um den zur Zeit am meisten verbreiteten Kodierungsalgorithmus für 
hochauflösendes Video handelt. Die populärsten Anwendungen von MPEG-2 
beinhalten Rundfunk und Kommunikationsdienste für Kabelfernsehen (CATV) 
[ADA-1998] und Satellitennetze [CEL-2000, CEL-2002]. Einige wenige 
Publikationen zogen auch QoS Parameter in Verbindung mit anderen Arten von 
Komprimierungsformaten in Betracht, wie z.B. Cellb Komprimierung [MOL-1996], 
JPEG Komprimierung [CRO-1995], G.729 Kodierung [JIA-2000], H.261 Format 
[DAL-1996] oder MPEG-1 Komprimierung [DAL-1996, CLA-1998b, CLA-1999a, 
HAN-1999, ASH-2001]. 
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Die Eigenschaften von multimedialem Verkehr über ATM Netze wurden meist 
für CBR Ströme untersucht [CRO-1995, NAS-1996, MOR-1999, ADA-1998, ADA-
2001]; einige Autoren zogen auch Variable Bit Rate (VBR) Verkehr in Betracht 
[MOL-1996, ZAM-1996b, NAS-1998]. Multimedia Anwendungen über IP Netze 
waren der Forschungsschwerpunkt in [DAL-1996, NAS-1998, CAI-1999, CLA-
1998b, CLA-1999a, CLA-1999b, HAN-1999, JIA-2000, ASH-2001]. 

[DAL-1996, ZAM-1997a, VER-1998a, CLA-1998b, CLA-1999a, CLA-1999b, 
HAN-1999, CAI-1999] gehören zur interessantesten Gruppe von wissenschaftlichen 
Publikationen auf dem Gebiet der Multimedia-Übertragungen, wo nicht nur QoS 
Parameter analysiert wurden, sondern auch ihre Auswirkungen auf die vom Benutzer 
empfundene Qualität untersucht wurde. Cai et al. [CAI-1999] konzentrierten sich auf 
den Einfluß von Paketnetzfehlern und Verlusten bei CBR und VBR MPEG-2 
Verkehrsströmen über IP. Ein reales IP Testbed Netz wurde verwendet und die 
fehlerbehaftete Videoqualität wurde objektiv beurteilt. Die Autoren entwickelten eine 
quantitative Abbildung zwischen MPEG-2 Videoqualität und IP Paketverlust und 
ermittelten Slice-Verlust als dominanten Faktor bei Videoqualitätsminderung für 
MPEG Daten, die in IP Paketen übertragen wurden. 

Dalgic et al. [DAL-1996] untersuchten die Auswirkungen, die durch Verluste 
oder extreme Verzögerungen bei MPEG-1 und H.261 kodiertem VBR und CBR 
Video über ATM und IP Netze entstehen können. Netzperformanz wurde bewertet 
unter Verwendung von Störungsrate, durchschnittliche räumliche Ausdehnung und 
Dauer. Die Autoren führten den Begriff “Glitches” ein, um Netzperformanz  und die 
resultierende Bildqualität zu charakterisieren. In ihrer Untersuchung stellte ein Glitch 
die Auswirkung von einem Verlustfehler auf die Videosequenz dar. Dalgic et al. 
fanden heraus, daß die Glitchrate hauptsächlich durch die Netzwerkart, den 
Videoinhalt, das Kodierungsschema und die Ende-zu-Ende Verzögerung 
beeinträchtigt wurde. 

Claypool et al. [CLA-1998b, CLA-1999a] konzentrierten sich auf das 
Jitterverhalten bei MPEG-1 Strömen über IP Netze. Die Arbeit untersuchte wie 
effektiv Hochleistungsprozessoren, Echtzeit-Priorisierungen und Hochgeschwindig-
keitsnetze Jitter unter hoher Prozessor- und Netzlast reduzieren können. Die Autoren 
zogen dabei keine Echtzeit-Priorisierungen durch Netzwerkrouter in Betracht, 
sondern konzentrierten sich auf Echtzeit-Priorisierungen, die nur am Sender oder 
Empfänger implementiert wurden. Alle drei Jitter-Reduktionstechniken wurden dabei 
als signifikante Beiträge zur Jitterminderung eingestuft, wobei Echtzeit-
Priorisierungen den stärksten Einfluß auf eine Verbesserung der Qualität hatten. 

In [CLA-1999b] untersuchten Claypool und Tanner die Auswirkungen von Jitter 
und Paketverlusten auf die vom Benutzer empfundene Qualität von MPEG-1 Video. 
Mit Hilfe von subjektiven Bewertungen stellten die Autoren fest, dass Jitter die 
Videoqualität fast genauso stark wie Paketverluste beeinträchtigte, und dass sogar 
kleine Jitterwerte oder Verluste bereits schwere Qualitätsbeeinträchtigungen 
hervorrufen konnten. Der Einfluss von Latenz auf die Qualitätswahrnehmung von 
Video wurde in dieser Studie nicht untersucht. 

Hands et al. [HAN-1999] verwendete subjektive Tests um Paketburstgrößen als 
dominanten Faktor für die vom Benutzer wahrgenommene QoS und Akzeptanz von 
schmalbandigen MPEG-1 Kodierungen auszumachen. Größere Bursts von 
Paketverlusten, die weniger häufig auftraten, bekamen bessere Qualitätsbeurteilungen 
von Benutzern als häufigere kleinere Bursts. Die Autoren schlossen daraus, dass die 
wahrgenommene Videoqualität während Netzwerk-Stauphasen mit großem 
Paketverlust sich verbessern liesse, wenn die Netze so konfiguriert würden, dass sie 
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eine größere Anzahl von Paketen auf einmal verwerfen würden, dafür aber nicht so 
häufig. Ashmawi et al. [ASH-2001] untersuchten MPEG-1 Transportströme mit 
Policing Mechanismen und Durchsatzgarantien beim Expedited Forwarding (EF) 
Service der DIFF-SERV Architektur. Die Autoren führten Messungen über ein 
lokales Testbed und ein durch QoS verbessertes Segment der Internet2 [INT-2003a] 
Infrastruktur durch. Verluste traten auf, wenn die Policing Mechanismen nicht-
konformante Pakete verwarfen; die resultierende Videoqualität wurde anschliessend 
objektiv bewertet. Die Ergebnisse zeigten, dass der Bildverlust selber kein 
zuverlässiger Indikator für Videoqualität war, aber dass die Beziehung zwischen 
Videoqualität und Bildverlust auch von anderen Parametern abhing, wie z.B. von 
Eigenschaften des verwendeten Videoservers und vom Algorithmus, der für die 
Kodierung eingesetzt wurde. 

Für Videoübertragungen über ATM Netze, wurden QoS Parameter und ihr 
Einfluss auf Qualitätswahrnehmung nur von Zamora et al. [ZAM-1997a] und 
Verscheure et al. [VER-1998a] untersucht. Verscheure et al. konzentrierten sich auf 
die Auswirkungen der Zellverlustrate (CLR) auf benutzer-orientierte Wahrnehmung 
von CBR MPEG-2 Video, das über ATM übertragen wurde. Die Untersuchung zeigte, 
dass die vom Benutzer empfundene Videoqualität mit der Kodierungsbitrate und der 
Netzwerk Zellverlustrate variierte, und dass es eine optimale Kodierungsbitrate gab, 
die die Videoqualität bei Zellverlusten optimierte. 

Zamora et al. untersuchten extreme Jitter, Verlust und Fehlersituationen und ihre 
Auswirkung auf die objektive und subjektive QoS bei Video-on-Demand (VoD) 
Servern und Clients über ATM. Sowohl VBR als auch CBR Ströme wurden in 
verschiedenen Verkehrsszenarien untersucht, die lange Übertragungswege darstellten. 
VBR Verkehr erwies sich als sensibler, was die Variation der Zelllatenz betraff, war 
aber robuster bei Protocol Data Unit (PDU) Verlusten. Niedrige oder mittelmäßige 
Netzauslastung hatte nur einen geringen Einfluss auf die vom Benutzer empfundene 
Qualität; hohe Netzauslastung führte jedoch zu einer schnellen Minderung der 
Videoqualität. 

Alle Veröffentlichungen konzentrierten sich auf Videoübertragungen die auf 
Komprimierungsalgorithmen basierten, da bis vor kurzem die meisten Netze einfach 
auch nicht in der Lage waren, die hohen Bandbreitenanforderungen von 
unkomprimiertem Video zu erfüllen. Seit Netze aber mehr und mehr Bandbreite 
anbieten, werden unkomprimierte Videoübertragungen eine Option. Diese 
Dissertation beschäftigt sich mit solchen unkomprimierten Videoübertragungen, bei 
denen Serial Digital Interface (SDI) Video Signale mit spezieller Adaptionshardware 
auf ATM Zellen oder IP Pakete abgebildet werden. Die resultierenden Datenströme 
mit CBR Eigenschaften verlangen Bitraten von 300 Mbps oder mehr und haben daher 
auch einen starken Einfluss auf Netzperformanz, der näher untersucht werden muss. 

Verglichen mit MPEG Komprimierung, haben Netzstörungen auch 
unterschiedliche Auswirkungen auf unkomprimierten multimedialen Verkehr: MPEG 
Komprimierungsalgorithmen produzieren Videodatenströme die periodischen 
Mustern folgen und wo jedes Videobild entweder mit intra-frame Kodierung (I-
frames), oder als Referenz zu diesen I-frames mit Variationen von 
Bewegungskompensation (als B- und P-frames) kodiert werden. Die Bildarten haben 
unterschiedliche statistische Eigenschaften und werden in periodischen Sequenzen 
angeordnet, die mit Groups of Pictures (GOPs) bezeichnet werden. I-frames erfordern 
typischerweise mehr Bits als B- und P-Bilder, und extreme Verzögerung, Jitter oder 
der Verlust eines I-frames haben eine schlimmere Auswirkung auf die resultierende 
Bildqualität als der Verlust eines B- oder P-Bildes. In unkomprimierten 
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Videoübertragungen werden die Daten eines jeden Einzelbildes voll und ohne 
Referenzen zu anderen Bildern übertragen, was einen Videostrom produziert, der 
wesentlich robuster gegenüber Verlustraten und die vom Benutzer empfundene 
Qualität ist. Der SDI über ATM oder SDI über IP Adaptionsprozess kann auch viel 
schneller als das Berechnen von komplexen Komprimierungsalgorithmen 
durchgeführt werden, und reduziert daher die Latenz in eine Richtung. Diese 
Reduzierung von Komprimierungslatenz ist entscheidend für interaktive 
Kommunikation und entschärft die Latenzanforderungen für Netzübertragungen. Die 
Untersuchung der QoS Parameter für unkomprimierte Videoübertragungen und ihr 
Einfluss auf die Qualitätswahrnehmung im Vergleich zu hoch-qualitativer MPEG-2 
Kodierung ist somit von großem Interesse und ist auch der Fokus dieser Arbeit. 

 
In dieser Untersuchung wurden die bisherigen Studien für schmalbandig 

komprimiertes Video auf hochbitratige Videoübertragungen mit Bandbreiten-
anforderungen von 15 Mbps und 40 Mbps für MPEG-2 kodierte Videosequenzen und 
auf komplett unkomprimierte SDI Videoübertragungen mit Forward Error Correction 
(FEC) Mechanismen und Bandbreitenanforderungen von 300 Mbps bis 600 Mbps 
ausgedehnt. Sowohl für MPEG-2 als auch für unkomprimierte SDI Videosignale 
werden Übertragungen über IP und ATM unter der Einwirkung von typischen 
Netzstörungen wie Jitter und Verlust untersucht. Komprimierungs- und 
Adaptionsverzögerungen werden auch in Verbindung mit den Anforderungen von 
interaktiven Kommunikationen getestet. 

Videoclips werden als Teil dieser Untersuchung mit Hilfe von vier verschiedenen 
Hardware Codecs für IP und ATM Übertragungen produziert. In einem Testbed im 
Labor werden diese Videoclips Jitter und Verluststörungen ausgesetzt und werden 
danach subjektiv von einer Gruppe von Testpersonen bewertet. Die subjektiven 
Bewertungen liefern  Video Quality of Presentation (QoP) Garantien, die auf Mean 
Opinion Scores (MOS) basieren. In zusätzlichen objektiven Tests werden in dieser 
Arbeit auch bestimmte Fehlercharakteristiken und der Einfluss der Fehlerhäufigkeit 
bei MPEG-2 und unkomprimierten SDI Sequenzen untersucht. 

Die Ergebnisse der subjektiven Bewertungen werden in einem QoS 
Klassifikationsmodell zusammengefasst, das sowohl für MPEG-2 Video als auch für 
unkomprimierte SDI Übertragungen über IP und ATM Netze gültig ist. Das Modell 
liefert drei Dimensionen für die QoS Parameter Latenz, Variation der Latenz und 
Verlustraten und stellt die Parameter in Korrelation zu Video 
Komprimierungsfaktoren und Übertragungskosten. Das Modell stellt auch 
Übersetzungstabellen zur Verfügung, wo Bereiche von Netzwerk QoS Parameter auf 
Benutzer QoP Kategorien abgebildet werden. 

 
Die hauptsächlichen Beiträge dieser Arbeit sind im Überblick: 
 

• Untersuchung und Messung der QoS Parameter Latenz, Variation der 
Latenz und Verlustraten im Labor-Testbed und über reale IP und ATM 
Netze 

• Messungen von Komprimierungs- und Adaptionslatenzen von MPEG-2 
kodiertem Video und unkomprimierten SDI Adaptionen auf IP und ATM 
Netze für verschiedene Kodierungs- und FEC Algorithmen 

• Subjektive Bewertungen basierend auf Mean Opinion Scores von 
hochbitratigem MPEG-2 komprimierten und unkomprimierten SDI 
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Videosequenzen, die mit vier verschiedenen Hardware Codecs produziert 
werden 

• Einführung von Verlustraten und Jitterstörungen bei komprimierten und 
unkomprimierten Videosequenzen um Netzwerkstörungen zu simulieren 
bei extrem bandbreiten-intensiven Übertragungen über IP und ATM 
Netze 

• Objektive Bewertungen der ermittelten Fehlermuster von komprimierten 
und unkomprimierten Videosequenzen um Fehlertoleranzverhalten oder 
Benutzerpräferenzen festzustellen 

• Entwicklung einer objektiven Methode um Benutzer MOS Kategorien 
vorhersagen zu können und die für MPEG-2 komprimierte und auch 
unkomprimierte SDI Videosequenzen gültig ist 

• Entwicklung eines QoS Klassifikationsmodells das sowohl für MPEG-2 
als auch für SDI Videoübertragungen über IP und ATM Netze anwendbar 
ist und die Netzwerk QoS Parameter Latenz, Variation der Latenz und 
Verlust in Relation zu Übertragungskosten und erwartete Benutzer 
Qualitätswahrnehmung darstellt. 

 
Die folgende Arbeit ist in zwei größere Teile aufgeteilt: Teil I beschreibt 

verschiedene Quality of Service Mechanismen für Videoübertragungen; Teil II 
beschäftigt sich mit QoS Messungen und Benutzerwahrnehmung von Videoqualität. 

Teil I beginnt mit einer Einführung zu Videosignalen in Kapitel 1; danach folgt 
ein Überblick über die vorhandenen QoS Mechanismen für jede Ebene des ISO/OSI 
Schichtenmodells in Kapitel 2. Teil I schliesst mit Kapitel 3, wo ein kurzer Überblick 
über Ende-zu-Ende QoS Architekturen dargestellt wird. 

Reale QoS Messungen über IP und ATM Netze sind der Fokus von Teil II. In 
Kapitel 4 werden Messungen über das Deutsche Forschungsnetz (G-WiN) und das 
ATM basierte Gigabit Testbed South (GTB) präsentiert. Kapitel 5 untersucht 
subjektive und objektive Bewertungs- und Meßtechniken, menschliche Wahrnehmung 
von Videoqualität und Manifestationen von Videoartefakten. Kapitel 6 präsentiert 
QoS Messungen und die subjektiven Bewertungen von MPEG-2 komprimierten und 
auch unkomprimierten SDI Videosequenzen, die in einer Labornetzwerkumgebung 
produziert wurden; Kapitel 6 stellt auch eine objektive Untersuchung von 
Fehlercharakteristiken und Häufigkeit vor. Kapitel 7 fasst die Ergebnisse der 
subjektiven Bewertungen von Kapitel 6 in einem QoS Klassifikationsmodell 
zusammen. Eine Diskussion der Ergebnisse findet sich in Kapitel 8. 
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PART I - Quality of Service Mechanisms for Video Transmissions 
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1. Video Signals 
Ever since Eadweard Muybridge [MUY-1877] used photography in 1877 to 

capture animal motion imperceptible to the human eye, frame-by-frame movements 
have been recorded on film. A motion picture is based on a series of complete pictures 
displayed in rapid succession at rates of 25 frames or 30 frames per second. At such 
speeds, the human eye perceives the individual pictures as merged and still images 
turn into motion. 

Pictures are gained when a camera focuses incoming light onto an array of light-
sensitive elements or photo-sites [NAT-2003a, NAT-2003b]. When these photo-sites 
are struck by incoming light for a period of time, they become electrically charged 
with a level directly proportional to the amount of light they were exposed to. After an 
integration time, the collective charges must be stored and transferred to a readout 
register, before the next frame of information can be obtained. For the display of the 
information on television screens, a trio of electron beams carrying these charges is 
used to hit light-emitting phosphors and make them glow at different intensities, 
reproducing the image. For the display of an image on a computer Liquid Crystal 
Display (LCD) monitor, electric current is applied to liquid crystals to change their 
polarization. The alteration of polarization determines how much light can pass 
through and thus ultimately controls the reproduction of the image [YOD-1997]. 

Scanning techniques are used to transfer the information from the image sensor 
to the camera’s storage area. Most cameras are based on interlaced scanning which 
allows the picture information to be displayed directly on standard television and 
monitors. The 2:1 interlace technique has been used for television, since early 
television systems were unable to refresh at high speeds and used update rates of only 
30 frames per second. At such a rate the human eye would be able to perceive flicker 
whenever a screen is updated. With interlaced scanning, an image frame is split into 
two segments (fields): One segment contains the odd-numbered lines while the other 
segment contains all even-numbered lines [KAR-1997]. By alternating the scanning 
and displaying of odd and even-numbered lines, the image is updated at a rate of 60 
fields per second, which is no longer detectable by the human eye. 

For the production of realistic images, the sensors of a camera must mimic the 
characteristics of light absorption of the human visual system. Human perception 
defines the color of an object based on three attributes: Intensity, hue and saturation. 
Luminance information is gathered from the intensity or brightness of an object and 
can be expressed in shades of black, gray and white. The color or chrominance 
information is carried in the attributes hue and saturation. Hue describes the 
wavelength of light or color that is seen when the human eye focuses on an object, 
while saturation refers to the amount of gray light contained in the color and 
represents a color’s purity.  

Image sensors are currently not able to detect these attributes directly, but use 
color spaces to model human perception. Most cameras or digital imaging devices are 
based on the RGB color model, where a color is defined according to the amounts of 
red, green and blue light it contains [MED-2003]. The incoming light is filtered into 
the three components with the help of color laminated sensor arrays and the resulting 
component signal is carried over three separate cables. Television systems are mostly 
using Y, R-Y, B-Y component signals which can be derived from the RGB signals 
using the conversion formula Y = 0.30R + 0.59G  + 0.11B to obtain the luminance 
information Y [PAN-2002, ROG-2003].  
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The ITU-R BT.601 [ITU-B601] standard defines the encoding parameters and 
sampling rates for digitizing component television video signals to produce a 10-bit 
4:2:2 component digital video signal. The SMPTE document 259M [SMP-1997, XIL-
2003] defines the Serial Digital Interface (SDI) [STR-1995a] that is used to serially 
transport uncompressed 4:2:2 digital component signals between digital video 
equipment. The notation 4:2:2 describes the sampling rate of the signal and 
determines that for every four samples of the luminance component Y, two samples 
each of the chrominance components R-Y and B-Y must be obtained.  

For SDI signals, the sampling frequency of Y is defined to be 13.5 MHz (with 
6.75 MHz for the chrominance components). The scanning samples are also called 
picture elements or pixels (Fig. 1.1). By convention, the European color coding sys-
tem for television PAL (Phase Alternating Line) is based on 625 scan lines and 25 
frames per second, yielding 15625 lines/s and a line duration of 64 µs (1s/15625lines 
= 0.000064s/line) [MEL-1999]. With a sampling frequency of 13.5 MHz, each scan 
line contains 64 µs * 13.5 MHz = 864 pixels, i.e. 864 pixels of luminance and 432 
pixels each of chrominance information. Using 10-bit encoding, the data rate for an 
SDI signal therefore amounts to 270 Mbps (625 lines * 25 frames/s * 10 bit * 864 
pixels * 2  = 270 Mbps) [RAU-2001]. 

 
 

 
 
 

Fig. 1.1. Structure of a Video Signal 
 
Although there are 625 scan lines per frame, not all of these lines are visible on 

television, since the scanning process introduces blanking intervals whenever the 
electron beams travel left or upward at the end of a line or field. For PAL television 
this leaves only 575 active lines and 720 pixels per line, or a video data rate of 207 
Mbps. The remaining data rate of 63 Mbps of the SDI signal can be used for 
embedding audio channels or additional information. 
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2. Quality of Service Mechanisms for Individual OSI Layers 
In order to uphold the stringent temporal constraint of displaying video sequences 

frame-by-frame at a rate of 25 or 30 frames a second, video sequences transmitted 
across networks rely on Quality of Service guarantees that ensure the timely delivery 
of the video data. Network Quality of Service can be defined as a set of quantitative 
and qualitative service requirements of an application for network transmissions, such 
as performance, availability, reliability, security, etc., that will ensure the required 
functionality and quality of the application as perceived by the user [FIR-2003, HAF-
1998, KOH-1994]. Such QoS requirements may not only exist for individual data 
streams, but may pertain to several media streams at the same time, whenever audio 
and video streams have to be synchronized, for instance. 

Quality of service parameters can be performance-oriented or non-performance 
oriented parameters: Performance-oriented parameters typically determine a 
network’s QoS by measuring transmission delay, delay variation and packet loss. 
Non-performance oriented parameters describe other aspects affecting communication 
such as compression formats, connection costs, protection, security and encryption 
[FEL-2002].  

Quality of Service requirements differ from application to application: Multi-
media data is typically both loss and delay-sensitive. One-way presentational 
applications, however, are usually less critical than two-way conversational 
applications such as video-conferencing, for example, which rely on cameras 
producing real-time information that should also be consumed in real-time. Some 
multimedia applications may be able to tolerate some loss or accept reduced amounts 
of bandwidths for less picture or sound quality if a user requests a service for 
entertainment purposes only; applications in professional broadcasting, on the other 
hand, typically depend on absolute high-quality service guarantees [STE-1997, ZHA-
2000]. 

When in the mid-1970s the Defense Advanced Research Project Agency 
(DARPA) started to develop heterogeneous connectivity between already existing 
networks at research facilities in the United States, QoS was not yet an issue [CIS-
1994]. The effort for interconnectivity produced a set of protocols referred to as 
Internet Protocol (IP) Suite that provides only best effort service without any QoS 
guarantees. The protocols are designed around the seven-layer Open Systems 
Interconnection (OSI) Reference Model [CIS-2003, KAR-1989, SCH-2000] of the 
International Standards Organization (ISO) and describe how bits are transmitted over 
the networks. Every layer of the model is defined by a standard and comprises a 
protocol specification. Payload data that is transmitted across a network traverses each 
layer of the protocol stack encapsulated in layer-specific Protocol Data Units (PDUs). 
Audio and video data typically require special higher layer protocols for compression 
called “codecs”, such as H.323, for instance (Fig. 2.1) [ROW-2001b, NAH-1995c]. 
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Fig. 2.1. Protocol Stack for Video Data Transmissions 

 
In today’s best effort Internet, resources are shared uniformly among all 

applications without any provision in place to assign priorities to delay-sensitive 
multimedia traffic. In addition, data packets from one stream may be routed over 
different paths, increasing variations of delay and making reordering of packets 
necessary. The large amounts of data generated by multimedia applications often lead 
to congestion and increase the probability of in-transit packet loss. Traditional error 
control mechanisms for conventional data such as retransmission of lost or corrupted 
packets, however, are inappropriate for audio and video data, since they would 
introduce too much delay. 

These inefficiencies of the Internet in supporting multimedia applications [KAN-
2000, PAT-2002b, STO-2000] have led to the development of new technologies such 
as Asynchronous Transfer Mode (ATM) with the capability of integrating 
conventional data with voice and video and the provisioning of resource reservation 
functionalities to support high-priority traffic. Although ATM technology is suitable 
for both Local Area Network (LAN) and Wide Area Network (WAN) environments 
and is widely available, the high costs of its deployment and the relative complexity 
and administrative inconvenience in setting up Virtual Paths (VPs) and Virtual 
Circuits (VCs) have kept it from replacing IP based networks on a large scale [GIO-
1997]. ATM products are often used as high-speed backbone networks to increase 
transmission speed. With the recent growth of the Internet and its introduction of low-
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quality WWW-based multimedia applications, ATM technology for audio and video 
traffic is often only applied in professional broadcast or high-quality applications with 
hard real-time requirements. 

With the demand for lower quality multimedia traffic over IP networks, efforts 
have been made to add QoS to different layers of the OSI Reference Model. Several 
mechanisms have been suggested and will now be summarized for each OSI layer in 
the following sections. 

The notion of QoS differs for each layer of the OSI Reference Model. QoS 
requirements for the higher layers are more application oriented, whereas the QoS 
requirements of the network, data link and physical layers are primarily concerned 
with providing the requested network functionalities. QoS at the transport layer 
focuses on closing the gap between network services and application requests. 

 
 

2.1. Physical Layer 
Most QoS mechanisms have been proposed for the network and transport layers, 

since QoS at the network layer is primarily concerned with performance-oriented 
criteria such as delay and bandwidth requirements, and transport layer QoS focuses on 
the reliability of that service. Higher layer QoS, however, cannot be provided without 
reliable service on the physical layer.  

The physical layer of the OSI Reference Model is primarily concerned with 
providing point-to-point or point-to-multipoint transport of the bits over the physical 
medium, such as optical fibers or wires without any type of sophisticated information 
handling. Examples for QoS requirements on the physical layer for the transport of 
multimedia data are therefore signal power, maximum transmission distances, low bit 
error rates of the physical medium and appropriate link capacities to provide sufficient 
amounts of bandwidth for the application. These requirements are usually determined 
by the physical limits and specifications of the medium. 

Severe degradations of the service at the physical layer are typically caused by 
hardware failures such as fiber breaks, the failure of an optical amplifier or transmitter 
component, but can also be caused by dust or dirt particles, or signal fading in noisy 
wireless transmission channels [CEL-1998a, FRE-1999, SHE-1998, TRO-2003]. The 
loss of QoS at the physical layer usually implies a steep increase of bit error rates that 
prevents any form of significant QoS guarantees at the higher levels. 

 
 
 

2.2. Data Link Layer 
The conventional tasks of the data link layer include services such as the framing 

of bits into packets, error detection and correction, as well as flow control to moderate 
transmission rates for receivers that can only handle small amounts of data at a time. 
Most of these tasks are unsuitable for multimedia applications, however, since they 
introduce too much delay and delay variation. For real-time services, data link control 
is therefore typically reduced to link management control, such as link layer resource 
management at an interface for resource reservation setup algorithms [CHR-1995, 
SCH-1997b].  

The most common link layer technologies are IEEE 802.3 Ethernet [BRO-2001] 
and ATM; more recent proposals include IEEE FireWire 1394 and FiberChannel. For 
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multimedia applications, ATM, FireWire 1394 and FiberChannel technologies are of 
most importance, as they were especially developed with QoS provisioning in mind. 

 

2.2.1. ATM 
In the 1980s, the ITU-T (International Telecommunications Union) started to 

develop recommendations for a Broadband Integrated Services Digital Network (B-
ISDN) with the purpose of integrating different types of services such as voice, video 
and data over a single fiber-based network, regardless of their QoS demands. In 1990, 
it was decided that this B-ISDN network should be based on SONET/SDH 
(Synchronous Optical Network/Synchronous Digital Hierarchy) and ATM technology 
[ATMa-2003, ATMb-2003, HAF-1998, THO-1998]. 

ATM networks use fixed-size packets called cells that are 53 Bytes long and can 
almost entirely be switched in hardware. ATM combines packet switching with time 
division multiplexing and cells are transmitted synchronously and continuously, 
without any gaps in between. Empty cells that do not carry any payload information 
are marked as idle. Time not used for one connection may be used by other logical 
connections or is replaced with the transmission of empty cells. The technology is 
called asynchronous, because the multiplexing of cells carrying payloads with idle 
cells leads to the asynchronous arrival of the cells of a connection [KO-1999, CIS-
2003]. As a multiplexing and cell-switching technology, ATM combines the 
flexibility of packet switching with the benefits of constant transmission delays that is 
offered by time-division multiplexing (TDM).   

ATM networks are connection-oriented, although individual cells are switched. 
The cells’ headers carry the destination information; cells are routed along Virtual 
Paths (VPs) and Virtual Channels (VCs). A distinction is made between Permanent 
Virtual Circuits (PVCs) and Switched Virtual Circuits (SVCs): The more expensive 
PVCs must be configured manually by the network provider and are permanently 
available to the user providing guaranteed connections. SVCs on the other hand, are 
less expensive, since these virtual circuits are established with spontaneous call setups 
upon user requests. However, a user may not always be able to get the requested SVC 
connection if competing traffic causes congestions.  

QoS guarantees can be provided for each permanent virtual connection by 
reserving bandwidth or guaranteeing statistical bounds, and transmission costs can be 
charged accordingly [GIO-1997]. ATM offers different QoS classes with varying QoS 
guarantees for different types of traffic and integrates these services with the support 
of ATM adaptation layers.  

The ATM protocol stack consists of a physical layer, an ATM layer and an ATM 
adaptation layer. Before ATM cells are physically transported from node to node by 
the physical layer, the ATM layer [ITU-I361] generates the appropriate cell headers 
for outgoing cells and provides the switching according to the Virtual Channel 
identification. Different types of payload data are mapped into ATM cells using the 
specialized ATM adaptation layers AAL1 through AAL5 [ITU-I363a-e]. AAL1 is 
well suited for voice and video data, since it supports real-time constant bit rate 
traffic. AAL2 was developed for variable bit rate video. The adaptation layer AAL3/4 
was intended to be used for non-real-time LAN traffic, but has been replaced by 
adaptation layer AAL5 which provides less overhead per cell [KO-1999]. Each ATM 
adaptation layer is associated with a QoS class. The QoS classes define the QoS 
guarantees in the form of end-to-end delay, jitter and loss rates that are available to 
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applications. The QoS class of an ATM cell is identified by the VPI/VCI address in 
the cell’s header. 

The Constant Bit Rate (CBR) QoS service class is comparable to a circuit-
switched network where bandwidth is reserved for a connection. To ensure priority 
reservation, the network nodes provide separate buffers for this traffic class. The 
amount of resource allocation is determined by the Peak Cell Rate (PCR) of the 
application, but a lot of bandwidth is wasted if video codecs produce a variable bit 
rate output stream, for example. For higher resource utilization, real-time Variable Bit 
Rate (rt-VBR) and non-real-time VBR (nrt-VBR) QoS classes are offered, where 
resources are allocated dynamically and QoS guarantees are provided through 
statistical multiplexing. QoS parameters are PCR and Sustainable Cell Rate (SCR) 
and must be indicated at the setup of the call. The CBR and rt-VBR QoS service 
classes are capable of providing delay and jitter guarantees and are intended for voice 
or Video-on-Demand (VoD) applications with critical delay, jitter and loss 
requirements (Table 2.1). The nrt-VBR service class is appropriate for Near Video-
on-Demand streams for instance, where video must be made available to users upon 
request within a guaranteed delay time, but without the requirement for jitter control. 
The QoS classes Available Bit Rate (ABR) and Unspecified Bit Rate (UBR) were 
developed for delay-tolerant best effort applications over ATM. ABR video streams 
are only guaranteed a Minimum Cell Rate (MCR), but the transmission rate can be 
increased up to the peak cell rate, if the rate-based feedback approach for congestion 
control of the ABR service class is able to allocate more bandwidth [TRY-1999a, 
ZHE-1998]. 

Table 2.1. ATM QoS Classes 
ATM QoS 

Classes CBR rt-VBR nrt-VBR ABR UBR 

Bit Rate constant variable variable variable variable 

AAL 1 2 3/4 or 5 3/4 or 5 3/4 or 5 

QoS 
Guarantees 

loss, delay, 
jitter loss, delay, jitter loss, delay 

loss, 
minimum 
bandwidth 

none 

Applications 
Professional 

broadcast 
applications 

Video-
conferencing Near VoD 

File 
transfer,    
E-Mail 

File transfer,    
E-Mail 

 
Before a video stream can be sent over an ATM network, the user must specify 

the required QoS parameters and establish a service contract. The video stream is 
admitted to the ATM network, if the requested resources can be made available by the 
network resource management and connection admission control [CAM-1993a, KAR-
1996b]. To ensure that the video stream stays within the negotiated contract, Usage 
Parameter Control (UPC) [FES-1995, LEP-1999] is performed at the network access 
point: ATM switches use traffic policing to detect misbehaving sources with 
exceeding traffic characteristics. Conformance to the contract is enforced by using the 
leaky bucket mechanism and by setting the Cell Loss Priority (CLP) bit in the cells’ 
headers to indicate to the following ATM switches that during periods of congestion 
these cells should be dropped.  
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Adequate allocation of resources and proper flow characterization can be 
challenging for some video codecs producing a VBR output stream, since VBR 
codecs may produce traffic with high peak data rates and large bursts. To facilitate 
conformance to the UPC, such codecs often apply traffic shaping by using buffers to 
constrain bursts and smooth jitter of the outgoing video stream [WON-2003].  

With the ability to provide various levels of QoS guarantees to different 
applications and the capability of shielding individual traffic streams from flows 
competing for the same resources using bandwidth reservation, ATM technology is 
most suitable for multimedia applications of all levels of service requirements. 
Another advantage for multimedia applications is the small size of ATM cells, which 
leads to low packetization delays [ADA-1995]. However, there are some 
disadvantages: The technology is rather complex and the configuration of VPI/VCI 
connections is very time-consuming. Users must be able to indicate the exact QoS 
requirements of their applications beforehand, and once these parameters are specified 
they cannot be adapted to changing network conditions during a connection. Another 
disadvantage especially for multimedia processing is the fact that ATM only offers 
multicast functionality, but there is no multipoint-to-multipoint support – a feature 
that would be most useful for video-conferencing applications. 

While ATM technology is not the technology of choice for home users enjoying 
entertainment applications with relaxed QoS expectations, it certainly is unsurpassed 
in providing the most stringent QoS guarantees for professional high-quality 
environments with hard real-time applications in telemedicine or broadcasting, for 
example.  

Since the ATM switching technology is based on link layer functionalities, the 
ATM service model was described in this context; however, with its network and 
transport layer capabilities, the ATM service model is a very successful approach to 
combine QoS mechanisms over several architectural layers. Additional approaches to 
implement such QoS architectures can be found in Chapter 3. 

 

2.2.2. IP Switching 
IP switches [BHA-1999, GIO-1997, MAH-1995, MCC-1997] belong to a hybrid 

product group and are composed of both an ATM switch component and an IP switch 
controller (Fig. 2.2). With this hybrid technology IP switches can be used as network 
edge components, for example, for multimedia applications that depend on IP based 
equipment or rely on IP connectivity, and provide QoS guarantees by tunneling the IP 
traffic over ATM networks. All IP packet routing and forwarding functions are 
performed by the IP switch controller software, while the ATM switch component is 
only used as switching fabric. ATM switch fabric and IP controller are logically 
connected over a default ATM VC. The switch controller communicates with the 
ATM switch fabric using the Generic Switch Management Protocol (GSMP). 

Data packets arrive at the ATM output port via the routing software of the IP 
switch controller. Before they can be switched across the ATM fabric, the packets are 
transformed into the appropriate ATM Adaptation Layer AAL-PDUs and subse-
quently mapped onto ATM cells with 48 Bytes payloads at a time [HAS-1994].  
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Fig. 2.2. IP Switching Concept 
 
IP switching technology combines the strengths of both ATM technology and IP 

by offering fast ATM hardware speeds in connection with IP routing. However, the IP 
over ATM encapsulation overhead causes connection establishment delays that are 
only worth the trouble for large persistent flows, such as video traffic. Another 
disadvantage becomes obvious in case of ATM congestion and subsequent cell losses, 
when AAL-PDUs can no longer be reassembled to their original sizes and must be 
discarded. Retransmission of all cells belonging to such flawed AAL-PDUs must then 
be requested, including all cells that had already been successfully transmitted, 
resulting in a lot of unnecessary overhead.  

With IP switching, end-to-end QoS can only be achieved, if one flow receives 
unshared access to the default ATM VC at the ATM access point and is then switched 
across the ATM network with the proper QoS guarantees. Such applications can be 
found in multimedia processing, for example, when communication servers must be 
used to map signals from serial interfaces of cameras or control equipment into IP 
packets, which must then be transmitted with the appropriate QoS guarantees. 
Naegele-Jackson et al. showed in [NAE-2003a] that the measured response times for 
such IP over ATM connections are only slightly higher than ATM transmission times.   

 

2.2.3. Fibre Channel 
Since 1988, the American National Standards Institute (ANSI) [ANS-1997] has 

been working on standardizing the Fibre Channel (FC) specification [FIB-2003, 
BUR-2000, SYS-2003]. This set of standards has been developed for the transmission 
of vast quantities of multimedia data between computers, ultra high speed mass 
storage devices and peripherals. Fibre Channel technology was aimed at incorporating 
I/O channel communication requirements with LAN networking technology to realize 
a serial communication link that offers universal transport of data by handling both 
networking and I/O channel protocols. As a consequence, computers do not have to 
control large numbers of I/O ports anymore, as one port can be used for both channel 
and network interfaces. It supports a number of higher layer protocols including 
HIPPI (High Performance Parallel Interface), ATM and IP. 
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FC technology offers bandwidths up to 4 Gigabit/s and provides complete error 
checking and control across the link. The data is transported from the buffer at the 
source to the buffer at the receiver’s side independent from its data formats. The 
information is mapped into variable length frames with up to 2112 Bytes of payload; 
the frames also contain the address of the source, link control information and the 
destination port. Fibre Channel topologies include point-to-point, switched or loop 
topologies in both connection-oriented and connection-less modes [MEG-1994].  

For QoS, several different service classes [GOR-1995] are defined in the Fibre 
Channel specifications: The FC class 1 is comparable to ATM’s CBR service class 
and provides a circuit-switched, connection-oriented service with guaranteed 
bandwidth and in-sequence delivery of data. The dedicated connection also ensures 
low delay, since once the connection is established, it is no longer necessary to check 
packet headers for destination addresses. FC class 1 is therefore suitable for time-
critical audio and video applications. 

FC class 2 offers a connection-less, frame-switched service with a data 
Acknowledgement (ACK) mechanism to ensure guaranteed delivery of data frames. 
Bandwidth cannot be guaranteed, because incoming frames for different ports are 
multiplexed. FC class 2 service is more suitable for typical LAN traffic where real-
time deadlines are not essential.  

The third service class is comparable to FC class 2, but does not provide ACK to 
guarantee delivery. As a best-effort connectionless service with flow control 
mechanisms it is similar to ATM’s ABR QoS class. FC Class 3 is suitable for real-
time broadcast applications with a certain amount of error tolerance and the demand 
for on-time delivery.  

FC class 4 offers fractional bandwidth allocation of a path connecting two ports, 
but is not available for every fabric topology. A service class 5 is still undefined [INT-
2003b]. FC class 6 service is intended for multicast applications: The sender must first 
set up a dedicated Class 1 connection to a multicast server at a well-known hex-
address; this server is then responsible for setting up Class 1 connections to the 
multicast destination ports and replicates the data frames. All multicast group 
members must also register with an Alias Server. 

To ensure QoS and increase bandwidth utilization at the same time, an FC 
Intermix class was defined: As a combination of Class 1 and 2, bandwidth is reserved 
for a dedicated Class 1 connection, but Class 2 and 3 frames are permitted to use the 
resources whenever the Class 1 connection is idle. 

The main disadvantage of the Fibre Channel technology is its limitation to 
distances of less than 10 km. Transmission distances depend on the combination of 
speed and whether optic or copper media is used. The efficiency of Fibre Channels 
and its high data throughput rates are to some extent limited by higher layer protocol 
overhead that evolves when payload data is moved from the application to the wire. 
Actual performance guarantees are also dependent on system parameters and the 
efficiency of the host network adapter, for instance [THO-1998].  

 

2.2.4. IEEE 1394 FireWire 
The IEEE standards committee first approved IEEE 1394 FireWire hardware and 

software standards in December 1995 [INT-2001, PAR-1998, TRA-2003, VIT-1996]. 
IEEE 1394 is a high-speed serial bus that provides a common infrastructure for 
interconnecting computers with peripherals and multimedia devices, such as digital 
cameras, TVs, DVD players, VCRs and mass storage devices. FireWire connects up 
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to 63 devices without the need for networking hardware, such as hubs. It is an 
especially interesting solution for live video transmissions or large video transfers for 
editing or display within short distances (less than 4.5 m) and up to 400 Mbps of 
bandwidth.  

As a main QoS feature the technology offers the capability of isochronous ser-
vice, i.e. the worst-case delay for delivery of a packet is bounded, and the bounded 
latency is small enough for time-dependent multimedia data [JOH-2001, Ray-1999, 
MOO-1996]. A transmission cycle or packet frame starts every 125 µs and can be 
used simultaneously for both isochronous and asynchronous transfer (Fig. 2.3).  

 

 
 

Fig. 2.3. IEEE 1394 Cycle Structure 
 
Applications can request up to 64 isochronous channels and specify the amounts 

of bandwidth needed. An isochronous transmission starts with sending the channel 
identification, which is then followed by payload data. Once a receiver recognizes a 
channel ID, it accepts the data associated with that ID [HOF-1995]. Unused time slots 
are available for asynchronous transport of data between computers and peripherals 
that is not time-critical. 

The standard was updated in April 2002 to IEEE 1394b [BAR-2000, IEE-2002], 
which offers data rates of 768.43 Mbps and 1572.9 Mbps over distances up to 100 m 
[ROW-2001a]. With the increase of distance and data rates, FireWire infrastructures 
can compete with Ethernet technology in LAN environments, but instead of only 
offering best effort service, IEEE 1394b has the added QoS advantage of providing 
bounded delays. 

 
 
 

2.3. Network Layer 
The network layer is responsible for delivering data packets across multiple 

subnets. The packets are forwarded by routers or switches, and their paths are 
determined by routing protocols. Network QoS mechanisms therefore operate at the 
packet level at a time scale of approximately 1-100 µs, or affect user sessions for QoS 
routing algorithms over a time range from several seconds to several minutes or 
beyond [FIR-2003]. 

At the packet level, QoS controls have been suggested that divide traffic into 
priority classes and queue or schedule packets accordingly. Packet level mechanisms 
are also used for shaping traffic to prevent excessive bursts and monitor for out-of-
bound behavior. Policing functions mark or drop packets that exceed the negotiated 
QoS limits. Control information for these network QoS mechanisms is carried in 
packet headers, such as in the TOS field of the IP header to mark high-priority 
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packets, or is stored in routers as up-to-date link-state control information for QoS 
routing. 

At the network layer, important QoS parameters are bandwidth, delay, jitter, 
reliability (packet loss rates) and the maximum number of packets processed 
(throughput). QoS parameters are not always indicated as absolute values or rates, but 
may also be defined by using bounds or percentages. Such statistical guarantees are 
suitable for multimedia applications that are able to tolerate some packet loss, such as 
video or audio streaming applications for entertainment purposes. 

The most prominent approaches to guarantee QoS at the network layer [FAI-
1999] are Integrated Services (INT-SERV) and Differentiated Services (DIFF-
SERV). 

 

2.3.1. Integrated Services 
With the widespread development of new multimedia applications, there has been 

an increased demand for real-time traffic over the Internet. Although the Internet only 
provides best-effort service and was never designed to handle data streams with QoS 
requirements, it is widely available and easily accessible to most users. For this 
reason, the Internet Engineering Task Force (IETF) initiated an approach referred to 
as Integrated Services (INT-SERV) [RFC-1633] that defines several classes with QoS 
commitments [WHI-1997]. 

A key element of Integrated Services is to introduce the principle of connectivity 
to the connectionless IP technology by considering data packets from one application 
as part of a flow with common QoS requirements [CLA-1992]. Different levels of 
QoS are achieved by implementing traffic control. Traffic control is based on packet 
scheduling, packet classification and admission control.  

End applications must specify the required level of QoS for a data flow and pass 
the request to the routers using the transport layer signaling protocol RSVP (Resource 
ReSerVation Protocol) [RFC-2205, RFC-2210, ZHA-1993] for dynamic per-flow 
resource reservation. The resources associated with the identified level of service of 
the flow must then be reserved at each router along the path of the data flow. Flows 
can only be admitted, if the admission control mechanism determines that all requests 
can be granted.  

Once a flow has been admitted, routers must classify each incoming packet as 
belonging to a QoS service class, and the packet scheduling mechanism must process 
all packets belonging to that class as equal. In order to prevent non-conforming data 
flows from affecting the QoS of other already committed flows, policing functions 
must be in effect to drop or mark misbehaving packets. To accomplish all these tasks, 
a router is now required to store information about the state of the transiting data, in 
contrast to the original stateless Internet architecture.   

In addition to best-effort service, the INT-SERV approach proposes three 
additional service classes [SCH-1997b]: Guaranteed service [RFC-2212], controlled-
load service [RFC-2211] and predictive service [RFC-1633]. Guaranteed service is 
intended for real-time applications which are sensitive to delay and cannot tolerate 
packet loss. It offers a bound on end-to-end delay and an assured level of bandwidth. 
Packets from data flows conforming to their initial QoS requests also will not be 
dropped at congested queues. To implement guaranteed service, each router must 
allocate a specific amount of bandwidth and buffer space for the flow, depending on 
the flow’s traffic characterization. Traffic of this service class is policed at network 
access points to confirm conformance with the specified QoS requests; misbehaving 
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packets are classified as best-effort traffic. Guaranteed service flows are separated 
from competing traffic and from one another with the Weighted Fair Queueing 
(WFQ) mechanism. In WFQ, guaranteed service flows are assigned to queues 
associated with higher weights, which in turn corresponds to longer round-robin 
processing times. Such priority weights only guarantee priority treatment, but are no 
guarantee on a set amount of end-to-end bandwidth. The availability of bandwidth to 
a flow depends on the number of flows that are equally sharing the same priority 
queue. In [PAR-1993, PAR-1994b] it was established that the WFQ scheduling 
discipline is indeed capable of providing an upper bound on the network delay of a 
guaranteed service flow, if the data source characterization itself is bounded. 

Controlled-load service [SMO-2001] is suitable for multimedia applications that 
are sensitive to network overload, but can adapt to network conditions, such as vic 
[VIC-1995] or vat [VAT-1995] tools. The service does not offer firm quantitative 
guarantees, but ensures data flows with almost no loss and delay, because it applies 
admission control decisions that share bandwidth and buffer resources among 
multiple traffic streams in a way that ensures a light and controlled network load. 
Before a flow can be admitted, an estimated specification of necessary resources must 
be provided to the admission control mechanism. If a flow cannot be admitted, 
adaptive applications have the opportunity of adjusting their encoding schemes to 
produce lower data rates, which may offer less quality, but will increase the chance 
for network admission [SHE-1993]. Streams that are admitted are forwarded as in 
best-effort service, but their QoS will not deteriorate with an increasing network load, 
since the admission control algorithm always ensures sufficient resources for all 
conforming flows.  

The predictive service class [MEH-1997a] performs measurement-based 
admission control. It is intended for non-adaptive multimedia applications that are 
tolerant to delays, but still require some upper delay bound. Packets in this service 
class are separated into sub-classes based on their delay-bounds and are forwarded 
using FIFO queue management. The delay bounds cannot be considered perfectly 
reliable and may not be valid for all flows. For this reason, only delay-tolerant 
applications such as audio and video streaming are suitable for this service class. 
Predictive service offers a better network utilization than guaranteed or controlled-
load service classes. 

Although INT-SERV is capable of providing per-packet delay guarantees, it has 
not been implemented on a wide scale. One major disadvantage is that the guaranteed 
service mechanism is not scalable, since it is required to keep per-flow state 
information at all routers. This is very difficult to manage, especially in Internet 
backbone routers, where thousands of flows have to be managed.  

Because of its extensive flow management, the INT-SERV proposal was 
introduced in this section as a QoS mechanism for the network layer. At the same 
time, the INT-SERV approach uses the transport layer protocol RSVP, however, and 
could therefore also be described as a service model that combines both network and 
transport layer QoS mechanisms. 

 

2.3.2. Differentiated Services 
Differentiated Services (DIFF-SERV) [RFC-2475] was also developed by the 

IETF community and is another prominent approach for providing QoS over the 
Internet. It is an improvement compared to INT-SERV, as far as scalability is 
concerned, because QoS is not based on individual flows anymore with complex flow 
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state information to be managed by each router. Instead, flows are aggregated into 
service classes and scheduled and forwarded per class, which weakens QoS 
guarantees for individual flows, but requires per-flow information only to be kept at 
the edge of a domain [MYK-2003]. In other words, the design principle of DIFF-
SERV pushes complexity to the network boundaries, where edge routers typically 
only have a small number of flows to handle, and are thus capable of performing 
complex operations such as packet classification and traffic shaping. Once packet 
flows are aggregated into a small number of service classes, operations at network 
core routers become less complex and can be performed faster. 

In the DIFF-SERV approach, QoS is obtained by associating different service 
classes with a certain Per-Hop Behavior (PHB) or treatment that a packet experiences 
at each node. Routers recognize the service class of a packet by inspecting the DIFF-
SERV Codepoint (DSCP) field in the packet header. The DSCP is located in the 
second octet of the IP header that was formerly known as Type of Service (TOS) field 
and introduced in RFC-791 [RFC-0791]. With a length of 6 bits, the DSCP field is 
able to classify at most 64 different PHBs; currently there are four standard PHBs 
available [KAR-2000a]: Expedited Forwarding (EF) PHB [RFC-2598], Assured 
Forwarding (AF) PHB [RFC-2597], Class Selector PHB [RFC-2474] and a default 
“best-effort” PHB [RFC-2474]. 

The default PHB corresponds to the traditional “best-effort” forwarding as 
standardized in [RFC-1812], where packets are handled as soon as possible, or 
whenever there are no packets waiting in queues of other PHBs with higher service 
expectations. Usually some minimal amount of resources may be reserved in routers 
for this default traffic to make sure that packets without DIFF-SERV awareness can 
still be served. The Class Selector PHB was defined to preserve compatibility with the 
IP precedence field (former TOS octet) – an earlier approach defined in RFC-791 
[RFC-0791] for routing traffic, network control traffic and supporting various levels 
of privilege. 

Expedited forwarding is intended for real-time applications and provides a low 
loss, low delay and low jitter service with assured bandwidth. The service is also 
called ‘Premium Service” and appears as a “Virtual Leased Line (VLL) or virtual pipe 
between sender and receiver, since any router along the path must guarantee that 
independent of its current load, it will support a minimum departure rate of packets 
from the EF queue. With this regulation in place, EF PHB provides an end-to-end 
bound on jitter due to queueing delays [BEN-2001, CHA-2000, FIR-2002, JIA-2002, 
LIE-2002a]. Multimedia applications transmitted in this service class still need to be 
adaptable to network conditions, since many flows may be competing for the 
resources attributed to this service class. For protection against possible denial of 
service attacks, network edge routers must police all packets with their Class of 
Service (CoS) bits set to EF and drop packets that exceed the router’s dedicated EF 
output rate [RFC-2598]. 

Assured forwarding [BOU-2001] provides several different levels of forwarding, 
Each of these levels can be associated with three degrees of packet dropping 
preference. If a node is congested and packets must be discarded, the drop preference 
of a packet identifies the importance of that packet within each AF class. Packets with 
a high drop preference will be discarded first. The forwarding assurance offered to a 
packet depends on the amount of bandwidth and buffer space allocated for that AF 
class, the drop precedence of the class and the amount of competing traffic flows in 
the same AF class [LIE-2002b]. Although the AF PHB guarantees the forwarding of 



 

 27  

packets below a specified rate, it is not suitable for multimedia applications, since 
there are no delay or jitter requirements specified for this service.  

PHBs are implemented in a router based on queue management algorithms (e.g. 
Random Early Detect (RED) [FLO-1993]) and packet scheduling mechanisms [SRE-
1999], such as Priority Queues (PQ), Weighted Round Robin (WRR) [KAT-2002, 
MEZ-1995a, MEZ-1995b], Weighted Fair Queueing (WFQ) or Class-Based Queueing 
(CBQ) [FID-2002]. 

The effort of adding QoS to the Internet based on the DIFF-SERV approach also 
has its limitations: The main weakness is the fact that QoS can only be offered to 
aggregates of flows, and individual flows cannot be separated from other competing 
flows in the same service class. Just as in the case of INT-SERV, another difficulty is 
the fact that EF of multimedia traffic can only be implemented, if all Internet Service 
Providers (ISPs) along the data flow’s path build nodes that provide EF service. Since 
EF ensures priority transfers, all ISPs also have to agree on how to charge for such an 
expedited service across the infrastructure; such an end-to-end billing concept, 
however, requires coordination between competing ISPs [PAL-2001a].  

 

2.3.3. MPLS / GMPLS 
Multiprotocol Label Switching (MPLS) [RFC-2702, RFC-3031, RFC-3270, 

BOM-2003, MAR-2001] is a technology that is capable of providing QoS over IP by 
turning the connectionless operation of an IP network into a connection-oriented 
network. Different levels of QoS are obtained by pre-calculating connection paths 
through the network according to specific user QoS requirements. 

Instead of IP address matching, MPLS labels are used to determine a packet’s 
next hop through the network. The various levels of QoS that are supported by the 
network are listed in tables called label information bases (LIBs). Packets that enter 
the network are analyzed and classified by the Label Edge Router (LER) and are 
assigned labels that determine their next destination. Throughout the network, Label 
Switch Routers (LSRs) use the LIB tables to swap packet labels and forward each 
packet along a Label Switched Path (LSP) that is able to provide the required QoS 
based on the packet’s label classification. 

The varying QoS levels are specified as Forwarding Equivalence Classes (FECs) 
in the LIB tables; each FEC describes a group of packet flows with the same QoS 
demands that will receive equal treatment throughout the core network. Each packet is 
only classified once into an FEC class at the ingress router or LER; throughout the 
core network the LSRs use the labels to switch the packets according to their LIB, 
which provides an outgoing label and interface based on the packet’s incoming label 
and interface. 

The binding of MPLS labels to FECs can be based on existing signaling protocols 
such as RSVP or the Border Gateway Protocol (BGP). The Label Distribution 
Protocol (LDP) was specifically developed for MPLS signaling and label space 
management. It allows a label switched path to be set up for specific QoS and CoS 
requirements with constraint-based routing: Rather than permitting each LSR 
independently to select the next hop for an FEC, with constraint-based routing the 
ingress router LER pre-specifies the list of network nodes that a packet flow will 
traverse and QoS can be provided by reserving resources along the specified path. 

GMPLS or Generalized Multiprotocol Label Switching extends the MPLS 
technology by providing a common control plane for automated end-to-end 
provisioning of network connections and required QoS levels across different network 
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types. With GMPLS technology, optimal paths based on QoS demands can be 
determined for traffic flows not only within packet based IP networks, but also for 
systems that switch in time (Time-Division Multiplexing (TDM) Systems), switch in 
wavelengths (Dense Wavelength Division Multiplexing (DWDM) Systems), or use 
optical cross connects (OXC). 

Although MPLS technology allows scaling, it does not allow the shielding of a 
specific traffic flow like ATM within one FEC or service class; QoS is provided with 
layer 2 constraints and internal queueing mechanisms to Forwarding Equivalence 
Classes only. 

 
 
 

2.4. Transport Layer 
One of the main functions of the transport layer of the OSI Reference Model is to 

provide a reliable data transfer between the sending and the receiving hosts. At this 
level, data streams are segmented into packets and reassembled at their destination. 
End-to-end flow control mechanisms are used to avoid receiver congestion. Other 
transport layer tasks include multiplexing, managing virtual circuits and error control. 
Error recovery typically involves the retransmission of erroneous data packets. 
Congestion control and flow control techniques are based on round-trip times of 
packets or a time scale of 1-100ms. These mechanisms use feedback from the receiver 
or an overloaded network node to reduce a sender’s transmission rates in case of 
congestion. For video streams, such an adaptation to a high workload would result in 
scaling back the quality of the video by reducing the frame rate of the stream [STE-
1997].  

QoS at the transport layer is primarily concerned with providing a bridge between 
QoS requirements of the application and the QoS level offered by the network layer. 
Its QoS parameters are transit delay, throughput, priority, probability of failure and 
error rate [KOH-1994]. Throughput and end-to-end delays depend on packet sizes and 
window sizes of flow control mechanisms. 

The Internet is primarily based on two transport protocols: Transmission Control 
Protocol (TCP) and User Datagram Protocol (UDP). TCP provides a reliable and 
secure service with ordered delivery of data packets. Lost or damaged data packets are 
retransmitted whenever an acknowledgement message is not received by the sending 
host after a timeout. This mechanism of timeouts and retransmissions is too time-
consuming, however, to be suitable for multimedia data with its severe time 
constraints. The use of windows for flow control can also not be recommended for 
continuous media traffic, since it causes silence periods and bursty traffic and does 
not take jitter requirements into account.   

UDP provides an unreliable datagram service that avoids these time-consuming 
control mechanisms and therefore is more suitable for multimedia traffic, such as 
streaming video, which benefits from UDP’s reduced delay and jitter values and is 
capable of tolerating small amounts of data losses at the same time. To compensate 
for data loss, UDP transmissions are often used in connection with Forward Error 
Correction (FEC) mechanisms [RFC-2733, LI-2002, FRE-2001], where redundant 
data is added to the payload to enable data repair. However, error control mechanisms 
introduce delays that depend on the code length n and the packet size; longer packets 
and codewords are responsible for increased delays, but can be processed with less 
overhead. 
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As both TCP and UDP offer only best-effort service, other transport protocols 
have emerged which provide QoS at the transport layer; examples are XTP, TPX, 
MTP, RTP/RTCP, and RSVP.   

 

2.4.1. XTP, TPX, MTP and RTP/RTCP 
The XTP (Xpress Transport Protocol) was developed in 1987 by Greg Chesson 

[CHE-1987, CHE-1991, STR-1992a, STR-1995b] and offers a variety of service 
mechanisms such as rate, flow and error control, which can be used to choose an 
appropriate degree of reliability for a user application and its specific QoS context. 
Another important feature of XTP for multimedia applications is its multicast 
capability, and all XTP service mechanisms for unicast are equally available to 
multicast communications. 

At the beginning of a conversation between two endpoints a first packet is 
transmitted to the receiver carrying the desired or acceptable QoS context, such as 
throughput or maximum burst size the sender could maintain. The receiver must then 
decide if these specifications can be met and answers with a Traffic Control (TCNTL) 
packet. Basically two levels of QoS provisioning are offered: Priority service and 
traditional best-effort service. The type of service is identified by the service field of 
the first packet. Each data packet also carries a message sort number in the XTP 
header that identifies priority packets; contexts with priority data are given expedited 
service at all XTP implementations in the order of their priority sort number. All other 
packets are serviced in FIFO order. With this mechanism of expedited service for 
priority traffic, however, XTP is not capable of providing any bounds or guarantees as 
far as latency values are concerned, since the sort value of the packets is only used for 
ordering packet processing within the queues [STR-1992b, STR-1994]. 

The transport protocol TPX was developed as part of the ESPRIT II Project OSI 
95, which was started at the University of Liège, Belgium in October 1990 [DAN-
1992a, DAN-1992b]. The protocol was specifically designed to support continuous 
media and proposed new definitions for QoS performance [BLA-1993, BOE-1992, 
CAM-1993b, DAN-1993, DAN-1994, HUT-1994]: In TPX, QoS contracts between 
two endpoints are negotiated based on optional QoS values, which can be defined as 
“compulsory”, “threshold” or “maximal quality”. Compulsory QoS values must be 
monitored during a transaction, and if the requested levels cannot be maintained, the 
service must be aborted. Although traffic contracts with compulsory QoS demands are 
serviced before other transport service data units, compulsory service as such does not 
provide any guaranteed service, however; it simply monitors QoS parameters for 
compliance, and stops the service, if its contract cannot be fulfilled.  

Threshold QoS values also demand monitoring and service users receive a 
warning, if the negotiated threshold levels cannot be provided. Without compulsory 
QoS parameters, threshold service is comparable to best effort service with the 
addition of threshold warnings. A third category of QoS parameters are maximal QoS 
values, which are intended to keep limits on provided service facilities, e.g. when a 
user wants to stay within a certain service category for cost reasons.  

In 1993, K. Jeffay, D. L. Stone and F. D. Smith [JEF-1994] proposed a transport 
protocol for multimedia applications called Multimedia Transport Protocol (MTP). 
MTP is an unreliable protocol that is implemented on top of the UDP/IP protocol. To 
enhance QoS for real-time communication, the transport protocol focuses on 
improving best effort service with several transport and audio/video display 
mechanisms. During data bursts, for example, audio and video synchronization is 
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varied within the limits of human perception, so that the effects of the burst and 
subsequent congestion do not affect both audio and video streams equally hard at the 
same time. At the receiver, queue length monitoring is applied to the display queues 
of audio and video data. The queue lengths are used to estimate current network 
conditions and transmission latencies, so that the data in the receiver queues can be 
displayed accordingly and gaps can be avoided: Single video frames in a congested 
queue are dropped if network latencies are low, while during periods of high 
transmission delay, video frames are displayed as late as possible. 

At the sender’s side, applications may have to compete for network access and 
varying amounts of bandwidth may be available to an audio or video stream. For this 
reason, a transport queue management mechanism is also in place to limit the queue 
length for network access and its associated increase of latency. Once the transport 
queue is full, frames are dropped in FIFO order. To ameliorate the effects of discarded 
data or packet loss due to network congestion, MTP also employs a forward error 
correction for audio streams; there is no compensation, however, for loss of video 
frames in MTP.  

With the application of these strategies, the MTP transport protocol is not able to 
offer any guaranteed service for multimedia transmissions. Instead, it attempts to offer 
a degree of QoS for multimedia applications by optimizing best effort service within 
the limits of human perception and through adaptation to current network conditions. 

The Real-Time Transport Protocol (RTP) [RFC-1889] is another transport 
protocol that does not provide guaranteed QoS; instead it relies on other mechanisms 
for service guarantees. The protocol is a framework, however, that addresses the 
special needs of continuous media with its strict timing constraints [RFC-2250, BAS-
1998, KUH-1998] and provides monitoring services that can be used to enhance an 
application’s QoS support. RTP is typically used on top of UDP/IP along with a 
second protocol called RTCP (RTP Control Protocol) for management of control data. 
RTP/RTCP have been developed by a special interest group of the IETF. RTCP does 
not offer any reliability mechanisms, but generates periodic control messages to 
provide QoS feedback based on sender and receiver reports. Adaptive applications 
capable of using these control statistics can adjust their sending rates or buffer sizes 
according to network behavior and thus achieve improved transmission delay, jitter or 
loss values [BUL-1997, SIS-1996]. In connection with multicast, RTCP can also be 
used to track participants and synchronize multiple sources. 

RTP headers include time stamp information and sequence numbers to facilitate 
time synchronization and for measuring arrival jitter of packets. The RTP definition is 
based on generic audio and video transport, but the RTP header can be adjusted to 
include additional information codecs may require for improved performance. For 
such a specialized application, header profiles must be declared, which define how the 
data in the new added header fields must be interpreted. Profiles have been published 
for audio/video conferencing [RFC-3551, SCH-1994], and for H.261 [RFC-2032], 
H.263 [RFC-2190], CellB encoding [RFC-2029], JPEG [RFC-2035], MPEG-
1/MPEG-2 [RFC-2250] and MPEG-4 [RFC-3016] compression formats.  

Table 2.2 provides an overview of the features for QoS provisioning of XTP, 
TPX, MTP and RTP/RTCP. 
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Table 2.2. Comparison of QoS Provisioning of XTP, TPX, MTP and RTP/RTCP 
Transport 
Protocols 

Guaranteed 
Service QoS Provisioning 

XTP no Expedited priority processing, rate-, flow- and error control 
mechanisms 

TPX no Offers negotiation of compulsory, threshold and maximal quality 
QoS parameters, QoS monitoring 

MTP no 
Uses queue length monitoring to estimate current network 
conditions; offers adaptive application display and discard 

mechanisms  

RTP/RTCP no Monitoring services to enhance an application’s QoS support; 
control messages to provide QoS feedback for adaptive applications 

 
Although the described transport protocols cannot provide guaranteed QoS on 

their own, they are able to improve QoS for multimedia applications over best effort 
transmission links. For guaranteed QoS, however, these transport protocols must be 
combined with additional QoS mechanisms, such as resource reservation. 

 

2.4.2. RSVP 
The Resource ReSerVation Protocol (RSVP) [RFC-2205, RFC-2209] supports 

multiple senders and receivers and has been proposed to be used in connection with 
the Integrated Services approach [RFC-2210, BRA-1999] for dynamic per-flow 
resource reservation. RSVP is a resource reservation protocol with receiver-oriented 
reservation, i.e. once the sender has informed the receiver about outgoing data to be 
transmitted, the receiver produces a reservation message specifying the necessary 
QoS requirements. This design of a receiver-oriented connection setup is intended for 
multimedia customers who all want to join in on one application such as a 
videoconference, but may have varying requests as far as QoS levels and associated 
costs are concerned.  

With RSVP, resource reservation starts with a flow source producing a PATH 
message containing the traffic characteristics of the flow. This PATH message is then 
guided through the network to all intended receivers, following the implemented 
routing protocols. On its way, it calls on every encountered router to store path state 
characteristics such as available bandwidth [CHI-1998, GEO-1996]. Once the PATH 
message reaches its destination, the receiver issues a RESV request message. Since 
PATH messages record addresses of previous hop nodes, the RESV message can find 
its way back to the sender along the same path in reverse order, and routers that 
receive the reservation request can either allocate bandwidth and buffer spaces or 
reject the request by generating error notification messages. 

Every path state entry at a network node is associated with a cleanup timer, and 
the temporary flow information is deleted whenever the timer expires. This soft state 
mechanism simplifies the management of reserved resources, but also adds additional 
overhead whenever PATH and RESV messages must be generated to periodically 
refresh the state information at network nodes. 

The RSVP mechanism has not been implemented on a wide scale, because of its 
inflexibility in terms of scalability and router failures along a reserved path: 
Whenever IP changes occur, the reservation scheme is no longer valid, but resources 
may still be tied up until cleanup timers expire. PATH and RESV messages sent to 
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refresh state information may also arrive late or may be lost; this may cause timers to 
expire and state information to be deleted. Resources reserved for an earlier 
connection may then be assigned to a new connection, resulting in wide variations of 
performance [PAR-1994a, BHA-1999]. RSVP also does not give specific 
consideration to real-time communications. 

 
 
 

2.5. Session Layer 
For its main focus of session setup and termination, the OSI Reference Model 

session layer relies on a set of messages and procedures referred to as session control 
signaling. These signaling protocols are responsible for locating a called participant of 
a videoconference or a VoIP application, must negotiate common compression 
formats and bandwidth requests and manage all session participants and associated 
sub-signals. All sub-signals of an application, such as audio or video streams, have to 
be attributed to the session and their synchronization has to be maintained. If some of 
these sub-signal streams are intended for multiple recipients, such as in multicasting, 
session layer protocols must also be capable of managing one-to-many transmissions.  

Since sessions are started at this layer, the setup procedures often include security 
mechanisms [JAC-2003] and should offer flexibility as far as costs and QoS trade-offs 
are concerned. For a videoconference, for instance, the session setup procedures could 
involve providing low quality video streams for recipients with low budget requests, 
while at the same time providing the video signal in better quality for other 
destinations. This is only possible, however, if the application provides video streams 
with different video quality encoding; session level functions are completely 
independent from signal formats. Session control signaling has also been traditionally 
separated from lower layer QoS mechanisms. For real-time multimedia applications 
with strict time constraints, however, QoS provisioning and session control should be 
integrated to a certain degree: Ideally, sessions should not be initiated and participants 
should not be included, if the required minimum levels of QoS cannot be guaranteed.  

The following paragraph introduces the three most prominent session layer 
signaling protocols for multimedia applications: H.323 [ITU-H323] for video-
conferencing, SIP (Session Initiation Protocol) [RFC-2543] for Internet Telephony 
and RTSP (Real-Time Streaming Protocol) [RFC-2326] for media-on-demand. 

The ITU-T recommendation H.323 [ITU-H323, KAR-2000b] is a standardized 
set of protocols for real-time voice, video and data conferencing over the Internet and 
was ratified by the Study Group 16 of the Telecommunications Sector of the ITU-T in 
1998. H.323 is able to bridge between packet-switched and circuit-switched networks 
such as the Public Switched Telephone Network (PSTN). An implementation of 
H.323 is based on four components: Terminals, gatekeepers, gateways and Multipoint 
Control Units (MCUs). Terminals are clients or endpoints where the multimedia 
information is generated or received and gateways provide the interfaces for inter-
network interoperability. MCUs are optional components that are used as centralized 
locations in videoconferences with multiple participants to facilitate the data 
exchange. Their Multipoint Controllers (MCs) process unicast or multicast 
transmissions, while Multipoint Processors (MP) handle the switching of the 
conference streams. As far as QoS is concerned, H.323 depends on the QoS provided 
by Integrated Services, RSVP or Differentiated Services mechanisms. However, 
gatekeepers can influence QoS levels to some degree with admission and access 
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control procedures of clients: A gatekeeper may limit access of endpoints based on 
the availability of bandwidth or based on administrative authorization criteria.  

The Session Initiation Protocol (SIP) [RFC-2543, SCH-1997a] was standardized 
by the IETF Working Group in 1999 as RFC-2543 and was updated by RFC-3261 
[RFC-3261] in June 2002. SIP was defined as a generic protocol and can be used for 
communication in bank transactions, multi-player games or Internet telephony. To set 
up a session, SIP requests and responses are exchanged, which describe the session 
participants, their media flows and the associated bandwidth requirements. SIP 
messages are formulated using the Session Description Protocol (SDP) [RFC-3407, 
RFC-3556].  

To coordinate SIP session control and QoS resource allocation, an IETF draft was 
proposed [RFC-3312, SCH-1999] in 2002, which suggests that a call setup only takes 
place after a set of constraints has been met. In this concept, the set of constraints is 
referred to as “preconditions” and is formulated using SDP. The preconditions 
describe basic QoS requirements as far as the end points or SIP user agents are 
concerned, and may demand sufficient resource reservation before a call is processed. 
If the resource requirements cannot be met, the communication exchange is not 
permitted. 

Goulart and Abler [GOU-2003] proposed a similar concept in 2003, but based 
their approach on the Differentiated Services architecture instead of focusing on 
resource reservation schemes. In their concept, user QoS requirements are mapped 
into traffic characteristics of media flows. SIP messages convey the traffic 
descriptions to edge routers equipped with basic SIP user agents to allow 
communication. Edge routers then use the information to provide coarse-grain QoS 
guarantees to media flows. 

The Real-Time Streaming Protocol (RTSP) [RFC-2326, ELZ-2001, SCH-2001] 
is a standard to control the on-demand delivery of media streams. RTSP allows 
sessions to use media streams located on multiple servers and offers video recorder-
type functions such as “playback”, “pause” and “record” for real-time continuous 
media streams. The protocol uses the exchange of request and response messages for 
session control, and messages can be formulated using the SDP format. 

As a streaming protocol, RTSP is based on the concept that rendering of the data 
can already begin before the entire media object has been received. “Play” requests 
may start as soon as sufficient amounts of data have been received to allow for a 
steady continuous playout. As a QoS measure, RTSP offers “play” requests to include 
time information for scheduling them ahead of time. Network delay variations can be 
hidden that way, resulting in an improvement of user-perceived QoS. RTSP does not 
provide any other QoS support and cannot convey requests for resource reservation to 
lower levels. 

 
 
 

2.6. Presentation Layer 
The presentation layer is primarily concerned with data compression, encryption, 

signal resynchronization and error recovery. Data conversions may also become 
necessary whenever information is exchanged between two systems that are based on 
different text and data representations such as ASCII and EBCDIC codes.  

Although presentation layer functions are independent of the types of QoS 
mechanisms offered at the lower layers, QoS is still an important issue at this level 
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and is closely tied to the perception of video and audio quality. Since most 
applications depend on compression algorithms to reduce the vast amount of data 
generated by media streams in order to facilitate their transmission across the 
network, the choice of compression algorithm has a direct impact on the user-
perceived QoS.  

Several mechanisms are available to increase presentation layer QoS: Data 
streams encoded with additional redundant data or inserted time codes, for instance, 
offer improved error concealment and facilitate resynchronization whenever packets 
are lost in transit or arrive too late at their destination. Another way to enhance user-
perceived QoS and provide better media quality is the use of compression algorithms 
that are based on layered coding techniques [GHA-1989, JIN-2003, KUH-2001a, 
KUH-2001b, KUH-1998].  

Layered video compression algorithms separate the source data stream into a base 
layer stream and an enhancement layer data stream. The base layer stream is 
transported over more reliable channels with a higher priority to ensure that the 
receiver is guaranteed a minimum amount of data within the media’s time constraints. 
With MPEG-2 compression [ITU-H262, SIK-1997a, SIK-1997b, TEI-1996], video 
data may be separated using temporal scalability where different priorities are 
assigned to I, B, and P frames [LEI-1994, KRU-1995, KIM-1999]. Another technique 
provides layering based on spatial resolution, where the base layer consists of a 
coarsely quantized version of the video source [ARA-1996]. Although layered video 
coding supports the use of underlying QoS mechanisms by enabling traffic 
differentiation, it is costly in terms of delay, since the layered algorithm makes the 
compression process more complex and time-consuming [TAN-2001]. 

The compression algorithm and the amount of bandwidth allocated for it also 
have a severe impact on the end-user QoS. In preparation for this work, Naegele-
Jackson et al. [NAE-2001e, RAB-2001a, RAB-2001b, NAE-2002] investigated the 
influence of compression formats with different bandwidth requirements on the 
picture quality of endoscopic video sequences. The study used M-JPEG, MPEG-1 and 
MPEG-2 compression which all belong to the group of “lossy” algorithms. “Lossy” 
encoding techniques reduce the quality of a video to meet a given target bit rate, but 
aim to still retain the optimal quality possible for the data at the specified rate. If very 
small target bit rates are specified, the necessary compression of the data will be high 
and artifacts may become visible during complex video scenes containing a lot of 
movements and detailed information. Simple image textures and low activity, on the 
other hand, may only lead to an objective degradation of the video quality that is not 
visible subjectively to the human eye. The investigation was conducted to establish 
exactly how much of such image degradation due to compression algorithms would 
still be acceptable for video sequences used for medical assessments. 

For the tests, an endoscopic video sequence of 60 seconds was varied 27 times 
using different compression formats and target bit rates. Fourteen experts of two 
medical centers of endoscopy then evaluated the video sequences in a double blind 
test and filled out a questionnaire. The survey focused on picture interferences, 
motion artifacts, image definition, overall picture quality and an assessment if a 
medical diagnosis could still be considered possible with the video material in 
question.  

The video sequences were encoded with MPEG-2 [4:2:2] standard ranging from 
8 to 40 Mbps, MPEG-2 [4:2:0] format between 4 and 15 Mbps, MPEG-1 standard 
with target bit rates of 1.5 and 3 Mbps and M-JPEG at a rate of 15 Mbps. The MPEG-
1 and MPEG-2 sequences were produced with a Tektronix M2-T300 Video Edge 
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Device [TEK-1998b] and all settings were based on a GOP size of 1 (I-frames only). 
For the M-JPEG encoding a CellStack Classic [CEL-1998b, CEL-1997] codec was 
used. The original video sequence was obtained with Olympus and Pentax endoscopes 
[RAB-2002, MAI-2002, RAB-2003] and stored on a Betacam-SP tape recorder as an 
FBAS video signal. The recorder then served as the input source for the codecs (Fig. 
2.4). The Tektronix codecs also required an additional A/D conversion [GRA-2001] 
of the FBAS video signal to SDI. 

Encoders and decoders were connected back-to-back, without any network 
components involved and compressed and decompressed the original sequence. Since 
all compression algorithms were “lossy”, the resulting videos suffered certain degrees 
of degradation and as such were stored on a 601 Fast Silver [FAS-1999] editing 
system for the evaluation process in a proprietary M2V NDQ50 high quality format 
based on 50 Mbps to avoid further distortions.  

The evaluations showed remarkable accordance: A continuous decline of picture 
quality was observed for the compression standard MPEG-2 [4:2:2] from 40 Mbps of 
bandwidth to 8 Mbps and for MPEG-2 [4:2:0] compression with bit rates ranging 
from 15 Mbps to 4 Mbps. The optimal standard of MPEG-2 [4:2:2] at 40 Mbps was 
repeatedly recognized as optimum. The question concerning the usability of a 
sequence for medical diagnostics corresponded with the assessment of the picture  

 

 
 
Fig. 2.4. Test Setup to Obtain Sample Sequences Based on Various “Lossy” 

Compression Formats 
 
quality: MPEG-2 [4:2:2] was rated as better suitable than MPEG-2 [4:2:0]. Motion 
artifacts and image definition were not always evaluated uniformly, but the 
assessments were generally made correctly. 

The following paragraphs give a more detailed view of the findings. An 
abbreviated description of the chosen parameters was adopted in the charts: 422/40, 
for example, denotes the compression format MPEG-2 [4:2:2] with a target bit rate of 
40 Mbps; similarly, 420/15 stands for MPEG-2 [4:2:0] with 15 Mbps. J/15 describes 
the compression format M-JPEG with a bandwidth of 15 Mbps, and 1/3 or 1/1.5 
represent MPEG-1 format with bandwidths of 3 Mbps or 1.5 Mbps, respectively. 
In the questionnaire, image interferences, definition and motion artifacts were rated in 
separate categories. In an additional category the subjects were asked to give an 
assessment of the overall picture quality as a summary of the single categories. 
Possible answers for picture interferences were “none”, “occasionally” and 
“permanently”; an observation of motion artifacts could be rated from “none” to 
“minimal”, “frequent” or “substantial”. There were only two categories to choose 
from for the perception of image definition comprising the values “good definition” 
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and “blurred”. For the overall picture quality the categories “excellent”, “good”, 
“acceptable”, “fair” and “bad” could be chosen, in accordance with the Mean Opinion 
Scores suggested by the ITU-T [ITU-P800]. The usability of the video material for a 
medical diagnosis could be answered with “yes”, “partially” or “no”. For the 
statistical evaluation the categories were associated with numerical values ranging 
from 1 through 5, and the weighted mean of the given answers was calculated (Table 
2.3). In the evaluation of the overall picture quality, the compression format MPEG-2 
[4:2:2] with 40 Mbps was repeatedly rated as “excellent”; MPEG-2 [4:2:2] with 15 
Mbps received a rating of “good” and was considered slightly better than the 
compression format MPEG-2 [4:2:0] at the same target bit rate (Fig. 2.5). M-JPEG 
was rated between “good” and “acceptable”, and MPEG-1 sequences were only 
categorized as ranging between “acceptable” and “fair”. 

 

Fig. 2.5. Evaluation of the Overall Picture Quality of Different Compression Formats 
 
Compression formats below 15 Mbps were given lower quality ratings: The 

overall picture quality of MPEG-2 [4:2:0] at 6 Mbps was evaluated between “good” 
and “acceptable” with a mean of 2.71, but was still considered worse than M-JPEG 
with a mean of 2.43. Both MPEG-1 at a target rate of 3 Mbps and MPEG-1 with 1.5 
Mbps were rated below “acceptable” and scored between MPEG-2 [4:2:0] at 5 Mbps 
and MPEG-2 [4:2:0] at 6 Mbps. The question relating to the suitability of the video 
material for medical diagnoses was mostly answered with “yes” for compression 
formats MPEG-2 [4:2:2] at 15 Mbps and above (Fig. 2.6), as well as for MPEG-2 
[4:2:0] and M-JPEG each at 15 Mbps. MPEG-2 [4:2:0] with 5 Mbps and MPEG-1 
with 3 Mbps were clearly rated as only “partially” suitable for a diagnosis; MPEG-2 
[4:2:0] with 4 Mbps scored close to “no diagnosis possible” with a mean of 2.71. 
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Table 2.3. Evaluation of the Picture Quality of Different Compression Formats 

 

Fig. 2.6. Evaluation of the Picture Quality and its Suitability for a Diagnosis 
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The following pictures are samples of the video sequence used in the evaluation 
and clearly show how compression algorithms impact the resulting picture quality and 
consequently the overall QoS perception of the user. Fig. 2.7 is an example of the 
optimal quality of MPEG-2 [4:2:2] at 40 Mbps. The sample image of Fig. 2.8 was 
encoded using MPEG-1 compression at 1.5 Mbps; the image shows a coarse 
quantization and blocking structure. The sample image of Fig. 2.9 was compressed 
with MPEG-2 [4:2:0] at 4 Mbps. Its coarse resolution led to a rating of “no diagnosis 
possible”.  

 

 
 

Fig. 2.7. Optimal Picture Quality with MPEG-2 [4:2:2] at 40 Mbps 
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Fig. 2.8. Compression with MPEG-1 at 1.5 Mbps 
 
 

 
 

Fig. 2.9. Compression with MPEG-2 [4:2:0] at 4 Mbps 
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2.7. Application Layer 
The application layer connects the end user to the network by providing access to 

the protocol stack. At this level, signal conversions from analog to digital or vice 
versa may take place and signal compatibilities (e.g. PAL to NTSC) must be 
established. For communication components, the task of the application layer also 
involves identifying the destination address. The layer typically interacts with 
application software to implement the required multimedia service. 

The application layer also offers playout buffers to guarantee a smooth display of 
audio and video signals and to decrease the adverse effects of network jitter. A 
playout buffer accepts incoming packets and stores them in the waiting queue until 
the data must be played back. This way, the buffer turns the delay variation the 
packets encountered during their network transmission into a fixed delay large enough 
to compensate for the jitter [ZHA-2000]. Very large delay variations, however, will 
not only lead to buffer overflow, but will also limit the level of interactivity an 
application can offer [FEA-2003]. 

Another important aspect of application level QoS is operating system (OS) 
support for multimedia applications. If QoS is provided across the network to ensure 
high quality transfers with minimized delays, OS scheduling and application 
processing should not defeat this purpose [GOP-1996, MEH-1997b].  

As end hosts can only transmit and receive IP packets as fast as their operating 
systems can handle these packets [FEN-2000b], processor and bus speeds should 
ideally match network transmission speeds. Unfortunately, operating systems have 
not been able to keep up with the increase of networking speeds in recent years and 
especially the operating system’s interrupt processing overhead has become a 
bottleneck [DRU-1994, WAN-2003]. So far several techniques have been proposed in 
an effort to reduce both per-packet and per-byte overheads: Per-packet overhead can 
be reduced by using jumbo frames to extend the MTU size of Ethernet packets [CHA-
2003, OSL-2002] or by using interrupt coalescing to group multiple packet arrivals at 
a high-performance network interface card (NIC) into only one host interrupt [INN-
2000, ZEC-2002]. A reduction of per-byte overhead can be achieved by performing 
checksum operations in hardware [FEN-2000a].  

Since current operating systems were not optimized for processing data arriving 
over high-speed network links, the development of new OS structures to support QoS 
for real-time multimedia applications is an active area of research. A survey of 
operating system support for high performance networking can be found in [PLA-
1999, WAN-2003]. 
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3. End-to-End QoS Architectures 
As described above, for each layer of the OSI Reference Model there are 

mechanisms capable of providing different types of QoS, ranging from user oriented 
QoS to network oriented QoS. Whereas user QoS defines requirements based on the 
perception of multimedia quality, such as resolution or compression ratios, network 
QoS is determined by transmission parameters such as delay, jitter and loss. 
Multimedia applications, however, require QoS guarantees on all levels from end 
system to end system, since both network and user QoS guarantees ultimately affect 
how the end user perceives the quality of a presentation.  

To address this problem, QoS architectures have been proposed that do not only 
offer QoS mechanisms on isolated OSI layers, but try to combine QoS efforts across 
several architectural layers with the inclusion of end systems [AUR-1996, CAM-
1994, CAM-1996a]. Such an approach to integrate QoS mechanisms across different 
OSI layers typically requires that QoS requirements are mapped from one layer to the 
next and QoS provisioning will be translated for implementation at different system 
levels, such as operating system level, network layer or transport layer [CAM-1994, 
CAM-1996a]. The most prominent of such QoS architectures in the literature are the 
Heidelberg QoS Model, the QoS-A architecture and the OMEGA architecture; a more 
recent approach is the TrueCircuit® Technology developed by Path1 Network 
Technologies, Inc. 

 
 
 

3.1. The Heidelberg, QoS-A and OMEGA Architectures  
The Heidelberg QoS Model was developed at IBM’s European Networking 

Center in Heidelberg and combines network and transport layer QoS mechanisms 
with end system mechanisms such as CPU scheduling. The HeiProject [DEL-1993, 
WOL-1994, VOG-1998] consists of HeiTS (the Heidelberg Transport System) for 
multimedia transport and provides end-to-end QoS guarantees based on a resource 
administration technique referred to as HeiRAT (the Heidelberg Resource 
Administration Technique). HeiRAT controls QoS calculation, admission testing, 
resource reservation and resource scheduling and considers all resources including 
CPU, I/O systems, network adapters and transmission links. The HeiRAT algorithms 
for CPU scheduling are based on a priority scheme that rates processes that handle 
packets as critical guaranteed processes (highest priority), critical statistical processes, 
non-multimedia processes or work-ahead processes (lowest priority). Packets are 
assigned deadlines that are calculated based on packet arrival times and a computed 
delay bound for the stream; with the deadline approaching, the process handling the 
stream will be switched to a higher level priority class and will be able to pre-empt the 
currently executing process. 

The resource administration technique HeiRAT supports both guaranteed and 
statistical end-to-end service guarantees. The QoS model is also capable of supporting 
varying QoS demands from different receivers in a multicast group and uses media 
scaling (at network edges) and QoS filtering (in the network) to adapt to the QoS 
capabilities of each recipient. For MPEG streams, such adaptation to changing 
networks loads or receiver constraints may include the dropping of B- and P-frames in 
order to match QoS requirements.  
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The QoS architecture has so far only been tested in a LAN environment; an 
implementation in a wide area network may be difficult to support since it would 
require all routers to support QoS filtering [AUR-1996]. 

Another QoS architecture to combine QoS mechanisms of the network layer, 
transport layer and end system is the Quality of Service Architecture (QoS-A) 
developed at Lancaster University [CAM-1993a, CAM-1994, CAM-1996a, CAM-
1996b]. The QoS-A project is based on a combination of layers and planes. The 
highest layer offers a platform for QoS specifications; a second layer below performs 
jitter correction and synchronizes multiple media streams belonging to a single 
application. Lower layers, such as a transport layer and an internetworking layer, form 
the basis for end-to-end QoS support.  

Just like the Heidelberg QoS Model, the QoS-A project is based on the concept of 
individual flows: Flows are considered to have application specific QoS requirements 
and should not be constrained to fit into certain discrete QoS classes as defined in 
ATM, for instance [CAM-1995]. QoS management for the flow concept is 
implemented based on three architectural planes. A flow management plane is 
responsible for flow admission control, resource reservation and QoS based routing. It 
also maps QoS representations between layers and maintains coarse-grained QoS 
control based on filtering and adaptation. Users can determine in advance what type 
of action will be taken in case the specified level of QoS must be degraded; possible 
choices are renegotiation, notification of degradation indication [HUT-1994] or no 
action. The QoS maintenance plane focuses on QoS monitoring as far as bandwidth, 
loss delay and jitter are concerned and maintains the QoS level defined in the user 
supplied service contract using fine-grained resource tuning. The protocol plane is 
separated into a user plane and a control plane: Data components of a flow are 
assigned to the user plane with a protocol profile for non-assured, high-throughput 
service. Control components are associated with the control plane, since their QoS 
requirements demand low latency assured service. 

As far as end-system QoS support is concerned, the Lancaster QoS-A Model 
includes an extended Chorus micro-kernel that supports QoS adaptation handlers 
[GAR-1995]. The QoS-A architecture has been implemented in a local ATM 
environment. 

The OMEGA architecture [NAH-1995a, NAH-1995b, HAF-1998] was developed 
by the University of Pennsylvania and offers QoS mechanisms at the network layer, 
the transport layer, end-system layer and application/user layer. The OMEGA service 
model is based on resource reservation to provide end-to-end QoS guarantees. The 
concept distinguishes between a communication model and a resource model. Both 
models support two layers: An application subsystem layer combines application and 
session layer functions of the OSI Reference Model. The application subsystem 
manages service calls with single or multiple media streams and offers video frame 
rate control. The second subsystem is referred to as transport subsystem and is 
responsible for network and transport layer functionalities. A QoS Broker of the 
OMEGA communication model is responsible for service guarantees that are 
negotiated at call setup. The QoS Broker, in turn, depends on the OMEGA resource 
model to produce a precise description of resource requirements as far as the 
application, the operating system and the transport system are concerned. Required 
resources are reserved if enough resources are available and the request can be 
granted. If not all requirements can be met, the QoS Broker rejects the call request, 
but provides information about the resources that could be made available to a new 
request at that time.  
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The inclusion of the application layer makes it possible for the OMEGA service 
model to provide QoS guarantees for an application as an entity, even if multiple 
media streams belong to that application. This is in contrast to the QoS-A architecture 
and the Heidelberg QoS Model, which only offer QoS guarantees for single flows. 
The OMEGA architecture was implemented over an ATM LAN on IBM RISC 
System/6000 hosts using the real-time services of the IBM AIX operating system 
[IBM-1991]. The implementation prototype was able to validate the model; it was 
shown, however, that the real-time priority scheme of the operating system did not 
support the QoS Broker sufficiently [NAH-1995a]. 

 
 
 

3.2. TrueCircuit® Technology 
The TrueCircuit® technology [BAU-2001, PAL-2001a, PAL-2001b, PAT-2002b, 

PAT-2003a] is another approach to provide end-to-end QoS over IP networks. 
TrueCircuit® was announced by Path1 Network Technologies, Inc. 
[http://www.path1.net] in 1999 [SAR-2002, TMC-1999] as a technology providing 
QoS guarantees over packet switched networks for all forms of real-time traffic, 
including applications with extremely high bandwidth demands such as the 
transmission of uncompressed broadcast quality video. The TrueCircuit® technology 
is implemented in OSI layers 1 to 3 and uses a QoS toolkit that primarily focuses on 
layer 3 mechanisms, but also includes higher-layer efforts and codec-based end 
system support such as optimization of video signal processing for low latency and 
low jitter transfers. 

QoS is offered by implementing Time Division Multiple Access (TDMA) 
technology on top of the IP protocol to eliminate queueing delays and ensure low end-
to-end latencies. All data packets are assigned to synchronized time slots; 4000 time 
slots are grouped into one T-block (=16 ms). Each time slot is 4 µs long and can carry 
any type of IP packet with 512 Bytes of data. The last slot of each T-block is used for 
synchronization information. With 4000 slots a T-block can therefore transmit 16 MB 
in 16 ms, which yields a total bandwidth of 1 Gbps. 

During connection set up, a data stream is assigned time slots along its pre-
determined network path creating an end-to-end virtual circuit. After the connection 
has been torn down, the time slots are reassigned to other connections again. The 
TrueCircuit® Supervisor Technology module is responsible for routing and time slot 
allocation throughout the network and ensures that all connections stay within their 
allotted time slices. Real-time traffic is separated from traditional data traffic through 
slot assignment, and a real-time connection may claim multiple time slots per T-block 
on each transmission link. In contrast to traditional Time Division Multiplexing 
(TDM), the time slot assignments for the connection is not tied to a fixed position 
within the T-block, but may vary from one link to the next (Fig. 3.1.). The variable 
assignment strategy is possible, since each packet contains header information; it also 
offers the advantage that empty slots can be filled with additional packets and 
resources can be used efficiently via statistical multiplexing.  
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Fig. 3.1. Time Slot Assignment of TrueCircuit® Technology 
 
For the actual proprietary implementation of QoS guarantees, TrueCircuit® 

interacts with existing standards for QoS over IP networks, such as RTP/RTCP, IETF 
Differentiated Services, MPLS, RSVP in conjunction with a Subnet Bandwidth 
Manager (SBM), and COPS (Common Open Policy Service) for the management of 
admission policy across networks. These QoS mechanisms serve as a tool set for the 
patented technology and provide traffic shaping and link management.  

The TrueCircuit® technology claims to produce performance levels comparable 
to ATM [BAU-2001], i.e. no packet losses, a deterministically low latency of 5 ms, a 
maximum jitter of 10 µs and a Bit Error Rate (BER) of 10-12.  

TrueCircuit® technology only needs to be implemented at network nodes along 
connection paths that require QoS for real-time applications. Other parts of a network 
that are not supported by TrueCircuit® technology will not interfere with TrueCircuit® 
traffic, i.e. the technology is scalable and can be applied incrementally to a network.  

At this time it is unclear, if an implementation of the TrueCircuit® switching 
concept has actually been realized in networks other than in laboratory-type show- 
cases.  

When Path1 Network Technologies, Inc. recently demonstrated the transmission 
of high quality video for applications depending on high-detailed images and 
visualization over the Abilene/Internet2 [http://abilene.internet2.edu/] network as part 
of the Fall 2002 Internet2 Member Meeting in Los Angeles, CA 
[http://www.internet2.edu], the demonstration focused on end-system support as far as 
video signal conditioning with FEC mechanisms and SDI adaptation were concerned. 
The uncompressed video stream was adapted to IP packets using the Path1 Cx1000 IP 
Video Gateway [CX1-2003, LEV-2003]. 

The following chapters of this work will also focus on uncompressed video 
streams for high-quality broadcast applications. The same Path1 Cx1000 IP Video 
Gateway will be part of the investigations and will be compared to an SDI to ATM 
adapter for uncompressed SDI transfers over ATM networks. Both types of gateways 
will be tested for QoS performance over IP and ATM networks and the resulting 
video quality will be rated subjectively. 
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PART II - QoS Measurements and User Perception 
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4. Network Quality of Service 
Traditional data traffic like email or http traffic requires transfers without losses 

and can benefit from fast deliveries when the packets arrive earlier than expected. 
Multimedia applications, on the other hand, are subject to strict playout requirements:  
Early packet arrivals must be buffered and late packets must be discarded for a steady 
and continuous display. Although multimedia applications are often capable of 
tolerating a certain amount of lost packets, the type of application determines the 
timing constraints and defines exactly how much packet loss an application can 
accept. Audio and video streaming, for instance, or movies and newscasts played back 
from video servers, are typically distributed in one direction and the users only 
consume the data without any interactivity involved. Such media traffic can therefore 
withstand a certain amount of delays or lost packets. The receiver may notice some of 
the impairments, but will still be able to grasp the main data contents if not too much 
degradation is involved. Applications in tele-medicine, on the other hand, such as 
interactive videoconferences where a doctor assists or even performs surgery from a 
remote location across a network, cannot tolerate any type of interruptions, jitter or 
delays. Other interactive applications with the most severe timing constraints are 
distributed computer games [GIR-2003] and distributed television productions [NAE-
2000, NAE-2001c, NAE-2001d, BOU-2002]. But not all bi-directional applications 
have equally strong requirements: Internet phone applications and most 
videoconferencing applications can still be followed in a meaningful way, even if 
small percentages of packets are lost and delays occur. 

Quality of Service represents a quantitative and qualitative description of these 
application requirements. Such QoS requirements are not only defined by network 
and transmission parameters, but are also dependent on user perception and subjective 
degree of satisfaction with a rendered service. The amount of necessary QoS is 
described by the user as User QoS or Quality of Presentation (QoP) [BAS-1997], 
which must then be translated into appropriate Network QoS requirements. QoS 
parameters are the tools to convey an application’s requirements to the lower OSI 
layers [KOH-1994, STE-1997]. In this work, both network QoS parameters and user 
QoS parameters will be investigated.  

 
 
 

4.1. Network QoS Parameters 
For multimedia traffic, network QoS performance can be measured with the 

parameters delay, delay variation (jitter) and loss rate. Delay or latency describes the 
amount of time it takes to move the data from the sender to the receiver. A distinction 
can be made between mere transit delay across the network connection, and end-to-
end delay, which includes data acquisition at the sender and display buffering at the 
receiver.  

The end-to-end delay of a multimedia application can be divided into several 
components (Fig. 4.1.): At the sender’s side there is signal processing delay at the 
source, when audio and video are captured and may have to be converted to different 
formats, e.g. from analog to digital or from PAL to NTSC. More delay is added when 
the signals are compressed and error control mechanisms are applied. The data must 
then be encapsulated into cells or packets causing additional delay.  
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During their paths through the network, the cells or packets experience nodal 
processing delay, queueing delay, transmission delay and propagation delay. Nodal 
processing delay is the time it takes a router to examine the packet’s header in order to 
determine the next route. The packet is then directed to the appropriate output queue   
where it may have to wait for higher priority traffic or earlier packets to be processed 
first. This waiting time is referred to as queueing delay. Once the packet has reached 
the head of the output queue, it experiences additional store-and-forward delay or 
transmission delay, which corresponds to the time it takes to transmit all bits of the 
packet onto the link. The actual time it takes the bits to travel across the medium is 
called propagation delay.  

 

 
 

Fig. 4.1. End-to-end Delay for Multimedia Applications 
 
At the receiver, error recovery mechanisms and the decoding of compression 

algorithms cause additional delays. The data may also be stored temporarily in a 
playout buffer which smoothes out excessive jitter encountered during the transfer. 
Playout buffers [HAF-2003, MOO-1995] are typically capable of capturing 95-99% 
of the data packets; packets arriving at a full playout buffer must be dropped. The 
operating system at the end host may also add variable amounts of delays if the 
processing of the packets for display requires copying the data between different 
buffers or other processes compete for the same resources. 

Delays due to signal processing at the source are negligible and do not add 
latencies of more than a few microseconds. Similarly small are delays due to data 
encapsulation and nodal processing delays. Propagation delays depend on the physical 
distance the signal travels and the type of medium that is used. The speed of light 
across fiber can be approximated with 200,000 km/s [ROS-2000]. Transmission delay 
is dependent on the packet size and the link speed of the network component 
interface. It can be calculated with the formula 
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      (4.1) 

 
 
 

where p denotes the packet size, N represents the number of links and ri is the link 
speed of the ith link [SCH-2000]. Typical Internet processing delays of maximum-
sized packets of 1,500 Bytes are therefore 19 µs for an OC-12/622Mbps interface and 
77 µs for an OC-3/155Mbps interface. 

Playout buffering, error control mechanisms and compression add fixed amounts 
of delay that are dependent on hardware settings, application parameters or the 
complexity of the algorithm that is involved. Some decoders offer playout buffer 
adjustments (Path1) [PAT-2003b] or fixed sized buffers (VBrick) that must be 
enabled or disabled [VBR-2003] at the receiver.  

Compression latency is a major contributor to end-to-end delay and can seriously 
inhibit interactive communication [NAE-2003c, NAE-2001b, NAE-2001c, HIL-
2001a, HIL-2001b]. To investigate compression delays of a variety of codecs for both 
IP and ATM networks as part of this study [NAE-2001a, NAE-2001b, KLE-2003a, 
HOL-2003], the following test setup was used (Fig. 4.2.): 

 

 
 

Fig. 4.2. Test Setup for Delay Measurements 
 
A Fast Silver 601 [FAS-1999] editing system was used to generate an alternating 
sequence of black and white frames; the black frames were displayed for five seconds 
and were then followed by one second of white frames. The signal was supplied by 
the editing system as an FBAS video and fed into a Tektronix 2220 oscilloscope 
[TEK-1986]. At the same time the black-and-white sequence also served as the input 
signal to an encoder. The encoders were connected to the decoders back-to-back in 
the tests, without any network involved. Once the signal had passed through the 
decoder, it arrived at the second input channel of the oscilloscope and was also 
displayed simultaneously on a monitor for control. The alternation from black to 
white caused an amplitude change on both input channels of the oscilloscope. The 
offset of the amplitude jumps then represented a one-way encoding and decoding 
delay. 

The following codecs were investigated: Litton CAMVision CV2 7615 for 
MPEG-2 over IP [LIT-2000], VBrick VB6000 for MPEG-2 over IP [VBR-2003], 
VCON Falcon using H.263 over IP [VCO-2001], CellStack Classic for M-JPEG over 
ATM [CEL-1997, CEL-1998b, CEL-1998c], and the Tektronix M2-Series Video 
Edge Device for MPEG-1 and MPEG-2 compression over ATM [TEK-1998b]. An 
overview of the measured compression delays is provided in Table 4.1.  
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Table 4.1. Overview of Compression Delays for Various IP and ATM Codecs 

Codecs Compression 
Format GOP Size Bandwidth Delay 

Litton/IP MPEG2/4:2:0 I-frames 7.2 Mbps 200ms 

VBrick/IP MPEG2/4:2:0 I-frames 6 Mbps 190ms 

VCON/IP H.263 default 384 Kbps 580ms 

Tektronix/ATM MPEG2/4:2:2 I-frames 40 Mbps 200ms 

Tektronix/ATM MPEG2/4:2:0 I-frames 7 Mbps 240ms 

CellStack 
Classic/ATM M-JPEG I-frames 11.5 Mbps 100ms 

 
All codecs produced CBR streams. The resulting compression delays depended 

on the type of codec and its compression algorithms; the measured delays also 
included the time it took to map the compressed data into ATM cells or IP packets. 
The compression delays of the VBrick codecs were investigated with the display 
buffer disabled (“jitter queue disabled”) and the option of “packet ordering” disabled 
to achieve the lowest delays. The setting of the VCON decoder for “automatic 
buffering control” was also disabled for the same reason.  

In Table 4.2 it is demonstrated how compression delays are dependent on the 
amount of bandwidth that is available: For MPEG-1 compression, the Tektronix 
codec took 365 ms of delay to encode a video stream into 3 Mbps of bandwidth. 
When only 1 Mbps of bandwidth was available for the same amount of data, the 
compression algorithm had to accomplish a more difficult task involving more 
computation and required 720 ms of delay. Similar observations are also listed in 
Table 4.2 for MPEG-2 compression. 

Table 4.2. Compression Delays for Various Bandwidths 

Codec Compression 
Format GOP Size Bandwidth Delay 

Tektronix/ATM MPEG1 I-frames 3 Mbps 365ms 

Tektronix/ATM MPEG1 I-frames 1.5 Mbps 720ms 

Tektronix/ATM MPEG2/4:2:0 I-frames 15 Mbps 240ms 

Tektronix/ATM MPEG2/4:2:0 I-frames 4 Mbps 285ms 

     

The complexity of the compression algorithms and the associated delays can also 
be demonstrated for various GOP sizes (Table 4.3). In MPEG-2 encoding, a setting of 
I-frames only will yield the shortest compression delays, since the complexities of 
predictive B- and P-frames are eliminated; such encoding will also be more robust in 
case of network impairments. However, an algorithm using a GOP-size of 15, for 
example, with a pattern of IBBP will produce a better picture quality in the case of a 
codec supplying a CBR stream: Since the CBR bandwidth is fixed and B- and P-
frames require less bandwidth than I-frames, more bandwidth will be available for the 
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one I-frame to encode rather than having to equally divide the fixed bandwidth among 
all I-frames in the case of compressions using I-frames only.  

Table 4.3. Compression Delays for Various GOP Sizes 

Codecs Compression 
Format GOP Size Bandwidth Delay 

VBrick/IP MPEG2/4:2:0 I-frames 6 Mbps   190ms 

VBrick/IP MPEG2/4:2:0 IP-7 6 Mbps 350ms 

VBrick/IP MPEG2/4:2:0 IBBP-15 6 Mbps 450ms 

Tektronix/ATM MPEG2/4:2:2 I-frames 40 Mbps 200ms 

Tektronix/ATM MPEG2/4:2:2 IP-7 40 Mbps 310ms 

Tektronix/ATM MPEG2/4:2:2 IBBP-15 40 Mbps 400ms 

 
Packet queueing at network components is also a major contributor to the end-to-

end latency of a packet. The queueing delay adds a variable amount of latency to the 
end-to-end delay, since it depends on the amount of other traffic arriving to the same 
queue. Packets of the same stream may therefore arrive at the destination with varying 
interarrival times. The delay variations are also referred to as network jitter.  

A lot of research has been attributed to queueing delays and queue service 
disciplines [ZHA-1995a]. The initial motivation was to use service disciplines in 
order to provide some form of fair queueing in packet networks, since simple FIFO 
queues do not allow prioritizing and also are not fair: One traffic source can dominate 
a FIFO queue leaving little or no service shares to other traffic. 

For a fair processing of queues, service disciplines such as Packetized 
Generalized Processor Sharing (PGPS) / Weighted Fair Queueing (WFQ) [PAR-
1993], Self-Clocked Fair Queueing (SCFQ) [GOL-1994, GOL-1995], Virtual Clock 
[XIE-1995, ZHA-1991a] and Worst Case Fair Weighted Fair Queueing (WF2Q) 
[BEN-1996] were suggested: In these service disciplines, packets are taken from a 
queue according to a fair algorithm that ensures that each traffic source receives a 
predetermined service time independent of its overall queueing load. This time-
sharing approach with its fairness ensures that each traffic source is served within a 
certain period of time, i.e. the queueing delays are bounded. The jitter bounds are 
dependent on the scheduling discipline that is used and apply as long as the arriving 
traffic is smoothed by certain constraints such as leaky bucket admission controls 
[BAS-1999]. An overview of jitter bounds of both work-conserving service 
disciplines (where a server is never idle when there are packets waiting to be sent) and 
non-work-conserving service disciplines (where a server may be idle for certain time 
periods with packets waiting) can be found in [ZHA-1995a]. Delay bounds of work-
conserving schedulers can be found in [STI-1998]; non-work-conserving disciplines 
are used to decrease jitter, since packets must wait until the beginning of a new 
service period before they can be processed. The increased waiting times involved 
with non-work-conserving disciplines therefore lead to higher average delays [TRY-
1996]. 

Of the work-conserving disciplines, WFQ as the packetized version of GPS (i.e. 
PGPS) is considered the ideal scheduler as far as end-to-end delay bounds and 
fairness are concerned [TRY-1996]. Parekh and Gallager [PAR-1992, PAR-1993, 
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PAR-1994b] described the delay bound Dbound for a traffic class i in a network where 
all nodes use WFQ as scheduling discipline with the formula 

 
 

 
  (4.2) 
 
 

where BSi denotes the token bucket size for traffic class i, λi describes the arrival rate 
of traffic class i at its token bucket with maximum packet size li and Ni denotes the 
number of network nodes the traffic class i traverses; Lmax represents the maximum 
packet size among all connections in the formula, while rm describes the service rate 
at node m. The term BSi / λi describes the delay depending on the associated bucket 
size of traffic class i; the second term adds the amount of time spent by each packet of 
class i per hop. The third part of the formula includes the maximum packet size 
among all connections as a value, which is of importance, since a small packet of 
traffic class i may have to wait for a long packet of another traffic class to be 
processed first, whenever the packet of class i just happens to arrive while the long 
packet is already being serviced. 

As far as multimedia traffic of a traffic class i is concerned, the delay bounds are 
only effective, if network administrators configure bucket sizes and waiting queues 
carefully enough to provide the delay bounds as required by the delay-sensitive 
application. If the parameters across all network nodes are configured too liberally, 
the delay bound will assume a very high value that is well beyond the delay limits and 
timing constraints of multimedia applications [HIL-2002]. 

 
Several statistical measures have been used in research to define delay variation 

[CLA-1998b, CLA-1998c]: Jitter can be described by its range, sample variance, 
standard deviation, absolute deviation or by the number of experienced playout gaps. 
Jitter measures based on range use the maximum amount of delay between any two 
delay measurements or any two consecutive frames, for instance [VER-1991, ITU-
G812]. Jitter measures using variance describe how much each frame or delay 
measurement deviates from the mean interarrival time [FER-1992, RAM-1994]. The 
sample variance s² can be calculated using the formula 

      
      
      
   (4.3) 

 
 
where X  denotes the sample mean, n represents the amount of samples and xi 
represents each sample taken. The standard deviation s is the square root of the 
sample variance s² and has been used as a measure of jitter in [JIN-1991]. To 
minimize the sensitivity of the sample variance and standard deviation to values far 
from the mean Schulzrinne [SCH-1992] used the formula  
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to estimate delay variance as the absolute difference As between the current estimated 
mean delay and the delay sample. Stone and Jeffay [STO-1995a] used yet another 
method: They described the amount of jitter by the number of gaps per second caused 
by late frames.  

For the remainder of this work, jitter will be described by its range, since the 
quality of a multimedia application with its timing constraints depends on jitter 
guarantees and how well delay variation can be bounded to stay within a defined 
range. 

For multimedia applications excessive delays and delay variation can lead to data 
loss, since packets that arrive too late at their destinations can no longer be played out 
and must be discarded at the destination. Packets may also be lost in a network if they 
become corrupted during the transfer or if they have to be dropped to relieve router 
queue overflows. During periods of congestion the queue management may discard 
arriving packets or may drop packets with the longest waiting time in the queue; 
another possibility is to just randomly pick packets to be discarded when the queue 
starts to fill up [ZHA-2000]. 

For multimedia applications there is no compensation for lost packets, since 
traditional mechanisms based on time-outs and retransmissions would add too much 
delay to the transmission. The receiver is therefore forced to accept the losses and 
continue with the playout, although the user may be able to perceive the 
discontinuities. A continuous application such as a sequence of MPEG video, for 
instance, is especially sensitive to data loss, since the loss of one packet can cause an 
entire video frame to be lost and that same loss may then spread to a large number of 
adjacent frames because of the predictive nature of the MPEG compression algorithm. 
This ripple effect can be avoided, however, if packets are dropped in a controlled 
manner using Early Packet Discard (EPD) or Partial Packet Discard (PPD) 
mechanisms, i.e. if consecutive packets of a connection are dropped during periods of 
congestion, rather than using random discard strategies [BAN-1997b, ROM-1995].  

Losses are detected when not all packet sequence numbers can be accounted for. 
Losses are most often described using mean loss rates that provide a metric for long-
term QoS; however, short-term QoS can be captured better using a description of the 
loss process, since the same loss ratio with different loss distributions can lead to 
different perceptions of QoS [SAN-2000]. The IETF IP Performance Metrics (IPPM) 
Working Group [RFC-3357] therefore recommends the metrics “loss distance” and 
“loss periods” to describe packet loss distributions, where “loss distance” represents 
the spacing between loss periods and “loss periods” capture frequency and length of a 
loss.   

 
This description of the QoS parameters delay, jitter and loss clearly shows that 

they are closely related: Delay, jitter and loss all depend on the throughput or data 
average the network can manage. Small overall bandwidth resources with high traffic 
loads lead to packet accumulation in waiting queues and large delay variations. 
Excessive network jitter causes distortions in the display and must be smoothed with 
large playout buffers, which in turn leads to longer delays and inhibits interactive 
communication. Large buffers can avoid some packet loss, but the increased delays 
can cause packets to be discarded if they cannot be played out at their destination in 
time. Small playout buffers offer smaller delays, but have a higher probability for 
packet loss [STO-1995b]. The effects of packet loss could be alleviated with FEC, but 
these mechanisms add overhead and additional delays.  



 

 53  

For multimedia applications the perception of QoS depends on a finely tuned 
combination of all three parameters; the purpose and usage of an application, 
however, actually define acceptable bounds for delay, jitter and loss behavior. 

 
 
 

4.2. Performance Metrics 
For network performance measurements both active and passive measurements 

can be used. Active measurements rely on traffic probes that are added to the network 
traffic; the performance behavior of the network probes is measured at their destina-
tions or measurement points. Active measurements are therefore most suitable for ob-
taining end-to-end QoS metrics such as delay, delay variation and loss. A negative 
property of active measurements is their invasive character: Since the method requires 
the injection of additional traffic, the network under investigation is altered to a 
certain point. To avoid incorrect results, active measurements should be based on 
operations that affect the existing traffic as little as possible.  

Passive measurements do not add any packets to the network traffic; instead, 
measurements are conducted on regular traffic packets on their way through network 
links. Typical metrics for passive measurements are link throughput or packet-size 
statistics that can be obtained at a single point. Another method for passive 
measurements is to analyze computer input traffic at network endpoints with 
workstations that are capable of capturing live network data using software tools such 
as the Open Source Software Package Ethereal [ETH-2003].  

Delay, jitter and loss can be evaluated in both one-way or two-way measurements 
[RFC-2679, RFC-2680, RFC-2681, RFC-3357, RFC-3393]. Two-way measurements 
are based on the Round Trip Time (RTT). The QoS of multimedia applications 
without interactive elements can be described with one-way metrics; two-way 
measurements are especially important for applications that depend on a high grade of 
interactivity, such as IP telephony or distributed applications in tele-medicine or 
broadcasting [NAE-2001c, NAE-2003b, BOU-2002, RAB-2002]. It must be noted 
that two-way measurements may be based on two distinct paths, since over the 
Internet, packets may take a different path on their way back from their destination to 
the source. Even in the case of two symmetric paths, both forward and backward 
directions may have completely different performance characteristics, because 
packets may experience asymmetric queueing due to varying loads of competing 
traffic and may experience different levels of QoS provisioning. One-way 
measurements evaluate QoS parameters on each path separately and are therefore 
better suitable for verifying if QoS guarantees are provided over both ways. 

In one-way measurements two hosts must be involved. For accurate delay 
measurements, for instance, both sending and receiving hosts will add timestamps to 
each packet to mark their sendoff and arrival times. The timestamps are based on the 
internal clock of each host; if the clocks are not synchronized, the delay 
measurements will not be accurate. Synchronized clocks generally also experience 
different clock drifts or clock skews, when they operate at slightly different 
frequencies and a slow shift may occur between the clocks over time. Another 
problem may be caused by clock resolution, if host systems do not provide a time 
resolution higher than 10 ms [JIA-2000]. 

One approach to synchronize time is the Network Time Protocol (NTP) [RFC-
1305, MIL-1997, MIL-1998, MIL-1991]. The NTP design is based on a hierarchical 
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tree of time servers that establish a time synchronization subnet. Synchronization of 
the primary servers located at the root of the tree is based on external reference 
sources and is performed via radio or telephone modem. At fixed intervals, a client 
will send a request to a set of designated servers and waits for their responses. This 
results in an exchange of clock readings from which the client is able to calculate 
clock offset and roundtrip delay to each separate server. Using NTP software 
providing a clock discipline algorithm, the client can then determine time corrections 
and updates and synchronize its clock to the server clock. NTP allows accuracy in the 
order of milliseconds and is able to decrease the amount of systematic errors in one-
way delay measurements; however, it suffers from the weakness that the local clock 
offset is obtained from the value of the mean one-way delay, which in turn is obtained 
by simply dividing the round trip delay by 2. This calculation introduces a margin of 
error, since it is based on the assumption that the one-way delay is symmetrically 
distributed, when in real networks transmission paths are often asymmetric, i.e. the 
forward and backward transmission paths may differ [MOO-2000, PAX-1998, PAX-
1997a, PAX-1997b]. 

The Global Positioning System (GPS) (http://www.navcen.uscg.gov/gps/-
default.htm) can also be used to synchronize time: The satellite-based radio 
navigation system for both location and time references currently offers the most 
accurate measurements of one-way delay with a precision below 50 µs. The 
synchronization depends on 24 satellites in orbit that are spaced in a way that at least 
4 satellites will be in view of any user at any point in time. The satellites serve as 
reference points for GPS receivers and continuously transmit precise position and 
time signals. GPS receivers measure the time delay it takes for the satellite signals to 
reach the receiver and use the data to calculate position and time. For GPS delay 
measurements, both source and destination must be equipped with GPS receivers. The 
current status of the GPS satellite constellation can be obtained from 
http://tycho.usno.navy.mil/gpscurr.html. Due to their accuracy, most Internet 
measurements conducted in this investigation will be GPS-based measurements. 

 
 
 

4.3. Measurements over Real Networks 
Before the QoS parameters delay, jitter and loss and their impact on video 

perception are investigated further in this study, measurements over real IP and ATM 
networks are described. Three different measurement methods are presented: One-
way GPS-based measurements across the G-WiN research network, round trip end-to-
end measurements of a G-WiN videoconferencing session obtained with an 
oscilloscope, and one-way as well as round-trip ATM measurements conducted with 
the help of hardware analyzers. The tests will give an overview of delay, jitter and 
loss parameters as they typically occur in current network environments. A 
comparison of the ATM measurements to ATM-over-IP and Internet transmissions is 
also presented in the last section. 

   

4.3.1. Measurements over the German Research Network G-WiN 
The German Research Network G-WiN (Gigabit Wissenschaftsnetz) [PAT-

2003c] connects over 550 universities, research institutes and laboratories. Its 
administration lies with the DFN-Verein (Association of the German Research 
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Network) [http://www.dfn.de]. The Gigabit network is currently based on 27 core 
nodes that are connected with mostly 2.5 and 10 Gigabit/s links (Fig. 4.3). European-
wide and overseas connectivities are provided via the pan-European research and 
education network GÉANT [http://www.dante.net], the German Internet Exchange 
DE-CIX [http://www.de-cix.net] and additional Telekom, Telia and Global Crossing 
connections over n*2.5 Gigabit links.  

Since 1998, the G-WiN group of the DFN-Verein at the RRZE (Regional 
Computing Center of Erlangen, Germany) has been focusing on developing a 
measurement concept [HOF-2001] to determine QoS levels within the G-WiN. The 
measurement concept of the G-WiN group is based on the IPPM Performance Metrics 
of RFC-2330 [RFC-2330] and uses an analysis program that provides One-Way 
Delay (OWD), One-Way Delay Variation (OWDV) and loss ratios [HOF-2001]. 
Routine measurements started in Fall 2003. Since then data has been regularly 
collected with active measurements of 27 measurement stations dispersed throughout 
the network. A measurement station typically consists of a Pentium 4 PC equipped 
with a Meinberg GPS 169 PCI clock (http://www.meinberg.de) for time 
synchronization. The measurement PCs are based on Red Hat Linux 7.3; the 
measured data is collected in a database and statistically analyzed with an Intel 
Pentium 4 PC with Red Hat Linux 9 operating system  (Fig. 4.4). Each measurement 
PC is equipped with two network interface cards: One card is connected to a G-WiN 
core switch, while the second card can be connected to the network of the client 
facility. 

 
 

Fig. 4.3. Topology of the G-WiN Core Nodes in November 2003 
 
Every 30 seconds the software generates a group of 5 UDP packets of 429 Bytes 
length, which amounts to a total number of 14400 measurement packets per day. The 
packets are sent out with gaps of 5 ms in order to avoid any waiting times at the 
network card interfaces. Each packet contains a segment number and a GPS 
synchronization timestamp. The receiver timestamps the moment of arrival and uses 
the segment number to determine packet loss. The GPS measurement errors are below 
20 µs. The measurement results are made available on the website http://www-
win.rrze.uni-erlangen.de/cgi-bin/ipqos_disp.pl. 
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Initial measurement experiments were conducted in June 2001 using external 
NTP (Network Time Protocol, http://www.ntp.org) time servers for four SunBlade 
100/Solaris measurement stations. The tests showed that such NTP-based 
measurements were not exact enough, since their precision was limited to within a 
few milliseconds. Since the NTP-based measurements proved to be insufficient, the  

 

 
 

Fig. 4.4. Collection of Active Measurements Across the G-WiN Network 
 

G-WiN group decided in 2002 to switch to Linux PCs that were equipped with GPS 
receiver cards (PCI cards) for their measurements. With the GPS receiver cards the 
timestamps of the measurement program are based on the internal system time of a 
measurement station, which is set via NTP. The GPS-receiver of the measurement PC 
is used as the time-server for NTP. However, if NTP loses its synchronization with 
the GPS-card, the clocks start to drift apart (Fig. 4.5) and the OWD steadily increases. 

The measurement process also required a certain alignment during its initial 
phase to avoid erroneous offsets during OWD calculations. Such offsets were 
observed whenever a measurement station received several measurement packets at 
the same time: In that case the processing of the second packet had to be delayed until 
all bits of the first packet had been processed. This store-and-forward delay led to an 
increase of transmission delay and noticeable offset (Fig. 4.6). The problem could be 
avoided by sending out measurement packets with gaps of 5 ms [NAE-2004a]. 

Other difficulties during the initial test phase were measurement stations that only 
received test packets, without generating test packets of their own. In such a test 
environment the switch that was connected to the measurement station would 
regularly lose its ARP entry for the measurement station after a timeout period, as it 
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never received any packets from the station. Newly arriving measurement packets for 
that measurement station could then not be forwarded by the switch until a new ARP-
lookup was performed. This led to high periodic loss rates in the measurement 
statistics until the switch received a permanent entry of the MAC address of the 
measurement station (Fig. 4.7). 

 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 4.5. Drifting of OWD Delays due to Time Synchronization Problems 
 
 
 

 
 
 
 
 
 
 
 
 
 
 

Fig. 4.6. Influence of Store-and Forward Delay 
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Fig. 4.7. Periodic Loss Rates due to Missing ARP Entries 
 
The G-WiN is a well-extended network that offers large capacities. Typical 

network measurements of OWD, OWDV and loss ratios to several locations in 
Germany are listed in Table 3.4. The measurements were conducted from the 
University of Erlangen-Nuremberg to other cities throughout the G-WiN network on 
Wednesday, November 12th, 2003, which was a regular working day in Germany. 
2880 measurements were taken over a period of 24 hours. The table lists the 
minimum and maximum delays measured during the day and shows 95% and 99% 
maximum threshold values which indicate that 95% (99%) of the packets did not 
exceed this threshold value for OWD during that day. The table also includes the 
maximum jitter observed during the 2880 measurements of the day and lists 95% and 
99% maximum jitter threshold values that were not exceeded by 95% (99%) of the 
packets. The jitter values were calculated as OWDmax - OWDmin of each of the 2880 
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measurement periods. Losses are indicated with the number of packets lost along with 
the resulting loss ratio.  

Table 4.4. G-Win Measurements on November 12, 2003 
 From Uni Erlangen to 

 Essen Marburg Bielefeld Regensburg Hannover Leipzig 

Minimum Delay 5.30ms 9.94ms 9.41ms 1.23ms 7.60ms 4.95ms 

95% Delay 
Threshold 5.74ms 10.48ms 9.63ms 1.50ms 8.08ms 5.08ms 

99% Delay 
Threshold 5.98ms 11.40ms 9.88ms 1.69ms 8.67ms 5.13ms 

Maximum Delay 17.02ms 25.26ms 22.29ms 8.07ms 47.43ms 13.04ms 

95% Jitter 
Threshold 272µs 558µs 212µs 265µs 319µs 150µs 

99% Jitter 
Threshold 447µs 785µs 311µs 354µs 453µs 219µs 

Maximum Jitter 2455µs 2889µs 4058µs 3918µs 4017µs 4944µs 

Losses 68 packets 6 packets 6 packets 9 packets 4 packets 7 packets 

Loss Ratio 0.4722% 0.0417% 0.0417% 0.0625% 0.0278% 0.0486% 

 
Fig. 4.8 and Fig. 4.9 provide a more detailed description of the observed delay 

and jitter values using one connection as an example: Fig. 4.8 depicts the graph of the 
median delays obtained between the University of Erlangen and the University of 
Essen on November 12, 2003. Fig. 4.9 shows the corresponding delay variation 
during that day. The graphs show that only few maximum values are in outlying 
areas. 

Nevertheless, the network measurements have shown that at times, situations 
may arise where delays become unusually high and can have detrimental effects on 
user applications. An example of high maximum delay values is given in Fig. 4.10: 
The G-WiN measurement process recorded an extremely high median delay of 61.05 
ms and delay variation of 445.61 ms between two measurement stations A and B. 
Data was recorded between the core routers at station A and B and also between the 
core router and internal network connection of location B. The increase of delay could 
be attributed to internal traffic congestions at location B, since the connection 
between the core routers had steadily remained below 30 ms. 
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Fig. 4.8. One-Way Delay from Uni Erlangen to Uni Essen on November 12, 2003 
 
 
 

 
 

Fig. 4.9. Delay Variation from Uni Erlangen to Uni Essen on November 12, 2003 
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Fig. 4.10. G-WiN Measurements of Extreme Delays 
 
Since multimedia applications are especially sensitive to latency and jitter, it is 

important to investigate network situations that could produce high levels of delay and 
delay variations. One expected cause of increased delays are network congestions: 
Similar to traffic congestions in large cities during rush hour when stop-and-go traffic 
increases delays, the G-WiN measurements were also able to show tendencies of 
higher maximum delays during the peak hours around lunch time and the early 
afternoon: Fig. 4.11 shows OWD and utilization at the uplink of a client network to 
the G-WiN. Chart 1 lists the recorded G-WiN delays for that link; the second chart 
provides the corresponding network utilizations for that link in both directions. It is 
obvious that the maximum delays increased with a higher utilization. The link 
utilization values were obtained from the Customer Network Management (CNM) 
statistics of the DFN association (http://www.cnm.dfn.de). 

Interestingly enough, the median delays remained almost unchanged during the 
day. This is probably due to the fact that during a time period with a mean network 
utilization of more than 30% the utilization is not uniformly distributed. Some 
measurement packets will travel during moments of very high network loads, while 
others will face lower loads. With a packet group of five measurement packets, the 
median will only increase if at least 3 of the packets will have experienced high 
network loads. 

Additional measurements showed that there seems to be only a very small 
correlation between OWD and link utilization (Fig. 4.12): While high utilizations 
have a tendency to lead to high delays, the opposite does not necessarily hold: During 
times of low utilization, OWD may also be high. Fig. 4.12 lists the median delays 
across a G-WiN link over a period of 19 days along with the corresponding mean 
network utilization. The percentages of link utilization were obtained in 15-min 
measurement intervals. The chart clearly shows that high delays can also be observed 
when the link utilization is low. 
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Fig. 4.11. Increase of Delay During Peak Times on June 10, 2003 
 
 

 
 

Fig. 4.12. Delay and Link Utilization 
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In another extreme case, evenly distributed delays were recorded that also could 
not be correlated with their corresponding network utilization (Fig. 4.13). Instead, 
these relatively high delays seemed to occur completely independent of network 
loads.  

This phenomenon was not only observed for the case of evenly distributed 
delays, but could also be demonstrated with the example of Fig.4.14: An OWD-peak 
around 4 a.m. was not visible in the utilization chart and could not be attributed to any 
type of peak behavior as far as network utilization was concerned.  

The findings suggest that network utilization alone cannot serve as an indicator 
for the level of QoS that a network is able to provide. Network impairments such as 
increased delay or delay variation can also be caused by problematic router 
configurations and complex access-lists, for instance, that lead to higher packet-
processing delays. The OWD peak in Fig. 4.14 may very well have been caused by a 
large number of very small sized packets that increased router processing times for all 
packets due to time-consuming access-list overhead. Since routers with complex 
access-lists experience increased processing times depending on the number of 
packets that must be handled rather than on the overall data volume of the link, one-
way delay and associated link utilization may at times exhibit different behaviors. 

Since backbone networks such as the G-WiN are often well extended and only 
show very small loss rates and packet delays, the search for problematic packet delays 
must especially focus on routers at the edge of a core network. Papagiannaki, Veitch 
and Hohn [PAP-2004] investigated network access routers and identified three 
different causes of delay at access links: Unequal link bandwidth, multiplexing across 
different input links and traffic burstiness. The authors concluded in their study that 
bursty traffic seemed to have the smallest impact on excessive packet delays; much 
more significant were the influence of multiplexing and the influence of a link 
bandwidth reduction factor of 16, which is encountered when a OC-48 backbone link 
is fed into an OC-3 access link, for instance. The authors conceded, however, that the 
results were strongly traffic dependent.  
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Fig. 4.13. Evenly Distributed Delays Independent of Network Loads  

(G-WiN / September 29, 2003) 
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Fig.4.14. Peak Delay and Network Utilization (G-WiN / September 26, 2003) 
 
The following paragraph takes these findings into account and introduces 

additional measurements collected across the G-WiN; these measurements do not 
only focus on backbone structures, but instead investigate overall end-to-end delays as 
they occur in typical video conferencing applications across the G-WiN and include 
delays caused by network access links.  

 

4.3.2. Delay Measurements of Multipoint Video Conferences over the G-WiN 
Network  

The measurements described in the previous section provided OWD and OWDV 
values as they occur between the G-WiN measurement stations. However, users 
participating in a videoconference across the G-WiN must expect their packets to 
have much higher overall end-to-end latencies, since additional delays will be added 
by compression algorithms and by conference processing. The following section will 
investigate the round-trip end-to-end delays and delay variation observed during a 
videoconference across the G-WiN using the H.323 standard for IP based 
videoconferencing [NAE-2004b]. 

The recommendation H.323 of the ITU-T [ITU-H323] describes four types of 
components of H.323 networks: Terminals, gateways, gatekeepers and Multipoint 
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Control Units (MCUs). A H.323 terminal must at least support audio transmissions; 
data and video transmissions, on the other hand, are optional modes of operation. The 
recommendation lists the standard audio codecs G.711, G.722, G.723, G.728 and 
G.729 for audio transmissions; possible video codecs in H.323 are H.261 and H.263.  

Gateways manage the transmission across different types of networks such as the 
connection between the PSTN telephone network and the Internet. User access is 
authorized by so-called H.323 gatekeepers. If three or more terminals want to 
participate in a conference, an MCU is also required. The MCU consists of a 
Multipoint Controller (MC) and a Multipoint Processor (MP). The MC component of 
the MCU determines audio and video capabilities of user terminals that wish to 
communicate. The mixing of audio and video streams of the conference is handled by 
the second component of the MCU, the MP.  

The DFN Association offers registered G-WiN users a video conferencing 
service via their website (https://www.vc.dfn.de) and provides several MCUs for the 
exchanges [DFN-2003, HOR-2003, MAI-2003]. The website lists different types of 
conferences: Users can choose between ad hoc video conferences that are either voice 
activated or conferences that operate in a mode of continuous presence. In voice 
activated conferences the participants receive only the video signal of the conference 
speaker whose audio signal is most prevalent at the time. In conferences with 
continuous presence all participants are visible all the time, as the user screen is 
equally shared among all participants.   

For this test the ad hoc conference type 902 (https://www.vc.dfn.de) with 
standard voice activation and centralized MCU (Fig. 4.15) was chosen. Gatekeeper 
authorization was obtained during the conference setup phase through the DFN 
gatekeeper gk.vc.dfn.de in Berlin. The gatekeeper then referred the data exchange to 
its MCU2 (Radvision VIA IP-400 MCU-60/G.722 with VXWorks real-time operating 
system) located in Stuttgart to initiate and control the selected conference type.  

The measurements were obtained using a two-channel oscilloscope [TEK-1986]. 
Instead of a video showing a conference participant, a Fast Silver 601 editing system 
[FAS-1999] was used to produce a sequence of black and white frames where 5 
seconds of black frames and one second of white frames alternated in an eternal loop. 
The sequence was fed into a Falcon IP videoconferencing system [VCO-2001] and 
also used simultaneously as input on channel 1 of the oscilloscope. The encoder of the 
Falcon VC unit compressed the video sequence with H.263 standard to a bit rate of 
320 kbps for video with 25 frames per second; an audio signal was supplied by a 
microphone attached to the encoder and was encoded using a G.722 audio codec and 
a bit rate of 64 kbps.  

A second Falcon IP videoconferencing system was placed in the same room and 
represented the second conference participant. This unit served mainly as a decoding 
unit and supplied the conference video in CIF format (352x288 pixel). The CIF 
sequence was displayed and simultaneously served as input for channel 2 of the 
oscilloscope. Both Falcon videoconferencing systems gained access to the RRZE-
LAN via an Allied Telesyn FS708 10 Base-T/100 Base Tx 8 Port Fast Ethernet 
Switch; no other hardware was connected to that switch during the test. The 
oscilloscope displayed the alternation from black frames to white frames as an 
amplitude change on both input channels; the offset of the amplitude jumps could 
then be recorded as the round-trip end-to-end delay. Since only one oscilloscope was 
used, no GPS synchronization was necessary. 

One hundred measurements were conducted in the early afternoon on December 
1, 2003 from 13:35 to 14:25 hrs. Buffering control and lip synchronization features 
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were disabled on both videoconferencing systems and did not add any additional 
display delays. The average round-trip end-to-end delay and maximum jitter range are 
listed in table 4.5; the maximum jitter range was calculated as the difference between 
OWDmax – OWDmin of the oscilloscope measurements. The table also contains the 
measurement results of two parallel investigations: An evaluation of the VCON 
compression delay and active measurements conducted simultaneously between 
Erlangen and Stuttgart using the GPS-based G-WiN measurement stations as 
described in the previous section (Fig. 4.16). 

 
 

Fig. 4.15. Test Setup for Delay and Jitter Measurements During a Videoconferencing 
Application Across the G-WiN 
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Fig. 4.16. GPS-Based G-WiN Median Delays During the Videoconference 
 
 

 
 

Fig. 4.17. Oscilloscope-Based End-to-End Delays of the Videoconference 
 
The compression delay listed in table 4.5 was obtained without any network 

transmission involved; instead, the encoding and decoding units were looped back-to- 
back using the test setup of Fig. 4.2 to generate a signal offset on the 2-channel 
oscilloscope as before.  
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Table 4.5. End-to-End Delays and Jitter of a H.323 G-WiN Video Conference 
End-to-end 
Delay 

Maximum 
Jitter Range 

Compression 
Delay G-WiN Delay G-WiN Jitter 

Erlangen to Stuttgart: 3.86ms 6.16ms 777.50ms 580ms 580ms 
Stuttgart to Erlangen: 3.57ms 0.63ms 

 
The G-WiN delay (Fig. 4.16) and G-WiN jitter values of the table were obtained 

from the G-WiN measurements conducted during the measurement period from 13:35 
to 14:25 on December 1, 2003. During this time a total of 100 OWD measurements 
were performed between Erlangen and Stuttgart and also between Stuttgart and 
Erlangen. Table 4.5. lists the average of all medians obtained in these samples; the 
jitter values are based on OWDmax – OWDmin of all samples for each direction. 

Fig. 4.17 shows the end-to-end delays of the oscilloscope measurements ranging 
from 640 ms to 1220 ms. Major contributors to the end-to-end latency are 
compression delays and MCU processing delays. In contrast to the GPS-based 
measurements, the oscilloscope-based end-to-end delays also include transmission 
delays within the campus LAN to the G-WiN uplink. 

The transmissions from the G-WiN uplink in Erlangen to the G-WiN 
measurement node in Stuttgart and back only contributed a combined average amount 
of 7.43 ms to the overall delay. Since the G-WiN is a well-extended network that 
offers large capacities, possible bottlenecks for video conferencing applications are 
typically caused by competing traffic between the conference locations and G-WiN 
uplinks.  

Delays of over 700 ms are clearly visible during a conference and are 
counterproductive to a spontaneous interactive exchange. RFC-2354 [RFC-2354] only 
defines a session as interactive if the end-to-end delay is less than 250 ms. According 
to ITU-T recommendation G.114 [ITU-G114], however, 150 ms should in fact not be 
exceeded for one-way delays for interactive applications, as larger delays can 
noticeably inhibit interactive communication.  

 

4.3.3. Measurements over the Gigabit Testbed South (GTB) 
 

The Gigabit Testbed South (GTB) (Fig. 
4.18) was implemented in Germany in 
1998 and connected the cities of Berlin, 
Erlangen and Munich over an exclusive 
dark fiber. A Wave Division Multiplexing 
(WDM) system was in place to split the 
optical fiber pair into three channels that 
supported a combined bandwidth of 7.5 
Gbps. The transmission protocol of the 
GTB South (http://www.gtb.rrze.uni-
erlangen.de) was based on ATM 
technology. Two types of ATM switches 
were used: ASCEND GX-550 and FORE-
MARCONI ASX-4000 switches. The  

        Fig. 4.18. Gigabit Testbed South 
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switches at the locations of Munich and Berlin were each connected to the testbed via 
one STM-16 (for 2.48 Gbps) interface card; the Regional Computing Center in 
Erlangen provided interconnection between the locations with two STM-16 interface 
cards for each switch.  

The following section describes three different test scenarios that were conducted 
across the GTB: Test scenario 1 consisted of three different test configurations where 
the Cell Transfer Delay (CTD) of ATM cells, their Cell Delay Variation (CDV) and 
cell loss were obtained at four different levels of switch workload [NAE-2003b]. In 
test scenario 2 cell interarrival times were investigated under changing workloads. 
Since CBR traffic has a constant cell arrival rate, the differences in interarrival times 
represent the amount of jitter that occurred during the test. Test scenario 3 evaluated 
IP over ATM connections and compared the response times to the response times 
obtained over a corresponding Internet connection. 

 

4.3.3.1. Test Scenario 1: ATM CTD, CDV and Cell Loss under Different 
Workloads 

In test scenario 1 a test loop was set up between the cities of Erlangen and 
Munich across the FORE-MARCONI switches of the GTB South. Traffic was 
generated using a Hewlett Packard ATM Analyzer E4200B [HEW-1996]. The 
analyzer was equipped with STM-1 interfaces; higher traffic loads were generated 
with optical splitters and traffic loops. The generated traffic was first fed into the 
STM-1 interfaces of a FORE-MARCONI ASX-1000 switch. From there the traffic 
flow had access to the ASX-4000 switch of the GTB South via STM-4 interfaces and 
subsequently could reach the GTB location of Munich via the STM-16 interfaces of 
the ASX-4000 switches (Fig. 4.19). 

 

 
 

Fig. 4.19. Test Configuration of Test 1 and 2 
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From Munich the traffic was looped back to the ATM monitor in Erlangen where 
the delay and jitter of the incoming cells were measured. The tests were all performed 
without any additional background traffic. The measurements were conducted with 
three different test configurations; test 1 and 2 (Fig. 4.19) were essentially identical, 
but were conducted with two identical sets of interfaces and used additional traffic 
loops to increase the workloads. Test 3 (Fig. 4.20) was set up to measure the 
transmission delays based on only one loop from Erlangen to Munich without any 
additional looping involved. The workloads of tests 1 and 2 included 16 Mbps (0.67% 
capacity), 2.39592 Gbps (99.99% capacity) and 2.39616 Gbps (100% capacity); test 3 
was conducted with varying workloads from 1 Mbps (0.67% capacity), to 149.745 
Mbps (99.99% capacity) and 149.76 Mbps (100% capacity). A capacity of 99.99% 
proved to be the highest workload that could be switched without the occurrence of 
cell loss. Any load beyond 99.99% led to buffer overflow and cell loss, since the 
switches reserved some of the capacity for management functions. All traffic was 
configured as UBR (Unspecified Bit Rate) traffic. 

Tests 2 and 3 showed nearly identical results as far as delays and CDV were 
concerned (Table 4.6) in configurations where traffic was looped four times between 
Erlangen and Munich. Test 3 showed comparable results for a single loop. The cell 
delay variation was calculated as CDV = CTDmax - CTDmin, where the CTD values 
represented the maximum and minimum cell transfer delays. As the speed of light 
across fiber is estimated to 200,000 km/s, it takes a signal at least 2 ms to cover the 
distance of about 400 km from Erlangen to Munich and back again. The test results 
showed a mean delay of 2.29 ms over a single loop between the two cities in test 
configuration 3. The results corresponded with the test configurations 1 and 2 where 
the traffic cells were transmitted over four loops and had a mean delay of about 9.1 
ms. Cell delay variations in all three tests remained below 42 µs up to a maximum 
workload capacity of 99.99%. 

 
 

Fig. 4.20. Test Configuration of Test 3 
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Table 4.6. Measured ATM CTD, CDV and cell loss 
Workload Mean CTD CDV Cell Loss 
Test 1 
2.39616 Gbps 20.77325 ms 17.5µs Yes 
2.3592 Gbps 9.13875 ms 8.7µs No 
16 Mbps 9.1134 ms 14.4µs No 
Test 2    
2.39616 Gbps 20.86915 ms 85.1µs Yes 
2.3592 Gbps 9.1531ms 41.2µs No 
16 Mbps 9.11325 ms 14.7µs No 
Test 3    
149.76 Mbps 13.83985 ms 2.1 µs Yes 
149.745 Mbps 2.2954 ms 5.4 µs No 
1 Mbps 2.29245 ms 10.9 µs No 
 

4.3.3.2. Test Scenario 2: ATM Cell Interarrival Times under Increasing 
Workloads 

Test scenario 2 was also conducted across the GTB South, but the measurements 
in scenario 2 additionally included short stretches of transmissions across the campus 
network of the University of Erlangen-Nuremburg and a dark fiber connection 
provided by M-Net (http://www.m-net.de) from the GTB location in the center of 
Munich to the measurement location in Munich-Freimann  (Fig. 4.21). 
 

 
 

Fig. 4.21. Test Configuration to Measure Cell Interarrival Times  
 
The traffic was generated with a GNNETTEST Interwatch 95000 

(http://www.navtelcom.com/interwatch.htm) [GNN-2002] in Erlangen as a CBR 
stream. The traffic stream entered the campus network over an STM-4 (622Mbps) 
interface of a FORE-MARCONI ASX-1000 switch and reached the GTB ASX-4000 
switch via a second ASX-4000 switch which was part of the campus network. From 
there the generated stream traveled to Munich and was analyzed with an ADTECH 
AX4000 ATM monitor [http://www.empowerednetworks.com/solution/products/-
spirent_adtech.htm]. 

In a first configuration the traffic generator produced a CBR stream of 298.12 
Mbps. Without any background traffic present, the cell interarrival time was measured 
at 5.97 µs. In a second configuration a second traffic stream of equal bandwidth 
(298.12 Mbps) was added; the total workload on the sender and receiver STM-4 
interfaces therefore amounted to 99.54% of the total interface capacity. The ATM 
analyzer reported an increased cell interarrival time of 48.46 µs for the first and 48.52 
µs for the second stream.  
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It was also possible to demonstrate that a decrease in bandwidth led to a decrease 
of the interarrival time: Fig. 4.22 shows traffic stream 1 with a bandwidth of 298.12 
Mbps and a decreased cell interarrival time of 28.98 µs, since stream 2 was reduced to 
a bandwidth of 285 Mbps and corresponding cell interarrival time of 30.22 µs. Both 
traffic streams amounted to a total workload of 97.35% of the STM-4 interfaces. Both 
tests did not report any cell loss. 

 

 
 
Fig. 4.22. Cell Interarrival Time with 2 Traffic Streams at 97.35% Workload 
 
The tests show that end-systems and applications must be prepared for higher cell 

interarrival times if network interface capacities approach their limits. In the case of 
end-systems such as codecs, for instance, buffers should be provided large enough to 
capture the data streams as they arrive from the switch interfaces. If the end system 
buffers are too small to handle the cell interarrival times set by the network, visible 
data loss may occur in video applications, even if the network transmission was 
completed successfully without any cell loss. 

 

4.3.3.3. Test Scenario 3: IP over ATM vs. Internet Response Times 
In test scenario 3 the same network path was used as in scenario 2 described 

above. In a first test, delay and jitter values were obtained across the ATM network 
infrastructure between Erlangen and Munich to determine ATM transmission 
latencies [NAE-2003a]. The results were then compared to measurements conducted 
over the same network connection using IP over ATM. In a third test, delay and jitter 
values were collected over a regular Internet connection between Erlangen and 
Munich for comparison.  
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To obtain delay and jitter measurements for the ATM infrastructure three 
measurements were conducted: In the first configuration the Interwatch 95000 ATM 
network analyzer was used to generate a CBR traffic stream of 16.9 Mbps. The traffic 
was sent across the infrastructure to Munich. From there the data stream was looped 
back to the analyzer in Erlangen and evaluated. In a second and third test, the 
configuration was mirrored: Traffic was generated in Munich and looped back in 
Erlangen. For tests 2 and 3 the ADTECH AX4000 ATM monitor was used and a CBR 
stream of 323.48 Mbps was generated (Fig. 4.23). For test 1 the traffic was looped 
back at an ATM SDI to ATM adapter which added approximately 342 µs to the delay 
(see section 6.4 for more details). Tests 2 and 3 were configured with a loop at the 
ATM switch interface.  

 

 
 

Fig. 4.23. ATM Delay and Jitter Measurements 
 
The tests were conducted without any additional background traffic. For test 1 

and test 3 the sampling periods each had a duration of 2 s; the sampling periods of test 
2 were each 0.1 s long. The results of test 1 were based on 953 sampling periods. For 
tests 2 and 3 more than 9000 sampling periods were evaluated. Table 4.7 summarizes 
the results obtained for cell transfer delay (CTD) and the corresponding cell delay 
variation (CDV). The jitter was calculated as CDV = CTDmax - CTDmin, where the 
CTD values represented the maximum and minimum cell transfer delays. The 
encountered transmission delays were below 2.87 ms with a cell delay variation of 
less than 14.5 µs. 

Table 4.7. ATM CTD and CDV 

ATM 
Mean 

Bandwith 
[Mbps] 

Maximum 
CTD  
[µs] 

Minimum 
CTD  
[µs] 

Mean CTD 
[µs] 

Jitter CDV 
[µs] 

Test 1 16.90 2892.34 2869.22 2877.86 14.48 
Test 2 323.48 2859.21 2848.16 2852.92 11.05 
Test 3 323.48 2859.63 2847.88 2852.91 11.75 
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Additional measurements were then obtained across the same infrastructure using 
an IP over ATM link. Response times were measured using the freeware software tool 
“Qcheck” [NET-2002] (http://www.netiq.com/qcheck.html). The software consisted 
of a console module and a performance endpoint module. For a measurement test 
between two endpoints three PCs were required: On one PC the console software was 
installed. This PC was then used for setting up and monitoring the tests. To measure 
transfer delays over a transmission link between sender and receiver a computer with 
the endpoint software package had to be installed on each side. Once the test 
parameters were selected, the Qcheck console instructed the endpoints to start a test 
and return the measured parameters to the console (Fig. 4.24). 

Both endpoints used software version 4.5 Build 1589 (Retail) for the IP tests. 
Endpoint1 in Munich used Windows NT 4.0 Build 1381 Service Pack 6 as operating 
system; endpoint 2 in Erlangen was based on a Windows 2000 5.0 Build 2195 
operating system. The Qcheck console version was 2.1 Build 939 (Retail). To 
determine the transit time of two datagrams, Qcheck calculates the difference between 
a datagram’s RTP timestamp and the receiver’s system clock at the time of arrival. 
Clock synchronization occurs between the two endpoints during the initialization 
phase via UDP clock sync packets on port 10115: Endpoint2 will obtain enough clock 
samples from endpoint1 to establish the round-trip delay time and achieve clock 
synchronization. The measurement error lies below 1 ms for Windows 2000, 
Windows NT and Sun ULTRA operating systems [NET-2002]. 

 

 
 

Fig. 4.24. IP Measurements with “Qcheck” 
 
Tests were conducted using TCP and UDP protocols. For all tests the data size 

was set to 100 Bytes. Three iterations were used for each test run, and Qcheck 
returned the maximum, minimum and average amount of time it took to complete a 
transaction between the two endpoints. On both sides the two computers were 
connected to NewBridge Vivid Yellowridge IP routers with ATM interface cards and 
were assigned IP addresses of the same domain. 
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Table 4.8 lists the response times for an IP over ATM connection across the 
infrastructure. Since the IP connection ran through an ATM Virtual Path that shielded 
the traffic from competing data streams, the resulting mean response time was very 
stable and amounted to only 5-6 ms.   

The same software was then used to measure response times in the cases where 
both endpoints were connected to the Internet and had IP addresses of different 
domains. Traceroute results showed 23 hops for the link (Fig. 4.25). 

Table 4.8. Response Time IP over ATM 
Response Time IP over ATM 

Maximum Minimum Mean Variation 
8 ms 4 ms 5 ms 4 ms TCP 13 ms 4 ms 6 ms 9 ms 
6 ms 4 ms 5 ms 2 ms UDP 5 ms 4 ms 5 ms 1 ms 

 
Traceroute Results 

Hop Latency  IP Address Node Name 
1 1 ms  192.168.202.251 192.168.202.251 
2 6 ms  192.168.251.250 192.168.251.250 
3 1 ms  192.168.4.1 192.168.4.1 
4 1 ms  192.168.10.108 zit-10-108.irt.de 
5 3 ms  194.172.230.100 eunet-router.irt.de 
6 172 ms  139.4.69.69 gw6.munich.de.alter.net 
7 187 ms  139.4.10.172 fastethernet0-0.cr1.muc1.alter.net 
8 217 ms  149.227.86.214 103.at-1-1-0.cr1.muc2.alter.net 
9 284 ms  149.227.30.34 so-1-0-0.cr2.str2.alter.net 

10 235 ms  149.227.16.253 so-7-0-0.cr1.str2.alter.net 
11 273 ms  149.227.20.162 so-0-0-0.xr1.fft4.alter.net 
12 301 ms  149.227.30.62 pos0-0.br1.fft2.alter.net 
13 332 ms  149.227.129.22 ir-frankfurt2.g-win.dfn.de 
14 350 ms  188.1.80.37 cr-frankfurt1.g-win.dfn.de 
15 334 ms  188.1.18.78 cr-stuttgart1.g-win.dfn.de 
16 338 ms  188.1.18.217 cr-erlangen1.g-win.dfn.de 
17 379 ms  188.1.72.2 ar-erlangen1.g-win.dfn.de 
18 325 ms  131.188.1.1 excelsior.gate.uni-erlangen.de 
19 304 ms  131.188.5.2 enterprise.gate.uni-erlangen.de 
20 341 ms  131.188.20.101 botany-bay.gate.uni-erlangen.de 
21 342 ms  131.188.20.2 grissom.gate.uni-erlangen.de 
22 258 ms  131.188.20.154 earth.gate.uni-erlangen.de 
23 121 ms  131.188.106.242 uni-tv-242.rrze.uni-erlangen.de 

 
Fig. 4.25. Traceroute Results for the Internet Connection 

 

Table 4.9. Internet Response Time 
Response Time Internet 

Maximum Minimum Mean Variation
194 ms 188 ms 190 ms 6 ms
29 ms 24 ms 26 ms 5 msTCP 

311 ms 252 ms 282 ms 59 ms
161 ms 29 ms 75 ms 132 ms
25 ms 24 ms 23 ms 1 msUDP 

291 ms 258 ms 238 ms 33 ms
The packet size was again set to 100 Bytes and three iterations were used for each 

test run. Table 4.9 shows that the Internet connection had mean response times 
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ranging from 23 ms to 238 ms for UDP and from 26 ms to 282 ms for TCP protocol. 
Variations were as high as 132 ms. 

The tests showed that for high-quality interactive applications where delay times 
must be kept to a minimum in order to ensure spontaneous exchanges, the best effort 
Internet may at peak times not provide sufficiently fast response times and could 
become a bottleneck. High standard multimedia applications therefore still depend on 
ATM technology for the delivery of guaranteed QoS. 
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5. User Quality of Service 

5.1. Objective and Subjective Evaluation of Video Quality 
The QoS provided by the underlying communication network and lossy 

compression algorithms both influence the final QoP of audio and video applications 
and determine how the data is perceived by the user. Since the satisfaction of the user 
decides in the end over success or failure of multimedia transmissions, audio and 
video quality evaluations should not only be based on network QoS parameters, but 
should also take user QoS or Quality of Presentation into account. 

Quality assessments of analog video and uncompressed digital video can be 
conducted using traditional signal quality tests. An increasing number of impairments 
in such signals will lead to a steadily decreasing quality. Based on this linear concept, 
distortions in analog or uncompressed digital video can be measured by passing 
suitable high-quality test signals through the system under test to evaluate their 
channel responses.  

Compressed digital video, however, is mapped to a discrete set of values with a 
finite number of states. Small quality impairments may therefore not become visible 
until a critical threshold value has been exceeded. Visible impairments in compressed 
video feature specific artifacts such as block errors, blurring or mismatches in motion 
compensation that are very different from distortions in analog video. Since the 
amount of visible impairments depends on the video content or image complexity, a 
non-linear evaluation system must be used for the assessment of digital compressed 
video [FIB-2000, TEK-2002a, TEK-1997a, FIB-1997, VER-1996].  

Since the traditional linear measurement techniques are not adequate for 
compressed digital video, subjective picture quality testing has been developed where 
video quality is rated according to the perception of the user. The ITU-R defined 
formal subjective video testing procedures in recommendations ITU-R BT.500 and 
ITU-T P.800 [ITU-B500, ITU-P800]. In subjective evaluations, observers are shown a 
series of test scenes in a strictly controlled environment and deliver quality ratings 
based on their opinions. The test sequences are rated with an opinion score depending 
on the impairments that are observed: A score of 5 represents imperceptible 
impairments and a video quality rating of “excellent”; 4 corresponds to a quality 
rating of  “good” where impairments are noticeable, but not annoying; 3 denotes a 
quality level of “fair” with slightly annoying impairments; 2 describes annoying 
impairments with a quality score of “poor”; 1 represents very annoying impairments 
and is mapped to a quality evaluation of “bad”. At the end of the test, the opinion 
scores of all observers produce a scalar value, the so-called Mean Opinion Score 
(MOS). 

Subjective evaluations have the advantage that they work very well with both 
compressed and traditional media and can be applied to both still and moving 
pictures. A disadvantage of subjective testing is the requirement to conduct the 
evaluation in a strict test setup with a large number of observers. The evaluation 
procedures are also very complex and time-consuming and sometimes cause 
inconsistencies from lab-to-lab or from observer-to-observer [TEK-2001a]. Typical 
application areas for subjective testing are therefore investigations in research and 
development. Continuous monitoring and control, however, requires objective 
measurement methods.  

There have been several different approaches to objective measurements of video 
quality. The most basic methods such as Peak-Signal-to-Noise Ratio (PSNR) and 
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Just-Noticeable-Difference (JND) maps are based on picture differencing where the 
pixel-by-pixel difference between a reference picture and a degraded picture is 
calculated [RAV-1997, TEK-1998a, TEK-1997a]. The difference can then be used to 
obtain a Mean Square Error (MSE) as a measure for distortion, where a larger MSE 
value represents a greater difference between original and degraded sequence. The 
MSE measure is problematic, however, since it does not concur with human 
perception in all cases: If, for instance, two types of degradations are evaluated, where 
in case A a small amount of random noise is responsible for the degradation and in 
case B the distortions are caused by impairments that induce visible block errors in 
the video. Picture differencing in case A will then produce a large MSE and suggest a 
high level of quality degradation. Human observers, however, would consider the 
more visible block errors as more disturbing than a small amount of added noise that 
is only slightly noticeable (Fig. 5.1). 

 

 
 

Fig. 5.1. Picture Differencing and Subjective Evaluation1 
 
In order to achieve a better correlation between objective and subjective 

evaluations, more advanced objective measurement methods were developed that are 
based on the human visual system. In order to be able to design such systems, it was 
necessary to investigate the terms “perception” and “quality” and what they mean to 
the user. Tryfonas describes perception as a “human’s awareness and understanding 
of the elements of his/her environment through physical sensation of the various 
senses” [TRY-1996, pp. 37]. A viewer’s perception will therefore depend on a large 
number of factors such as program content, viewing distance, resolution, brightness, 
sharpness, contrast, display size, and colors. Yendrikhovskij et al. [YEN-1998, WIN-
2001a, WIN-1999] were able to show that in addition to these factors there also seems 
to be a difference between the fidelity of a video and its perceived quality: Accurate 
and natural reproductions of real-life scenes were not always considered as optimal by 
the test subjects in their investigation. Instead, viewers seemed to prefer more colorful 
pictures over more natural images. In other words, the human visual system collects 
information, but in a final human judgment phase the obtained information may not 
be considered significant enough to influence the quality decision [ZOU-1997].  

Objective measurements based on the human visual system generally try to 
collect information on both a reference sequence and a test sequence and then apply a 
quality analysis model to the data to obtain quality scales. Since compression 
algorithms reduce the flow of information by eliminating spatial and temporal 
redundancies, objective methods mainly try to extract spatial and temporal features 

                                                           
1 Picture source: Tektronix, Inc., [TEK-1997a] 
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from the sequences for their quality assessments. The perceived spatial details and the 
amount of perceived motion in the videos are then subjected to a series of statistical 
processing for analysis. Several different quality analysis models have been suggested 
in the literature [WIN-2000, LAM-1996, WU-1996, WEB-1993] and could produce 
good correlation between subjective and objective ratings [SEI-1994, WIN-2001b]. A 
severe disadvantage of these systems is that they are computationally very expensive 
and in some cases do not provide adequate scores whenever extensive losses occur 
[FRO-1998]. 

Other objective measurements have been based on network-related parameters: 
For video transmissions, bit error rate and packet loss ratios have been used as 
objective measures for video quality [ZOU-1997]. Although packet loss and bit errors 
can cause visible impairments, their full impact is often masked by error concealment 
schemes at the receiver. The measurements of these network-related parameters are 
also not directly connected to video contents; the obtained results therefore cannot 
accurately predict the significance of these errors in a subjective evaluation. 

Dalgic and Tobagi [DAL-1996] used “glitches” (i.e. the impact of a loss on the 
video sequence) to characterize network performance and resulting picture quality. 
Glitch statistics were obtained for a number of different transmission qualities where 
glitches were characterized by their duration, their spatial extent within a frame and 
the glitch rate. Although this method could quantify transmission degradations, it did 
not consider differences in encoding quality and their possible impact in a subjective 
assessment. 

Objective measurements can also be achieved by exploiting a priori knowledge of 
the compression algorithm and the special types of artifacts it produces. Watson et al. 
[WAT-2000, DVQ-1999, XIA-2000] described the Digital Video Quality (DVQ) 
metric that is based on the Discrete Cosine Transform (DCT), which is a major 
element in MPEG compression (see section 5.3 below). The DVQ is based on the fact 
that whenever the data rate is too low, relevant information must be dropped and the 
structure of an image is lost. As a result, coarse image blocks with reduced color 
information become visible and the edges of the DCT-blocks become more 
distinguishable from neighboring edges. DVQ metrics search for such block artifacts 
to quantify the amount of video impairments. Although these metrics can be 
implemented rather efficiently, they are not very versatile and must be specialized to 
specific compression algorithms.  

 
 
 

5.2. Human Perception of Network Impairments 
The measurements over IP and ATM networks in Chapter 4 have shown that 

considerable amounts of delay, jitter and losses may occur during data transmissions. 
While traditional applications without strict timing constraints are hardly affected by 
delays and are able to compensate for losses using retransmission schemes, the quality 
of multimedia applications can be severely impacted by large end-to-end delays, jitter 
and loss ratios.  

In both IP and ATM networks, delay, jitter and losses cannot be avoided, as they 
are caused by propagation and queueing delays at network nodes. Overloaded links 
require the queueing of data packets or cells until they can be processed further. 
During periods of congestion, queueing buffers may even overflow and lead to data 
loss. For QoS guarantees, the parameters delay, jitter and loss must be bounded in 
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order to provide a certain level of service to an application. In the case of multimedia 
transmissions, the parameter bounds are not necessarily determined by the capabilities 
of the network, but are set by the applications: Due to their severe timing constraints, 
data transmissions with high delays and jitter may cause loss of information at the 
receiver even when no actual network losses have occurred during the transmission, 
simply because the decoder will not have the information available in time for a 
continuous playout. 

Losses severely affect the QoP of multimedia applications. Bit errors in headers 
may lead to address modifications and subsequent loss of packets or cells; bit errors 
affecting the payload may have a serious impact on the decoding process of the video 
information. While the bit error rate (BER) over terrestrial fiber optic channels can be 
expected to be as low as 10-10, the BER of wireless and satellite links can be much 
higher. Bit errors occur when channel noise causes a receiver to misinterpret the level 
of a logic-1 or a logic-0. Timing jitter in a sequence of data bits can also be the cause 
of bit errors, since a change in clock timing can make a receiver lose synchronization 
with incoming bits and as a result can lead to false interpretations of rising or falling 
edges of logic levels [ROW-2003, ROW-2002].      

The most severe network losses are due to packet loss in overload situations. 
Network losses depend on parameters such as link occupation, buffer length and 
routing policy. Even in ATM networks cell losses can occur, when highly variable 
VBR traffic streams make the provisioning of network resources difficult to manage 
and predict. In ATM networks, cells can also be dropped at the sender’s side, if the 
transmission rate exceeds the negotiated cell rate [ZHA-1991b]. The use of Switched 
Virtual Circuits (SVCs) in ATM networks can also lead to unexpected traffic 
congestion and subsequent cell loss; as a consequence, jitter performance of SVC 
operations can also differ vastly from one connection call to the next [TIE-2001]. 

The loss rate of a transmission, however, does not automatically determine the 
resulting user-perceived quality; instead, the loss profiles must also be taken into 
account: Hands and Wilkins [HAN-1999] were able to show that larger bursts of 
packet losses that occurred less frequently seemed to be less annoying to users than 
more frequent and smaller-sized loss bursts in audio sequences. The amount of loss 
that is acceptable to users of an application depends on the traffic characteristics of 
the multimedia streams and on the behavior of the decoders, i.e. how well they are 
prepared to handle impairments. Highly compressed streams and streams with large 
packet sizes are typically most intolerable of packet loss, since such losses affect large 
amounts of information making reconstruction at the decoder rather difficult.  

Seal and Singh [SEA-1996] also investigated different loss profiles and how they 
manifest themselves to the user. They edited six different video clips captured at 16 
frames per second to study user evaluations for three different types of loss 
distributions of 20% and 40% loss rates. The first distribution represented a clustered 
loss where every 5th frame was discarded for a 20% loss rate, or every 4th and every 
5th frame were dropped for a 40% loss. The discarded frames were replaced by the 
previous frame in each case. The second distribution also featured a clustered loss of 
frames 13 to 15 for a 20% reduction and the discarding of frames 10 to15 for a 40% 
loss. The third distribution of losses was a random loss of frames where 3 frames were 
dropped randomly every 15 frames for the 20% loss rate and 6 frames were randomly 
discarded in the case of the 40% loss rate. 

In the experiment users preferred a 40% random loss to a 20% clustered loss 
every 15th frame. The authors contributed this observation to the fact that a 20% 
clustered loss every 13th through 15th frame resulted in a period of 200 ms where the 
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picture was frozen which seemed to be very annoying to the viewers. Another finding 
of the investigation was that for both 20% and 40% loss rates random losses and 
clustered losses every 5th frame received the same scores. The authors concluded that 
certain loss distributions seem to be more annoying to the human eye, but conceded 
that viewers may also have their own preferences and tastes when it comes to 
selecting acceptable loss profiles. 

Hughes et al. [HUG-1993] were able to show that for variable bit rate video the 
peak to mean ratio can also influence subjective judgments: In their investigations the 
high bit rate peaks of high peak-to-mean ratios were more sensitive to cell loss than 
sequences with lower peak-to-mean ratios. Hughes et al. also demonstrated that the 
visual effect of cell discard differed substantially when three different sequences with 
varying levels of motion were investigated: Variable bit rate sequences with relatively 
little motion were less vulnerable to network overload situations than sequences with 
vigorous motion. 

There is a trade-off between loss and delay for multimedia transmissions: The 
probability for losses can be reduced with larger buffers to hold the packets until all 
correlated information has arrived and can be played out safely; large display buffers, 
however, will add a significant amount of latency to the overall end-to-end delay and 
will severely inhibit interactive communication [MAR-2002]. Since in interactive 
applications playout times cannot be artificially delayed until all data is available, the 
receiver is forced to display the traffic stream at playout time as it is; data that has not 
arrived at that point must be counted as loss. For a lossless operation a buffer at the 
receiver must therefore only be large enough to hold the amount of data that can 
accumulate between the earliest possible packet arrival time and the display time 
[KAR-1997]. 

Delays and variations of delay also have a very strong impact on the perceived 
quality of a multimedia application. Delays are mainly caused by source encoding and 
decoding, segmentation and reassembly processes, queueing and protocol processing. 
Interactive applications demand small end-to-end delays, but the nature of multimedia 
data also requires low variations of delay in order to enable a continuous and steady 
playout of data streams and facilitate their inter-stream synchronizations [KAR-
1996a]. 

For most applications user perceptions can tolerate some delay and jitter. For 
one-way delay, ITU-T recommendation G.114 [ITU-G114, JIA-2000] states that 150 
ms should not be exceeded for most applications, since human perception of delay for 
bi-directional communication is around 100 ms [WAN-2001]. It also lists the range 
from 150 ms to 400 ms of one-way delay as possibly intolerable and an end-to-end 
delay beyond 400 ms as unacceptable. Brady [BRA-1971] discovered that delays of 
600 ms and 1200 ms over satellite connections severely altered the conversational 
behavior of users in telephone conversations: The long delays led to increased 
confusions and involuntary interruptions [SCH-1990, KIT-1991]. 

Jitter or the variation of delay is typically the result of varying queueing delays of 
cells or packets due to their asynchronous multiplexing. This variation of interarrival 
times between data deliveries is dependent on network loads and traffic 
characteristics, the amount of buffer space available at each network node, the 
scheduling disciplines that are used and the number of hops a packet traverses from 
sender to receiver. Jitter can cause severe distortions in video sequences and can make 
continuous speech unintelligible if it exceeds 10 ms [HEH-1990], for example. If a 
multimedia application allows some flexibility as far as end-to-end delays are 
concerned, the delay variations can be equalized with extended buffering at the 
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receiver to enable a continuous and smooth playout. Since jitter control is not required 
for all applications, such equalization is ideally performed at the application layer to 
avoid complex scheduling at network nodes which would possibly increase the 
minimal end-to-end delay of a traffic stream [RAV-1993].  

The delay equalization requires that the receiver displays the multimedia data 
with the rate of the sender. Both sender and receiver should therefore have a common 
reference clock such as a GPS-based clock. If such a common reference is not 
available, the receiver can estimate the sender’s clock from the arriving packet stream 
using a Phase-Locked Loop (PLL): With a PLL electronic circuit an oscillator 
providing the decoder’s system clock frequency can be controlled in a way that a 
constant phase relative to the reference signal is maintained. For the decoder to obtain 
a first reference signal, packets must be equipped with timestamps [TRY-1996, KAR-
1996c]. After synchronization the receiver simply reads the data from the buffer with 
the same time intervals as they were sent.  

Jitter can often be perceived as a lack of lip-synchronization between audio and 
video streams, if the following limits are not observed: The presentation time of video 
can be no more than 20 ms or half a frame period behind the presentation time of its 
associated audio stream (one frame period corresponds to approximately 40 ms for 
PAL video with 25 frames/second); the video presentation can be up to 100 ms ahead 
of the audio track, however. Two audio tracks for a stereo signal should have delay 
differences below 20 µs. Text annotations for video and audio data as well as audio 
synchronizations for still pictures or slide shows have less stringent requirements as 
far as media synchronization is concerned: Acceptable limits for delay differences can 
be within ± 240 ms [STE-1996].  

Lip synchronization can also become problematic, if delays and jitter force the 
receiver to reduce the frame rate in an effort to conceal errors due to late or discarded 
data. If the regular frame rate for PAL video standard of 25 frames per second must 
be dropped below 8 frames per second, lip sync errors can be detected. If jitter 
concealment techniques require a frame rate below 15 frames per second, a video 
sequence will appear choppy to a user and movements will no longer be perceived as 
smooth. A deteriorated sequence with less than 3 frames per second will seem as a 
series of still images to the viewer rather than a video. 

A significant loss of frames does not proportionally decrease a user’s perception 
and understanding of a presentation: Ghinea and Thomas [GHI-1998] were able to 
show that a decrease of frame rate which gave users more time to view a frame before 
it changed led to an increased absorption of information. They also showed that users 
have difficulties in taking in different types of media simultaneously, such as 
concurrent audio, visual and textual data and may switch their focus from one media 
to another. In the case of visible lip sync errors users will typically start focusing on 
the audio message. A dominance of the perception of audio signals was also reported 
by Mued, Lines and Furnell [MUE-2003]. 

Before the influence of network impairments on the perception of video quality 
will be investigated, the impact of compression algorithms on perception will be 
described. The following section 5.3 provides an overview of the MPEG-2 
compression algorithm, error propagation and traffic characteristics of MPEG-2 
streams.  
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5.3. MPEG-2 Compression and Error Perception 
In the late 1980s both the ITU-T and the Moving Pictures Experts Group 

(MPEG) from the ISO/IEC (http://www.mpeg.org) proposed video coding algorithms 
for standardization. The ITU-T supported H.261 as a standard for videoconferencing 
and video-telephony, whereas the MPEG standard [MEN-2001, SIK-1997a, LEG-
1992, LEE-1997, TEK-2002b, TEK-2001b, ROW-2000] was defined for digital 
storage media such as CD-ROM. Both compression standards were DCT-based 
algorithms. The MPEG-1 standard evolved from the JPEG (Joint Photographic 
Experts Group) (http://www.jpeg.org) [NAD-2000] still image compression, but was 
able to achieve higher compression ratios with the additional exploitation of temporal 
redundancies between individual video frames. It was published in 1993 as ISO/IEC 
document 11172 [CHI-1996] and was intended for video compression up to 1.5 Mbps 
with VHS quality and stereo CD-quality audio encoding at 192 kbps/channel [TRY-
1996]. 

MPEG-2 was published in 1995 as international standard ISO/IEC 13818-3 
[CHI-2000] for digital television as the first part of a nine part series covering all 
aspects of MPEG-2 encoding. At this point not all 9 parts have reached the status of 
an international standard yet. MPEG-2 is based on MPEG-1, but was designed to 
offer a wide variety of compression qualities ranging from home television encoding 
with 4-9 Mbps up to high-quality studio applications requiring 15-40 Mbps. To 
accommodate a large number of applications, MPEG-2 defines different profiles and 
levels: The levels refer to the resolution of the produced video signal, whereas profiles 
describe subsets of the complete MPEG-2 coding syntax that are suitable for different 
applications. This offers the advantage that equipment can be optimized to a target 
application area, without having to fully implement the whole MPEG-2 syntax. Video 
conferencing applications, for instance, can be conducted using MPEG-2 codecs 
based on MPEG-2 MP@ML (4:2:0). For more sophisticated applications in telemedi-
cine or in broadcasting that require highest picture quality levels, an MPEG-2 encoder 
supporting MPEG-2 P@ML (4:2:2) would be more appropriate. 

MPEG encoding algorithms are lossy, i.e. the original video quality cannot be 
restored at the decoder in full again. This is due to the fact that compression is 
achieved by dropping information that cannot be perceived by the human visual 
system. Additional compression mechanisms reduce the data rate by exploiting spatial 
and temporal redundancies of video sequences: Since neighboring pixels within a 
frame and also from one frame to the next are not completely independent, but are 
correlated in space and time, their pixel values can be predicted and the redundancies 
can be expressed with reduced encoding information. Spatial redundancies are 
encoded with intraframe coding using the Discrete Cosine Transformation and 
entropy encoding; temporal redundancies are eliminated with interframe coding based 
on motion compensation and motion estimation. 

The MPEG algorithm defines six structural elements: The smallest unit within a 
frame is an 8 x 8 pixel block that can either be a luminance component (Y) or a 
chrominance component of type (R-Y) or (B-Y). Each frame is divided into 
macroblocks; a macroblock contains both luminance blocks and chrominance blocks. 
For the MPEG-2 format 4:2:0 one macroblock would consist of four 8 x 8 luminance 
blocks and have one 8 x 8 chrominance block each of type (R-Y) and (B-Y); MPEG-2 
data with sampling format 4:2:2 would use two of each type of chrominance blocks 
along with the four luminance blocks. 

A slice is the next larger component of the MPEG algorithm and can be described 
as a horizontal strip of several macroblocks. Slices are autonomous units that are 
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encoded independently from their adjacent slices and can therefore serve as 
resynchronization units.  

Every video sequence is divided into individual frames or pictures. MPEG 
defines three different picture types: Intraframes or I-frames, predictive P-frames and 
bidirectionally predictive B-frames. I-frames are encoded autonomously and do not 
take temporal redundancies into account. P-frames exploit both spatial and temporal 
redundancies and use previous I-frames or P-frames for prediction of motion. B-
frames achieve even higher compression by referencing both previous and future I- 
and P-frames for motion estimation, i.e. a B-frame can only be produced after all 
corresponding I- and P-frames have been processed. This requires a re-ordering of the 
natural picture sequence of the video and introduces an additional delay to the 
computation time of the algorithm. The amount of increased delay depends on the 
length of the interval between consecutive B-frames. The different I-, P- and B-frames 
are arranged in a repeating sequence called Group of Picture (GOP). A series of 
pictures or GOPs defines the sequence, the largest structural MPEG unit. 

Spatial coding is achieved with the following steps: The picture image is divided 
into 8 x 8 blocks and a two dimensional Discrete Cosine Transformation is applied to 
columns and rows which de-correlates the image data and reduces inherent 
redundancy. The obtained DCT coefficients are then subjected to a quantization 
process that reduces the number of values they can assume. This quantization step 
minimizes the required bit-rate for their representation, but at the same time causes 
the loss of information. The DCT coefficients are then entropy-encoded with variable 
length bit strings where the most frequent values are assigned the shortest code words.  

For temporal coding as in the case of a P-frame, for instance, the previously used 
I-frame or P-frame is stored in both encoder and decoder. For each macroblock, one 
motion compensation vector is calculated between the current and the previous frame. 
The 8 x 8 DCT, quantization and entropy encoding are then applied to each of the 8 x 
8 blocks within the macroblock.  

 

5.3.1. MPEG-2 Encapsulation 
MPEG-2 uses Transport Streams (TS) for the transmission of MPEG data across 

computer networks. Before the encoded elementary streams can be embedded into 
these transport streams, they must be loaded into Packetized Elementary Stream 
(PES) packets. Each PES packet contains a header and its payload area is sequentially 
loaded with the elementary stream data, without any specific format for alignments or 
encapsulation. Each PES packet carries an identifier in its header to mark it as a 
member of a specific elementary stream. PES packets can also be assigned a 
Presentation Timestamp (PTS) and a Decoding Timestamp (DTS) for correct 
synchronization at the decoder. These timestamps are samples of a constantly running 
binary counter of the encoder called Program Clock Reference (PCR). The decoder 
uses the DTS to indicate when a picture should be decoded so that it will be ready for 
playout at the time set by the PTS timestamp. As long as there is a stable clock 
reference, this timing mechanism ensures that the decoder is able to maintain the 
processing rate of the encoder. The decoder periodically recreates a stable clock 
reference from samples of the encoder clock that are provided in the PCR field of the 
TS packet as additional timing information. 

PES packets of elementary audio and video streams that are part of the same 
context are multiplexed into one transport stream, which later allows the different 
media to be played out in synchronization. Transport streams have fixed-length 
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packets of 188 Bytes which includes a 4 byte header. Each TS packet can hold data 
from only one PES packet and the first byte of a PES packet must always be mapped 
to the first byte of a TS payload. Since PES packets can be of arbitrary length, 
remaining space of TS packets are filled with stuffing bytes.  

For transportation over IP networks, the IETF proposed the mapping of MPEG-2 
TS packets using the RTP/UDP/IP protocol stack [RFC-2250]. Another method is to 
map MPEG-2 TS packets directly onto UDP/IP. If the transport stream is mapped 
onto RTP/UDP/IP [BAR-2001], an integer amount of MPEG-2 packets is used as 
content for each RTP packet. The Program Clock Reference (PCR) counter of the 
MPEG-2 encoder serves as RTP timestamp. Headers and trailers are added for each 
level of the protocol stack as shown in Fig. 5.2. 

 

 
 

Fig. 5.2. Mapping of MPEG-2 TS Packets Using the RTP/UDP/IP Protocol Stack 
 
MPEG-2 TS packets can also be mapped directly onto UDP/IP. In that case the 

UDP frame consists of an integer number of TS packets and the UDP header contains 
the source and destination port addresses for identification of the appropriate 
multimedia application. 

For the transmission of MPEG-2 TS packets over ATM networks both AAL-1 
and AAL-5 Adaptation Layers have been proposed [TRY-1999b, AKY-1996, KAS-
1999]. ATM Adaptation Layers (AALs) are responsible for mapping the higher layer 
packets into ATM cells. The Adaptation Layer is divided into two logical sublayers: 
The Convergence Sublayer (CS) and the Segmentation and Reassembly Sublayer 
(SAR) [ITU-I363a-d]. The CS provides functions or information that are specific to 
the ATM service type it supports. The SAR receives the information and packs it into 
48-Byte blocks. 

AAL-1 was designed for CBR traffic and uses a packing scheme where one 
MPEG-2 TS packet with its 188 Bytes of load is encapsulated into one CS-PDU 
without an additional header or trailer. The CS-PDU is then divided into exactly 4 
SAR payload fields of 47 Bytes in length (Fig. 5.3). The remaining 48th Byte of the 
AAL-1 payload is used to carry a Synchronous Residual Timestamp (SRTS). The 
SRTS allows a source network clock to be recreated at the destination and it is 
implemented in addition to the MPEG timing mechanism. The 48th AAL-1 overhead 
byte also provides sequence number and sequence number protection fields for cell 
loss detection; however, AAL-1 does not offer any payload integrity check.  
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Fig. 5.3. Mapping of MPEG-2 TS Packets to AAL-1 
 
AAL-5 was designed to carry VBR data streams across ATM networks. Several 

different packing schemes were proposed for AAL-5 [MEN-1996]; in 1994 the ATM 
Forum recommended a packing scheme where two MPEG-2 TS packets and one 8-
Byte trailer are spread over exactly 8 AAL-5 payloads (Fig. 5.4) [ZHA-1995b, PER-
1994]. AAL5 receives a CS-PDU, adds the 8-Byte trailer and then sends the AAL5-
PDU to the ATM layer. The trailer only carries alignment, length and Cyclic 
Redundancy Check (CRC) information for the payload data, since the use of AAL5 
was initially intended for loss sensitive applications such as near VoD that would be 
able to rely on mechanisms of retransmission for error correction. As most 
multimedia applications are both delay and loss sensitive and cannot rely on 
retransmission for error control, the transport of the payload data over AAL5 means 
that in case of cell loss or errors no action will be taken to correct the problem. 
Instead, since the application data is based on transport packets and not cells, a 
detection of an error by the AAL will lead to the discard of the full AAL5 CS-PDU 
[GRI-1998, RAT-2003, VER-1996].  

Since two MPEG-2 TS packets are fit into 8 AAL-5 payloads, the processing of a 
TS packet carrying a PCR clock reference sample for decoder synchronization would 
normally be delayed until the second TS packet arrives and both can be assigned to 
the next 8 payloads. However, in order to avoid such an introduction of timing jitter to 
the PCR that could inhibit correct timing recovery at the decoder, the PCR 
information of a TS packet is extracted and sent immediately using 5 cells. As PCR 
information is only included about ten times per second, this adds only minimal 
overhead to the process.  
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Fig. 5.4. Mapping of MPEG-2 TS Packets to AAL-5 

 
One major disadvantage of AAL-1 is the fact that it only accommodates CBR 

traffic. AAL-5 supports both constant and variable bit rate compression and also 
offers a payload integrity check. It is currently implemented in most codecs and 
servers. Because of its error handling approach, however, AAL5 cannot be considered 
an ideal adaptation layer for MPEG-2 either, since the detection of a bit error leads to 
the discard of two MPEG-2 transport packets. Chapter 6 will investigate in more 
detail how such errors and impairments affect the overall video quality. The following 
section will describe MPEG-2 error propagation and possible error concealment 
techniques. 

 

5.3.2. MPEG-2 Error Propagation and Concealment Techniques 
Errors affecting video streams and thus a viewer’s perception of video quality can 

be due to data loss and buffer overflow during the transmission, but can also be the 
result of large delay variations that prevent a continuous playout at the receiver and 
force the decoder to discard late arrivals (this type of loss is also referred to as “late 
loss”). Jitter compensation can be achieved by temporarily buffering incoming 
packets until the data can be displayed in a steady stream at the expense of increased 
delay. Figure 5.5 describes the trade-off between late loss and delay and depicts the 
required decoder buffer size. The end-to-end delay of a packet or cell carrying video 
data is composed of a fixed amount of compression delay at the encoder (Denc); the 
data units then require a certain fixed amount of time to be transmitted (propagation 
delay Dprop). Across the network, queueing delays (Dqueue) are added to the overall 
end-to-end delay, whenever the packet must wait to be scheduled for processing. 
Queueing delays are variable delays, since they are highly dependent on scheduling 
times and competing traffic that contribute to queue lengths and waiting times. When 
an IP packet arrives at the receiver, an additional variable delay (Dord) may become  
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Fig. 5.5. Delay Variation, Decoder Late Loss and Buffer Size
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necessary to allow time for reordering the packet, since contrary to ATM 
transmissions, IP packets belonging to one MPEG transport stream may be sent over 
different routes and loose their original succession in line. At the receiver, the 
decoding delay Ddec also adds a fixed amount of delay to the overall end-to-end delay. 
With a minimum amount of delay variation, a packet i will then finally be available 
for playout at its destination at time ai,min; with a maximum amount of jitter packet i 
will be available for playout at time ai,max.  

Since video sequences must be displayed according to strict timing constraints 
(for PAL video, a new frame must be available every 40 ms, for instance), there is a 
given delay limit DL when the data must be played out. If a packet is not available at 
its playout time, i.e. DL < ai (with ai denoting the time packet i becomes available), 
then it is considered a late loss and must be discarded, although it did survive the 
network transmission and no network loss occurred. A packet with availability ai,min ≤ 
ai ≤ DL will be stored in the decoder buffer until it can be displayed at its appropriate 
time. The buffer must therefore be large enough to hold all packets arriving between 
the possible arrival time Dmin (minimum jitter occurred) and the playout time DL when 
the frame associated with these packets must be displayed. One-way applications can 
afford to extend the deadline DL to allow more packets to arrive in time; the increased 
end-to-end delay, however, severely inhibits spontaneity and interactive communi-
cation.  

This trade-off between latency and data loss poses an especially interesting 
problem for high quality video applications that depend on interactive communication 
requiring minimal end-to-end delays and at the same time, cannot tolerate any data 
losses due to their high quality demands. Chapter 6 of this work will investigate such 
high quality video transmissions and the impact of jitter and data losses on the 
resulting subjective quality perception for both MPEG compressed and uncompressed 
SDI video sequences. 

 

5.3.2.1. MPEG-2 Error Propagation  
Whenever MPEG-based video transmissions are affected by data loss, the 

damage may be extensive, since the MPEG compression removes most of the 
redundancy in the data and corruption or loss may make it impossible to reconstruct 
the signal at the decoder. The severity of the impact depends on the location of the 
errors.  If syntactic information such as headers are damaged or lost, their underlying 
information can no longer be adequately retrieved or identified and must also be 
considered lost. Headers are added to sequences, GOPs, pictures, slices, TS packets 
and PES packets and are not encoded [VER-1996, VER-1999]. Since these headers 
identify various units of information, the loss of some headers can have a more 
detrimental effect on the resulting picture quality than the loss of others. The 12-Byte 
sequence header of an MPEG stream, for instance, is very crucial, as it identifies a file 
as an MPEG stream and contains vital information such as picture dimensions that are 
essential for a correct decoding of the associated bit stream. 

Similarly, the header of a picture contains a picture start code [NOR-1995]. If the 
header carrying the code is lost, a decoder will parse through all of the frame’s bits 
searching for it. Once it reaches the picture start code of the following image, it will 
begin decoding that new frame and skip the previous frame. The loss of a picture 
header will therefore result in the loss of an entire frame. If the picture coding type 
field of a picture header is corrupted, a decoder can no longer identify I, B or P frames 
correctly. A picture frame may then be parsed and interpreted according to the wrong 
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picture type, which would result in a completely garbled image. If the loss of syntactic 
information affects the start code of a picture slice, the decoder will skip the slice and 
move on to the next slice. The decoder will be able to place the following slices 
correctly within the image as long as the loss error has not affected the specification 
of the vertical position of a slice within a frame, which is also part of the slice header. 
Slice boundaries constitute the smallest resynchronization points in MPEG bit 
streams, since the macroblocks and blocks within a slice that carry the semantic data 
are encoded with variable length Huffman coding. The Huffman coding leaves a 
decoder unaware of the length of a code word until after its decoding and without any 
references to starting points of future code words. If code words are altered and their 
lengths misinterpreted, the error will propagate spatially, as the following code words 
will also be misaligned and will translate into false motion vectors and DCT 
coefficients. Such a 16 x 16 pixel slice (as the basic unit for motion prediction) will 
then become visible as a block within the image that does not blend in very well with 
its surroundings and will lead to the typical block error effect of erroneous MPEG bit 
streams (Fig. 5.6). 

 

   
 

   
 

Fig. 5.6. Block Errors in MPEG Sequences 
 
Since the MPEG compression algorithm employs motion compensation and 

interframe predictions, the loss of syntactic information and subsequent loss of 
semantic payload data can also propagate temporally across several intracoded 
pictures until the end of the defective GOP. An error in an I or P frame will persist 
until a new uncorrupted I frame arrives, because I frames are intracoded and self-
contained. In a sequence with a GOP size of 15 where an I frame is encoded every 15 
frames, an error in an I frame would therefore persist for 600 ms (with a frame length 
of 40 ms for a PAL sequence with 25 frames per second) – an error duration that 
would be clearly obvious to a viewer. 

Smaller GOP sizes or sequences encoded with I frames only will therefore make 
a video sequence more robust in case of errors; in addition to that the encoding 
algorithm for a sequence based on I frames only will have smaller compression 
delays, as complex predictive calculations do not have to be performed. However, if 
video sequences are encoded with a fixed bit rate, an I frame only sequence will 
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generally have the lowest picture quality compared to other GOP sizes, since the 
available bandwidth will have to be divided among all I frames, leaving a smaller bit 
rate for each I frame to encode. In sequences with GOP sizes based on a large number 
of B and P frames, on the other hand, a large amount of bandwidth can be allocated 
for the initial I frame within the GOP in order to maximize picture quality, as the 
following B and P frames will be encoded with much smaller bit rates. The trade-off 
between compression delays and GOP encoding in connection with various levels of 
perceived picture quality will be investigated in detail in the following chapter. 

Errors that occur in B frames are not propagated to any other frames, since B 
frames are not referenced by the other frame types. A B frame will however propagate 
errors from an earlier and future frame to itself. P frames also propagate errors from 
earlier frames to themselves and can also propagate errors to the following frames 
through referencing. 

MPEG streams that are transmitted over ATM may be affected by physical bit 
errors or by cell loss due to buffer overflow at switch interfaces. Although ATM 
provides mechanisms to shield individual VCs from competing traffic and possible 
data loss, buffer overflows can still occur for UBR traffic or VBR streams, for 
instance, whenever users do not adhere to the traffic parameters such as average cell 
rate, peak cell rate, maximum burst size, etc., that were negotiated during connection 
setup. The Call Admission Control (CAC) is then forced to drop non-conforming cells 
using traffic shaping and traffic policing functions, which can have a very detrimental 
effect on MPEG encoded video streams: Since traffic shaping is achieved by 
buffering bursty streams to reduce bandwidth utilization, the added delay may in turn 
lead to late cells and subsequent data loss at the decoder. 

In the case of VBR video this situation cannot easily be avoided by simply 
negotiating higher traffic parameters, since the highest possible peak rates that an 
encoder may produce depend on the complexity of the video content and may be 
difficult to determine in advance. It may also not be economical to reserve bandwidth 
based on the highest possible peak rate, if such peak values will only rarely occur and 
the application can tolerate some errors: Aside from the added benefit of reduced 
costs of a smaller bandwidth requirement, requesting reduced peak rates will also lead 
to better overall line utilizations.  

 

5.3.2.2. Error Concealment Techniques  
In ATM technology, ATM adaptation layers (AALs) handle errors and losses 

before they affect the quality of an application. However, AAL5 for video 
transmissions only supports error detection as far as the payload is concerned, and 
does not provide Forward Error Correction (FEC) or jitter control [MEH-1999]. 
Whenever an error is detected, the entire AAL-PDU will be discarded. Single bit 
errors that affect the header of an ATM cell can be both detected and corrected with 
the 8-bit Header Error Control (HEC) field of an ATM cell header. If more than one 
bit is corrupted, the HEC scheme will not be able to correct the error and the cell may 
be lost.  

Since ATM cells have a fixed size of 53 Bytes with 48 Bytes for payload data, 
the loss of a cell will only cause the loss of a few macroblocks. Different types of 
concealment mechanisms can therefore be applied to ameliorate the effect of 
corrupted MPEG data, in contrast to video transmissions over IP networks with larger 
packet sizes, where the loss of an IP packet can cause one or more slices to be lost 
[BOY-1999, CAI-1999]. 
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If an intermediate node drops a cell, all following cells that are associated with 
the discarded cell and belong to the same PDU will eventually also be discarded and 
therefore do not need to be transmitted any further [MEH-1996]. To allow for a more 
graceful degradation of picture quality, Early Packet Discard (EPD) mechanisms 
[MEH-1998b, MEH-1997c, MEH-1997d] can then be used to avoid the indiscriminate 
loss of cells. EPD mechanisms allow the specific dropping of cells of lower priority 
levels such as cells carrying B- or P-frames, to ensure that high priority cells carrying 
I-frame information will be able to pass through without suffering any loss 
impairments. With a GOP size of 12 the early packet discard of successive B cells 
could lead to a 13% reduction of the cell stream [MEH-1996]. If more restrictions 
were needed, P cells making up 29% of such a stream, could also be discarded. Cells 
carrying I-frame information would make up 53% of the stream and should remain 
unaffected by the EPD scheme. 

The ITU-T [ITU-I371] has proposed the use of the Cell Loss Priority (CLP) bit 
for prioritizing traffic in its recommendation I.371, but intended the CLP bit for 
separating conforming from non-conforming cells as far as traffic control and 
congestion is concerned. The use of the CLP bit for identifying high priority cells 
based on user oriented QoS would therefore lead to a conflict. Mehaoua et al. [MEH-
1996] proposed the extension of the CLP bit by combining it with the adjacent one bit 
Payload Type Indicator (PTI) field of the ATM header to distinguish between both 
service-oriented and congestion-oriented types of priority levels. With both CLP and 
PTI bits, their control scheme offers four priority states in a way that leaves the 
original meanings of both fields as intended by the ITU-T standardization. The 
highest priority level is represented by the CLP/PTI combination ‘00’ and is reserved 
for system data; I frames receive the second highest priority level with a CLP/PTI 
combination ‘01’; low priority P frames are marked as non-vital with a setting of ‘10’ 
and B frames receive the lowest priority marking of ‘11’. 

To protect the information of I-frames even further, block interleaving has been 
suggested as an error concealment and loss recovery technique [MEH-1996]. Since in 
the MPEG video coding scheme neighboring data is highly correlated, missing blocks 
can be replaced by adjacent blocks that carry similar information. To avoid the 
simultaneous loss of neighboring blocks, the data is interleaved in such a way that 
adjacent block regions are transported in different ATM cells separated by a known 
distance within the transmitted stream. The loss of a transport unit with interleaved 
data will then lead to more small glitches in the reconstructed stream, but will avoid 
the occurrence of a significant loss that may propagate over several frames.  

Interleaving requires the sender to re-sequence the data units and does not allow 
the packaging of the data according to the traditional scanning order. As this re-
sequencing is rather time-consuming, it is not suitable for applications depending on 
interactive communication with strict low-latency requirements [NOR-1995, FRO-
1998]. 

Forward Error Correction (FEC) is another loss anticipation scheme. Additional 
information is added to the data stream for redundancy, which increases the required 
transmission bit rate, but can help to reconstruct the lost information or produce 
similar data to replace a lost transmission unit. FEC cannot help in cases, however, 
where more data is lost than what the code word is able to correct [KAR-1996a]. The 
commonly used Reed-Solomon code, for instance, is capable of correcting 4 errors 
per code word [KAR-1996c], but since losses due to buffer overflow at switch 
interfaces are typically caused by traffic bursts, the resulting extensive losses will 
usually be far more than what the code can correct.  
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When MPEG sequences are transmitted over IP networks, the loss of an IP 
packet can translate into the loss of several MPEG slices, if multiple slices have been 
placed into one IP packet. Since FEC schemes are only intended for single bit or short 
burst errors, additional data protection and recovery schemes are required.  

The sizes of IP packets depend on how the MPEG data is arranged into the IP 
packets. The IETF’s RFC-2250 [RFC-2250] “RTP Payload Format for 
MPEG1/MPEG2 Video” recommends that a single MPEG slice could either be placed 
into one IP packet, or may be split and arranged into multiple packets. The RFC also 
lists the possibility that several slices are encapsulated into a single IP packet. Boyce 
and Gaglianello [BOY-1998] investigated the relationship between packet sizes and 
packet loss rates of MPEG data and found that smaller packet sizes could be 
associated with higher packet loss rates. The observation can be explained by the fact 
that smaller packet sizes will lead to an increased number of packets that must be 
processed at a router, which may eventually lead to router queue overflows in some 
instances. 

Boyce and Gaglianello suggested that an entire slice should always be placed into 
an IP packet, since spreading a slice over several packets would increase the risk that 
part of the slice might be lost and subsequently would lead to the loss of all packets 
carrying parts of that slice. If only one slice is arranged into one IP packet, chances 
are also improved that neighboring slices will not be affected by the same packet loss 
and will therefore be available for reconstruction and improve the effectiveness of 
error concealment mechanisms. However, if the packet loss rate of a network were 
considerably larger for smaller packets than for large packets, it would be more 
beneficial to the resulting picture quality, if multiple slices were placed into each 
packet.  

Boyce and Gaglianello also showed that due to the spatial and temporal 
propagation of errors in MPEG video sequences, even small packet loss rates of only 
3% could translate into frame error rates of 30%. Their observations were based on 
the simplified objective measure of defective frames, were one error per frame led to 
the frame being listed as flawed, regardless of whether just one block was flawed or 
the entire frame was lost. Subjective evaluations were not performed in this context. 

In contrast to ATM transmissions, UDP packets carrying MPEG data may also 
arrive out of order, since packets may be sent along different routing paths. Packets 
that arrive out of order must be buffered until they can be re-arranged and hopefully 
be decoded in time for display in the intended order. In [BOY-1998] out of order 
packet arrivals ranged from 1.75% to 12.65% on the average over three different 
paths over the Internet within the U.S. using two different data rates. However, the 
majority of the out of order arrivals were delayed only by a single packet. 

 
This section showed that MPEG error propagation and resulting perception of 

video quality depend on a number of factors: For both ATM and IP transmissions, 
MPEG-oriented data encapsulation is important and can influence user perceived QoS 
during data loss. Other important factors are decoder buffer sizes and error 
concealment behavior for both jitter and loss compensation. 
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5.3.3. MPEG-2 Traffic Characteristics and Video Quality 
Once an encoder has produced an MPEG transport stream, the payload is mapped 

onto IP packets or ATM cells. This section will now investigate the codec related 
characteristics of such MPEG flows and their impact on video quality.  

MPEG encoders produce either continuous bit rate traffic streams or variable bit 
rate streams. Since the complexities and activities of video contents vary from scene 
to scene, an encoder actually requires varying amounts of bits to capture all 
information during the encoding process of a video scene. The resulting output stream 
of a video sequence with varying contents and a constant level of quality therefore 
delivers a variable bit rate traffic stream.  

However, since the variability of the bit rate depends on the scene contents and 
can be very difficult to determine for purposes of QoS provisioning, many users 
prefer codecs that provide a constant level of output bit rate independent of video 
contents, although a consistent level of quality cannot be provided in this case. The 
majority of the hardware encoders on the market at this time deliver CBR traffic only. 

VBR coding does not only provide consistent quality, but as a great advantage it 
offers bandwidth savings through statistical multiplexing when a number of VBR 
channels share one ATM link. The multiplexing gains are obtained, because traffic 
peaks on all channels will only rarely coincide and resources freed by periods of low 
activity on one channel can be used by the other channels [VER-1989, MEH-1998a, 
DAL-1997, RAT-2003, FRO-1998]. The allocation of resources over the shared link 
will therefore be closer to the sum of the mean bandwidth requirements of all VBR 
sources, rather than to the sum of their peak requirements. Statistical multiplexing 
offers most gains on high capacity links with large numbers of connections and only 
very moderate gains when connections use more than one tenth of the total link rate 
[FRO-1998].  

With statistical multiplexing, the shared link-bandwidth can temporarily exceed 
the amount of available resources when several sources demand peak rates 
simultaneously. This will result in buffer overflows and loss and may lead to serious 
degradation of video quality. The high variability of video sources also makes it very 
difficult to estimate sustainable and peak cell rates for ATM VBR transmissions, 
whenever the parameters of a video source cannot be analyzed before a transmission, 
and can easily lead to an underestimation as far as bandwidth allocation is concerned. 
The variations on a program level can indeed be quite high: Leduc and Delogne 
[LED-1996] reported that scenes within a program may vary from the program mean 
by a factor of 5, and individual frames in a scene may also produce a bit rate 5 times 
as large as the mean bit rate of the scene. The authors also showed that these 
variations decreased when the compression rates were increased.  

Fig. 5.7 provides a comparison of VBR frame sizes based on MPEG-1 traces 
from two different types of video sequences obtained from the University of 
Wuerzburg (http://nero.informatik.uni-wuerzburg.de/MPEG/traces/). The first graph 
shows the variation of frame sizes of 3000 frames of the action movie “Terminator 
II”; the second graph uses 3000 traces of a news sequence. The GOP size used for 
encoding was 12 with a pattern of IBBPBBPBBPBB. The source input were 384 x 
288 pels with 12-bit color information at a frame rate of 25 frames/s. The sequences 
were compressed using the UC Berkeley MPEG-1 software encoder [GON-1994]. 
Rose [ROS-1995] used these same two sequences among others to show that typical 
television clips such as news, sports or music videos generally lead to MPEG 
sequences with higher peak bit rates and higher peak-to-mean ratios than sequences 
from a motion picture: The “Terminator II” sequence featured here had a mean bit 
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rate of 0.27 Mbps and a peak bit rate of 0.74 Mbps, whereas the news sequence had a 
mean bit rate of 0.38 Mbps and a peak bit rate of 2.23 Mbps. 

 

 
 

Fig. 5.7. Variations of VBR Frame Sizes of a News and an Action Movie Video 
Segment 

 
Because of the possibility of large fluctuations, VBR coding is predominantly 

used for the storage of video on Digital Versatile Discs (DVDs) and is less common 
for video transmissions. Even in a controlled playback of a video as in VOD 
transmissions, where all required traffic parameters can be predetermined during 
recording, there is no full predictability of a VBR video source, if the application 
allows users to fast forward, pause, skip and rewind [KAR-1997]. 

CBR coding bounds the bit rate from above, but the bit rate may vary within that 
bound. A bound on the bit rate is achieved with the use of a finite adaptation buffer. 
Feedback mechanisms control the bit generation of the codec output based on the 
buffer fill level. Once a certain threshold is reached, the encoding bit rate is reduced 
with an increase of the compression ratio, i.e. by increasing the quantization step size 
[MEH-1998a], which causes the picture quality to degrade. Compared to VBR 
encoding, this buffering adds an additional amount of delay to the encoding process 
and also makes the manufacturing of a CBR codec more costly.  

Since in CBR coding the bounded rate is controlled by the requested encoding 
rate and the quality of the video varies with the complexities and activities of the 
scenes, the busiest video scene should be taken into consideration when the encoding 
bit rate is chosen [ZHA-1991b]. With a bounded rate, an encoding algorithm based on 
I-frames only (GOP size = 1) will provide less quality than a more complex algorithm 
such as IBBP with a GOP size of 19, for example, because in the first case the 
bounded rate will have to be divided among all I frames, leaving a smaller amount of 
bandwidth for each individual I-frame. Since P- and B-frames require less bandwidth 
than I-frames (proportions in size between different frame types typically range from 
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3:2:1 to 5:3:1 for I:P:B [TRU-2003]), more bandwidth per second remains for the 
encoding of the I-frame and a higher video quality can be provided. Unfortunately, 
such IBBP-based GOP patterns with their complex encoding algorithms are also more 
time-consuming as far as encoding delays are concerned, as was already demonstrated 
in Chapter 2. 

CBR encoding also offers the advantage that the optimal size of a de-jittering 
buffer can be determined more easily. Such a buffer can be used at the decoder to 
smooth out jitter imposed by the network transmission, and the buffer length can be 
adapted to network conditions. Since any additional buffering increases end-to-end 
delay, the buffer size should be kept to a minimum for interactive applications. An 
arriving VBR stream will require varying levels of buffer occupancy according to its 
data rate, even if there is a constant average delay throughout the network. A change 
in the transport rate may then not be determined exactly and the emptying of the 
buffer at the required rate becomes difficult [TRY-1999b, DEV-2000]. 

As far as ATM service categories are concerned, both CBR and VBR services 
may be chosen for both CBR and VBR encoded sources, although CBR sources will 
in the majority of the cases be mapped to a CBR service, and a VBR source to a VBR 
service category. The decision for a network service will ultimately depend on 
application requirements and service costs. 

 
 
 

5.4. SDI over X Technologies 
As described above, MPEG compression is most useful for reducing large video 

data volumes for transmission and storage; however, the encoding algorithm is lossy 
and costly as far as compression latencies are concerned. In addition, the complexities 
of the encoding mechanism with its cross references within GOP sizes can make 
MPEG sequences very sensitive to network impairments. This is especially the case, 
when video sequences are edited to include many drastic scene changes and frames 
with certain video contents are replaced during the editing process that other frames 
would depend on for motion compensated prediction. 

Within a studio or set broadcast environment, video productions and professional 
studio equipment are typically based on uncompressed SDI (Serial Digital Interface) 
signals; MPEG encoding of the SDI video signals is used for media storage on DVD, 
for instance, or whenever the produced material must be transported over one-way 
cable-TV or satellite links where latency is not critical. The Serial Digital Interface or 
SDI was developed as a carrier system for studio applications; its physical interface 
specifications allow the transmission of an uncompressed digital video signal with 
270 Mbps over a maximum distance of 200 m over coaxial cable. Video transmissions 
over networks involving larger distances, however, require special hardware adapters 
that are capable of mapping the SDI signals to the appropriate network data units. 

In contrast to MPEG encoding, SDI over X technologies do not involve any 
compression of the video signal, but simply map the video stream onto IP packets or 
ATM cells. This SDI over X adaptation process is completely lossless and the 
uncompressed video retains its original quality throughout a video transmission. 
Errors do not propagate, as the signal is simply encapsulated in the appropriate data 
units without any references between frames. Since the adaptation is not based on 
complex compression algorithms, it can be almost achieved in real-time and end-to-
end latency for interactive applications can be kept to a minimum. SDI over X 
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adaptations are therefore especially well suited for applications that are both 
interactive and require a high amount of quality at the same time. [WAT-2001].  

Without any compression, however, bandwidth requirements of digital video 
streams are huge and easily amount to several hundred Megabit/s. While the QoP of 
such SDI over X applications is not impacted by a loss of quality due to MPEG 
compression and its associated block errors and error propagation, the large 
bandwidth requirements cause resources to be scarce and easily give rise to buffer 
overflows and unpredictable jitter. SDI over X adapters usually employ FEC 
mechanisms to avoid excessive errors; however, as large data volumes may lead to 
higher jitter and loss ratios, the question remains how much such correction 
mechanisms are able to smooth out adverse network conditions and if the increased 
costs for higher bandwidths are indeed worth the expense.  

The following Chapter 6 will conduct both subjective and objective evaluations 
to answer this question. An in-depth look at the QoP of both MPEG-2 compressed 
sequences and SDI over X adaptations under various network conditions will be 
provided and the influence of network impairments on both MPEG-2 compressed and 
uncompressed SDI video sequences will be investigated. 

 
 
 

5.5. Related Work 
Although there is no error propagation as in MPEG-compressed sequences, 

impairments can still become visible in high quality SDI video streams, if during the 
end-to-end transmission not all errors can be corrected with FEC mechanisms or not 
all time constraints can be met. It is therefore very important not only for MPEG-2 
compressed sequences, but also for SDI over X transmissions to find out how much 
network QoS must be provided to ensure a certain level of user QoP at the receiving 
end. The purpose of this thesis is to investigate if such a mapping or translation of 
network QoS to user QoS exists, and how strongly it may be dependent on hardware, 
compression algorithms, adaptations or FEC mechanisms.  

 
Network QoS parameters such as delay, delay variation and loss ratios have been 

investigated in the literature before for both IP [BOL-1993, MUK-1994, NAS-1998, 
JIA-2000, BOR-2000, PER-2002] and ATM networks [MOL-1994, CRO-1995, 
MOL-1995, YUR-1995, GRO-1996, MOL-1996, NAS-1996, ZAM-1996b, BAN-
1997a, ADA-1998, GRI-1998, MOR-1999, SAH-1999, ADA-2001, RAT-2003]; 
however, only very few studies have actually offered subjective or objective 
evaluations to determine the impact that these network QoS parameters may have on 
the resulting picture quality.  

The first subjective evaluations of picture quality in connection with network 
QoS parameters were provided for very low bit rate sequences: Dalgic and Tobagi 
[DAL-1996] as well as Boyce and Gaglianello [BOY-1998] focused on the effects of 
packet loss on MPEG-1 video sequences over IP networks; Hands and Wilkins 
[HAN-1999] studied both the impact of network loss and burst size on the quality of 
one-way MPEG-1 video streaming. Subjective evaluations of the impact of jitter for 
MPEG-1 video was provided by Claypool in [CLA-1998b, CLA-1999b]. Wang et al. 
[WAN-2001] also considered jitter over IP networks with subjective evaluations, but 
in the context of very low bit rate RealStreaming. Ashmawi et al. [ASH-2001] and 
Steinmann et al. [STE-2004] also focused on low bandwidth streaming applications in 
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connection with packet loss. Dimolitsas et al. [DIM-1993] provided subjective 
evaluations of the connection quality of ISDN video telephony over ATM networks 
using two 64-kbps video-telephones. Calyam et al. [CAL-2004] also investigated 
extremely low bit rate videoconferencing applications of 384 kbps that were encoded 
with H.261, H.262 and H.263 compression algorithms; the authors were able to 
establish bounds for “good”, “acceptable” and “poor” performances for delay, jitter 
and loss. 

To the author’s knowledge, the only studies involving subjective evaluations in 
connection with network QoS parameters for higher quality video sequences were 
provided by Verscheure et al. [VER-1998a, VER-1998b], Cai et al. [CAI-1999] and 
Zamora et al. [ZAM-1997a]. Verscheure et al. addressed encoding rates and cell loss 
for MPEG-2 encoded video over packet networks [VER-1998b] and the associated 
user-perceptions. The authors used video sequences with encoding rates between 3 
and 6 Mbps. In their investigations, an increase in encoding rate did not necessarily 
correspond to an increased quality perception; instead, above a certain threshold there 
seemed to be a quality-optimal coding rate for their codecs for a given loss ratio. The 
authors presented similar observations for ATM transmissions with encoding rates 
between 4 and 25 Mbps [VER-1998a]. 

Cai et al. [CAI-1999] considered the impact of packet loss on the quality 
perception of MPEG-2 sequences. The video streams had an encoding rate of 6 Mbps 
and were compressed using the MPEG-2 4:2:0 format. The authors studied the 
relationship of packet loss to slice loss, picture loss and frame error rate. The study 
identified slice loss rather than picture loss as the main contributor to a decrease in 
picture quality and found that a mere 1% packet loss rate could actually translate into 
40% of the frames containing errors. 

Zamora et al. [ZAM-1996a, ZAM-1997a, ZAM-1997b] investigated MPEG-2 
sequences and the QoS parameters cell delay variation, bit errors and PDU losses over 
ATM networks. Both CBR and VBR traffic streams were investigated with average 
encoding rates between 2.9 Mbps and 5.6 Mbps. The authors found a bit error rate of 
10-5 to be sufficient for a quality rating of “good” and also showed that VBR video 
sequences were more sensitive to cell delay variation, but seemed more robust as far 
as PDU losses were concerned. 

With the exception of the study of loss rates vs. encoding rates of Verscheure et 
al. [VER-1998a], the literature does not provide any subjective investigations of 
MPEG-2 sequences for high-quality video where bandwidths are at least 15 Mbps and 
beyond. To the author’s knowledge, the QoS parameter of jitter and its impact on 
quality perception has not been studied at all for MPEG-2 sequences over IP 
networks. Similarly, no investigations could be found in the literature that focus on 
extreme video transmissions such as uncompressed SDI video over IP or ATM 
networks. The following Chapter will therefore concentrate on these issues and will 
study both high bit rate MPEG-2 video and uncompressed SDI video transmissions 
over both ATM and IP network infrastructures. The QoS parameters delay, delay 
variation and loss ratios will be investigated for four different types of hardware 
codecs and the produced video sequences will be subjectively and objectively 
evaluated. The results will be used to determine if indeed a general translation of 
network QoS parameters to user QoS parameters exists or if a mapping of network 
QoS to user QoS is strongly dependent on hardware, compression settings or network 
protocols.  
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6. The Perception of MPEG-2 and SDI over X Video Quality under 
the Influence of Network Impairments 
For the following tests four different types of video codecs and adapters were 

used in a test network. The purpose of the tests was to measure the QoS parameters 
delay, delay variation and jitter during periods of congestion or otherwise induced 
network impairments in order to find a relation between the measured QoS parameters 
and the resulting picture quality. The measurements were conducted using high-
quality MPEG-2 and uncompressed SDI video sequences over both IP and ATM 
networks, so that if such a translation indeed existed, it could be used as a basis for a 
general QoS classification scheme that was independent of video formats as well as 
network protocols. 

 
 
 

6.1. QoS Impairments and Measurements  
The following video codecs and adapters were used to produce a total of 290 

video clips with different levels of impairments and picture quality: The Tektronix 
M2-Series Video Edge Device for MPEG-2 over ATM [TEK-1999], the VBrick 6000 
Series encoder and decoder for MPEG-2 over IP [VBR-2003], an ATM adapter for 
uncompressed SDI video over ATM [EIL-2000a] and the Cx1000 Path1 Network 
Technologies Adapter for uncompressed SDI over IP [PAT-2003b]. The video clips 
were then subjectively evaluated by a group of 10 test viewers; some of the sequences 
were also evaluated objectively using a studio editing system where errors could be 
registered individually on a frame-by-frame basis.  

Both high bit rate MPEG-2 (with at least 15 Mbps of bandwidth) and SDI 
sequences were chosen, since both types of video formats can be used for high-quality 
applications in tele-medicine or in a professional broadcast environment. The 
differences between MPEG-2 and uncompressed SDI transmissions can be mainly 
attributed to compression delays and error propagation: MPEG-2 encoding is costly as 
far as compression latency is concerned and facilitates error propagation due to its 
algorithm with cross references between frames. Uncompressed transmissions, 
however, do not suffer from error propagation, but require huge amounts of 
bandwidth and may cause network resources to become scarce and as a consequence, 
may cause QoS to decline. Therefore, for high-quality and bandwidth intensive 
applications, the question must be investigated if the more robust SDI transmissions 
with high bandwidth costs should be used, or if MPEG-2 compressed video would 
still yield sufficient user QoS for less expense.  

The MPEG-2 codecs and SDI adapters described above were examined for both 
ATM and IP networks, since error patterns and QoS parameters differ for both 
protocols: For ATM transmissions, the MPEG-2 Transport Stream (TS) is 
encapsulated into small fixed size cells that can all be switched in the same length of 
time and will therefore be generally subjected to smaller jitter variations than MPEG-
2 video streams that are encapsulated in IP packets; this is due to the fact that variable 
size IP packets lead to a higher variability of store-and-forward delays whenever 
packets are processed. MPEG-2 error patterns may also be different for ATM and IP 
transmissions, because ATM cells with their fixed length make it impossible to 
arrange the MPEG-2 TS into ATM cells based on content boundaries or picture 
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elements that would make reconstruction easier at the receiver during network 
impairments.  

For each of the four devices video sequences were evaluated without any 
impairments at first; in additional test scenarios, compression delays and the impact of 
delay variation and loss ratios were studied. Some of the devices also had special 
features such as the possibility to vary UDP sizes, MPEG-2 sampling rates or buffer 
sizes to smooth delay variations; although these features were not available for each 
type of hardware and could therefore not contribute to an overall classification 
scheme, the features were included in the individual tests whenever possible. 

Each test used the same type of video source: A Sony EVI D31 camera [SON-
2003a] filmed a metronome that was swinging with 184 beats a minute. In the 
background of the picture three circles were visible in the basic colors blue, red and 
green. The metronome was placed on a black and white chessboard-type area (Fig. 
6.1).  

 

   
 

Fig. 6.1. Video Source and Test Scene Selection 
 
There were several reasons why this test scene was produced as shown above: 

The chessboard area was challenging for the MPEG codecs as each black and white 
block had sharply contrasting borders to its adjacent blocks and the small areas did 
not offer much redundancy for fast and easy encoding. The colored circles in the 
background also made it possible to easily detect the loss of chroma information due 
to jitter, as can often be observed in SDI sequences. The swinging metronome 
provided temporal information and made it possible to detect missing frames where 
the picture appeared frozen for an instant: In such a case the steady rhythm of the 
metronome was interrupted by a flickering jerky movement of the pendulum.  

The selected test scene also had the advantage that it consisted of both foreground 
and background tasks comparable to a videoconferencing scenario or a news 
broadcast in television, where the viewer pays full attention to the foreground task and 
possibly less attention to the background task. Since the different emphasis on 
background and foreground events can have implications on quality perceptions 
[BUX-1995, HOL-1997, MUL-2001], it was important to conduct the subjective 
video evaluations with video sources that represented such typical application 
scenarios.  

Since the properties of the selected test scene made the video source suitable for 
both SDI and MPEG-2 video, the same setting was used for all jitter and loss tests. 
For the measurement of the compression delays, however, a sequence of alternating 
black and white frames was used as described in section 4.1 in order to produce clear 
peaks on the oscilloscope reading.  

The tests were all conducted in the same position of a well-lit room with neon 
lights producing 4125 Lumen / 58W; the camera was at least 5 yards from the nearest 
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window to avoid changes in lighting due to weather related influences. Despite all 
these efforts, the test scenario could not replace a professional laboratory environment 
especially suited and calibrated for video quality evaluations. The fact that this study 
was conducted in an everyday environment, however, has the advantage that its 
findings were obtained in typical work conditions, such as a surgeon evaluating 
endoscopic sequences would encounter in a hospital room, for instance. 

During the tests the effects of the generated network impairments and their 
impact on the produced video were recorded on a two-hour Sony DVCAM digital 
video tape [SON-2004] with a Sony DSR-20P DVCAM digital videocassette recorder 
[SON-2003b]. The video material was then cut to various length sequences ranging 
from 10s to 90s and presented to the test audience. Each member of the test group 
watched the video clips on a 70 cm Sony KV-A2931D Trinitron color television 
screen [SON-2003c] and answered a questionnaire [Appendix]. On the tape the video 
clips were separated by sequences with 7s of black frames showing a white number 
that announced the new sequence number of the following video clip. This allowed 
test viewers to separate an occasional black phase that was due to network 
impairments from the pause between each video clip and helped the viewers to assign 
their evaluations correctly to the associated line on the questionnaire. 

The viewers provided answers to the following questions: Were there 
no/occasional/frequent color changes? Were there no/minimal/frequent/substantial 
block errors? Did the video clip have a good/bad definition? Were the movements 
regular/occasionally irregular/very irregular? And finally, could the overall picture 
quality be rated as excellent/good/fair/poor/bad? The test subjects were instructed to 
always answer the question pertaining to the overall resulting quality; the remaining 
questions were considered optional and were provided by the test viewers as they saw 
fit.  

The video clips did not have any accompanying audio tracks. The audio signal 
was deliberately not used so that the observed evaluations could be attributed to the 
video alone. The added audio signal would have made it difficult to separate the 
subjective influence of the audio signal from the subjective influence due to the video 
signal. This separation is essential, since both Ghinea and Thomas [GHI-1998] and 
Mued, Lines and Furnell [MUE-2003] reported that users seem to disregard the video 
message and will focus on the audio message whenever video impairments become 
visible, and that the perception of video will then be affected by the perceived quality 
of the audio signal. Since the purpose of this study was to investigate the QoS of 
video impairments, the video clips were presented without any audio content and the 
test scene for the video material was chosen to be video-dominant, i.e. its context did 
not require audio signals for perception and understanding. 

The codecs and adapters were used with their default settings as far as image 
parameters such as contrast, hue and saturation were concerned, since all but one of 
the devices did not allow any variation of the settings. The resulting video clips 
appeared to have very similar image parameters; only one device produced sequences 
that had darker color temperatures, and for some reason, the test subjects seemed to 
prefer these darker settings. Although the test viewers were asked to choose between 
the overall quality ratings from the five categories “excellent”, “good”, “fair”, “poor” 
and “bad”, the viewers only rarely used the attribute “excellent”. The overall Mean 
Opinion Score (MOS) [ITU-P800] of an excellent rating was only awarded five times 
of all 290 clips and in all instances it was attributed to sequences with the darker color 
temperatures. For the evaluation based on the MOS the two categories “excellent” and 
“good” were therefore combined to a rating category of  “excellent/good”. In the 
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following investigation a Mean Opinion Score of 3.5 or above will receive the quality 
attribute “bad”; the quality will be considered “poor” for MOS ratings between 2.5 
and 3.5, “fair” within an MOS range between 1.5 and 2.5 and “excellent/good” with 
an MOS rating below 1.5.  

For each hardware device, the compression delay of one encoding and decoding 
cycle was measured using a two-channel oscilloscope and test setup as described in 
Fig. 4.2. In a second test scenario loss ratios were investigated; most of the losses 
were produced with the help of an ATM impairment tool: The ATM tool was used for 
both ATM devices and also for the MPEG-2 IP encoder as no comparable tool was 
available for IP. For the MPEG-2 over IP tests, the encoder and decoder were 
connected via two Ethernet switches with ATM interfaces as their backbone link and 
the ATM tool injected its impairments into that ATM link. As such network 
components were not available for bandwidth requirements above 100 Mbps, the SDI 
over IP loss tests had to be simulated by generating background traffic to induce an 
overflow situation and cause packet loss. The traffic generator was capable of 
producing background traffic that generated loss ratios in the order of 10-1, 10-2 and 
10-3; with the ATM impairment tool loss ratios as low as 10-8 could be generated. 

In a third test scenario, the video stream from the encoder or adapter was 
subjected to increasing amounts of delay and jitter that were caused by background 
traffic (Fig. 6.2) and led to a congested test network. These jitter and delay tests were 
started with a line utilization of 75%, which was then augmented to 90%, 95%, 99%, 
99.99% and 100%. The increasing delay and jitter values were measured with 
hardware analyzers. The IP and ATM analyzer tools provided minimum and 
maximum delay values for each sampling period; a sampling period always 
corresponded to 1 second.  

 
 

Fig. 6.2. Typical Test Scenario Using Background Traffic 
 
Most codecs proved to be very robust as far as jitter produced by increasing 

levels of background traffic was concerned and were able to smooth the jitter effects 
extremely well up to the point where 100% of the line capacity was supplied. This had 
the unfortunate effect that in three tests amounts of traffic had to be offered that 
exceeded the maximum link capacity of the network components in the test setup, and 
the resulting subjective evaluations were based on sequences that possibly also 
contained some loss errors in addition to jitter effects, although at least in one case the 
loss errors were low enough to be repaired by FEC mechanisms. The subjective 
evaluations of video clips with combined jitter and loss impacts can therefore be 
considered as upper limit results, as their rating must be regarded as less favorable 
than they may have been with only jitter impairments alone. 
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Whenever an amount of traffic was offered that exceeded the maximum link 
capacity, the codecs were facing serious delay and jitter challenges, as the jitter 
increased to high levels and severe distortions became visible. Above the 100% 
capacity mark, the amount of traffic that was supplied increased in small steps ranging 
from 0.025% to 2% above the maximum link capacity and simulated the situation in a 
network, for example, when sudden congestion occurs and packets are waiting in 
queues until some of the load can be rerouted and the buffer occupancy can be 
reduced again. 

During the overload situations, buffers of both network components and decoders 
started to slowly fill up and the delay values increased. Once the buffers were full, 
packets were dropped and the transmission delay values for the surviving packets 
reached maximum levels, as each packet that entered the processing queue of the 
network component faced the worst case scenario of having to wait until the full 
queue was serviced. When maximum delays were reached, the delay variation 
decreased and decoders started to also be challenged by some network packet discard.  

For jitter and loss evaluations in tests where the amount of traffic offered 
exceeded the 100% link capacity, the jitter values were obtained from the 
measurement samples of the time periods after the buffers had filled and the jitter 
values stabilized. Video sequences and jitter measurements could easily be associated 
since both types of data were based on seconds as time units. The jitter was calculated 
as the difference between maximum delay and minimum delay of the samples.  

As more background traffic was added in each test, the jitter levels stabilized at 
increasingly higher levels, since more and more packets or cells from the background 
flows competed for resources with the video packet flows. In the IP tests, this effect 
was increased by added prioritization of the background traffic stream: In the MPEG-
2 over IP case the background traffic flow received priority processing based on the 
Weighted Round Robin (WRR) scheduling algorithm; in the SDI over IP tests it was 
possible to use a network interface that was capable of serving the background traffic 
based on Strict Priority Queueing (SPQ). The strict priority enforcement allowed the 
starvation of the video queue and as a positive side effect made it possible to observe 
high jitter values even below 100% line utilization and without any added loss 
impacts. The WRR algorithm also caused additional jitter effects compared to just 
adding background traffic alone, but the impact of this prioritization was not strong 
enough to yield highly visible results for all MOS categories; in fact, the codecs were 
able to smooth out most of the effects and the traffic offered had to be raised above 
100% of the link capacity to include both jitter and loss impacts for the subjective 
investigation. 

For the ATM tests all traffic flows were configured as Unspecified Bit Rate 
(UBR) traffic without any prioritization. The UBR service category offered the 
advantage that there was no congestion control mechanism: Applications were 
expected to have higher layer functionalities in place for cell loss recovery and error 
processing and were therefore admitted without connection admission control. If 
congestion occurred, cells were lost, but the sources were not policed and were not 
expected to reduce their cell rates [JAI-1995]. For these reasons it was possible to 
raise the background traffic to high levels and generate an environment for the ATM 
video stream where jitter could increase and produce the associated video artifacts.  

In both ATM test scenarios it was necessary to consider both jitter and loss 
impacts as the codecs were able to compensate jitter below 100% line utilization with 
no visible video effects. For both cases the UBR service category also offered the 
added benefit that the amount of losses of video data in the overload situations could 
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be kept to a minimum as the losses affected both video and background traffic. If the 
background stream had been prioritized as CBR traffic, the video stream alone would 
have suffered all the losses as the background stream would have been transmitted 
across the test setup without restrictions. An ATM PVC configuration using the VBR 
service class was not considered, since the traffic characteristics of the video streams 
did not resemble VBR traffic; all measured codecs supplied CBR traffic only. 

The lack of connection admission control in the ATM case with UBR service that 
allowed the unlimited increase of the background flow to augment jitter levels, could 
not be as easily reproduced in the IP test scenarios, however: IP routers or switches 
put congestion avoidance mechanisms into effect during overload situations that made 
it difficult to raise background traffic at liberty in order to provoke an increase of 
jitter. In the case of traffic flows from two incoming interfaces with bandwidth 
requirements that would overload a shared outbound interface, the congestion 
avoidance mechanism dynamically assigned varying length input queues to the flows 
depending on their flow sizes. The combined sizes of the input queues were adjusted 
so that the maximum capacity of the outgoing interface would not be exceeded. 
Packets of a flow that could not be assigned spaces in their input queue were dropped 
with the expectation that the source would eventually adjust the send rate. The 
dynamic queue lengths were typically assigned in the following manner: If there were 
two flows with an equal amount of bandwidth, packets were dropped equally from 
both flows in an overload situation. If one flow was larger, however, packets would 
only be dropped from the larger flow, and the flow with the smaller bandwidth was 
left unrestrained. This switch behavior was based on the theory that in an overflow 
situation, the packet discard would only affect one flow, leaving all other applications 
intact, and would therefore generally provide more applications and a larger number 
of users with a better transmission quality than if packets were dropped 
indiscriminately from all flows causing errors for every application.  

In the case of the intended test scenario this congestion avoidance behavior was 
problematic, since video flow and background traffic could not always be chosen to 
be the same size if varying levels of losses or jitter were to be obtained. As a result, a 
large background traffic stream would cause the congestion control algorithm to drop 
packets only from the background flow and leave the smaller video stream without 
packet drops and completely uninhibited at a steady jitter level.  

For higher jitter levels as they only occurred when the amount of traffic offered 
exceeded the maximum link capacity, a way had to be found to increase the 
background traffic without restraints triggered by the congestion avoidance 
mechanism. The test scenario was therefore set up to consist of a background flow in 
the priority queue that was definitely smaller than the bandwidth consumed by the 
traffic in the non-priority queue. The congestion control algorithm would then allow 
the uninhibited increase of background traffic to produce higher levels of jitter in the 
video stream. For a video flow of 15 Mbps this could only be achieved by adding 
parallel flows produced by a traffic generator to the same non-priority traffic class. 
These parallel traffic flows had the added benefit that - contrary to live video input – 
they could be equipped with timestamps during their traffic generation process for 
jitter measurements. Since these parallel streams were in the same non-priority traffic 
class as the video stream, their measurements provided accurate jitter conditions as 
experienced by the video stream during the tests, as long as the traffic generation 
simulated the traffic characteristics of the MPEG stream.  

Figures 6.3 and 6.4 describe the tests again with graphical illustrations. Fig. 6.3 
shows the jitter measurements for codecs in test setups where not enough jitter could 



 

 106  

be generated using background traffic and prioritization for line utilizations below 
100%. Video clips with combined jitter and loss effects were then generated by 
increasing the amount of traffic offered beyond 100% and jitter measurements were 
obtained during the time period after buffers had overflown and the jitter value had 
stabilized at a steady level again.   

Figure 6.4 describes the test scenario for jitter measurements at total line 
utilizations below 100%. This test setup was only possible, because the network 
interface to be overloaded allowed Strict Priority Queueing of the background traffic 
and the video could be starved. The video stream was only served whenever there 
were no background packets waiting for processing. During service of the video 
stream the jitter would reach a certain level, but once background packets were 
arriving, the video queue started filling up and the jitter of video packets dropped as 
most packets had to wait extensive amounts of time to be serviced. As the background 
traffic levels were increased, less and less time was available for video processing and 
video queues stayed full, reducing jitter to a low value. Whenever the video queue 
was served, the delay variation increased again. This on-and-off service due to the 
strict prioritization led to a serrated type of jitter behavior that produced strong 
enough impacts on the video sequences to be rated subjectively for classification into 
the four categories “excellent/good”, “fair”, “poor” and “bad”. 

  

 
 

Fig. 6.3. Subjective Evaluations of Jitter and Loss Effects 
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Fig. 6.4. Subjective Evaluations of Jitter Effects for Line Rates Below 100% 
 
The applied test scenarios and methods will be explained to more detail in each 

measurement section below. 
 
 
 

6.2. Subjective Quality Evaluations of High Bit Rate MPEG-2 Video over 
ATM Networks  

The Tektronix M2-Series Video Edge Device had already been used in the study 
of the author in connection with the subjective evaluation of endoscopic video 
sequences [NAE-2002] as described in section 2.5. In this previous analysis video 
clips had been investigated both without network impairments and also with added 
loss ratios. The earlier work had only focused on sequences of a GOP size of 1 (I-
frames only) and had not included any jitter investigations. The research was now 
extended to include quality evaluations of different GOP sizes and tested both 
unimpaired sequences as well as clips with added loss ratios and jitter. Since the first 
tests had used a different video source and the codecs had been upgraded to a new 
software level [TEK-1999] in the meantime, all earlier tests were repeated. 

For the new tests, the Tektronix encoder was set to produce I-frame only 
sequences with a GOP size of 1 (IF), sequences with a GOP size of 7 (IP-7) and also 
sequences with a GOP size of 15 (IBBP-15). As a special feature the codec also 
allowed the setting of different sampling rates and for all three GOP sizes video clips 
were produced with either 40 Mbps and a sampling rate of 4:2:2, or 15 Mbps of 
bandwidth and sampling rates of 4:2:2 and 4:2:0.  
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6.2.1. MPEG-2 over ATM: Quality Evaluation Without Impairments 
In order to investigate the quality of MPEG-2 encoding with different GOP sizes, 

bandwidths and sampling rates, the codecs were connected back-to-back and simply 
encoded the video source, packed the compressed data onto ATM cells and imme-
diately reversed this process at the decoder (Fig. 6.5). 

 

 
 

Fig. 6.5. Test Setup to Obtain Unimpaired Video Sequences 
 
The sections below will use the following nomenclature: 40-422 IF will describe 

a sequence of 40 Mbps bandwidth and a sampling rate of 4:2:2 that was encoded 
using I-frames only. Similarly, 15-420 IBBP-15 will denote a clip of 15 Mbps with a 
sampling rate of 4:2:0 and a GOP pattern of IBBP with length 15, and so on. 

Since the codec produced a CBR traffic flow, video clips encoded with IBBP-15 
were expected to receive the highest quality ratings: As there was only one I-frame 
per GOP size that had to be encoded fully and all other remaining frames in the GOP 
group were B and P frames that require the least amount of bandwidth, the saved 
amount of bandwidth was available for encoding the I-frame with a higher resolution. 
The opposite was expected to hold for the clips produced using I-frames only, since 
the available bandwidth per second had to be split evenly among all 25 I-frames per 
second, leaving less amount of bandwidth for each I-frame and thus providing a 
decreased resolution.  

The codec was able to produce all unimpaired sequences without errors in the 
case of IF and IP-7 GOP patterns, but unfortunately was not able to generate all 
IBBP-15 sequences without clearly visible jerky movements of the pendulum due to 
missing frames. The problems occurred for all 40-422 and 15-420 sequences, but did 
not seem to impact sequences produced based on the 15-422 format. Fig. 6.6 provides  

 



 

 109  

 
 

Fig. 6.6. MPEG-2 over ATM: Quality Perceptions Without Added Impairments 
 
an overview of the quality perceptions of all tested video clips. With the exception of 
the hardware problem in the case of 40-422 IBBP-15, IBBP-15 was recognized in all 
cases as the better video quality than IF or IP-7 encoding: 15-422 IBBP-15 received 
an excellent/good MOS of 1.1 compared to ratings of 1.2 for 15-422 IP-7 and a rating 
of 1.4 for 15-422 IF. Despite slightly visible impairments in the case of 15-420 IBBP-
15, the encoded sequence was still rated better (with an MOS of 2.0) than its IP-7 and 
IF counterparts (with MOS ratings of 2.2 and 2.8, respectively) where no distortions 
were noticeable. In all cases the IP-7 encoded clips were also recognized as having a 
better quality than clips based on the IF format (Table 6.1). 

Table 6.1. MPEG-2 over ATM: MOS Ratings of Unimpaired Sequences 
MOS Ratings IBBP-15 IP-7 IF 

40-422 2.2 1.2 2.5 
15-422 1.1 1.2 1.4 
15-420 2.0 2.2 2.8 

 
Higher bandwidth encoding or higher sampling rates were also recognized as 

better quality video: In the case of IP-7 encoded clips, the 40-422 and 15-422 
sampling formats received equal ratings of 1.2 and were clearly judged as better 
quality than a sampling rate of 15-420 with an MOS score of 2.2. The only surprising 
value was the MOS rating of 2.5 of the 40-422 IF sequence which seems 
unreasonably high; in the earlier study based on the endoscopic video sequences the 
40-422 IF sequence had received a quality rating of “excellent” with an MOS score of 
1.36 and was also judged as better than 15-422 IF and 15-420 IF. For the two 
remaining IF clips in this investigation, the higher sampling rate of 4:2:2 was also 
recognized as better than the 4:2:0 sampling with an MOS of 1.4 vs. an MOS of 2.8 in 
the case of 15-420. The findings are summarized in Table 6.2. 
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Table 6.2. MPEG-2 over ATM: Quality Perceptions of Compression Formats 
 

• IBBP-15 was recognized as better quality than IP-7 and IF 
• IP-7 was recognized as better quality than IF 
• Sampling rates of 4:2:2 were recognized as better quality than 4:2:0 
• Sampling rate differences were still recognizable at 15 Mbps 
• 4:2:2 sampling with a GOP size of IP-7 produced an MOS rating of 

“excellent/good” 
• 4:2:0 encoding with GOP sizes IP-7 or IBBP-15 was rated as “fair” 
• 4:2:0 encoding with GOP size IF was rated as “poor” 
 

 
 

6.2.2. MPEG-2 over ATM: Measurements of Compression Delays 
The compression delays for various encoder and decoder settings of the 

Tektronix codecs were measured with the test setup described in section 4.1 (Fig. 
4.2). With the upgraded software the GOP sizes IF, IP-7 and IBBP-15 were associated 
with varying modes as far as compression delays were concerned. For IF and IP 
sequences, the encoding and decoding processes could be accomplished in both a low 
latency or a non-low latency mode; IBBP encoding was only offered in connection 
with non-low latency compression, as the algorithm is too complex to be carried out 
with low delay. 

The low latency mode of the device also offered additional settings: For network 
transmissions where jitter was expected to be low, the parameter “low latency (low 
jitter)” should be set; additional choices were “low latency (medium jitter)” and “low 
latency (high jitter)” for network transmissions where jitter seemed to be a problem. 
In that case additional jitter buffers increased the overall compression delays. The size 
of the jitter buffers and the overall compression delays depended on the sampling 
rates, the set bandwidth, the GOP sizes and the selected latency mode. Table 6.3 lists 
the measured compression delays for a variety of settings as they were used in the 
sections below. For this study, IF produced sequences were always associated with 
the low latency mode; IP and IBBP encoded video clips were produced with a non-
low latency setting. 

Table 6.3. Compression Latencies 
 Low latency 

(low jitter) 
Low latency 
(high jitter) 

Non-low 
latency 

Non-low 
latency 

 IF IF IP-7 IBBP-15 
40-422 260 ms 320 ms 540 ms 640 ms 
15-422 660 ms 720 ms 900 ms 1020 ms 
15-420 180 ms 210 ms 470 ms 560 ms 

 
The results show that an increased compression ratio was associated with 

increased delays for both low latency and non-low latency modes. In the cases of 40-
422 and 15-422 compressed sequences with a “low latency (low jitter)” setting, the 
added delay increased from 260 ms to 660 ms. For all other latency modes the delays 
almost doubled. The lowest delays were measured for 4:2:0 sampling rates. For a 
sampling rate of 4:2:0 the change from the “low latency (low jitter)” setting to the 
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“high jitter” mode was also associated with the addition of a 30 ms jitter buffer; 4:2:2 
sampling led to a jitter buffer twice that size with 60 ms. The results are summarized 
in Table 6.4: 

Table 6.4. MPEG-2 over ATM: Summary of Compression Delays 
 

• Increasingly complex GOP sizes augmented the overall delay 
• The compression ratio was a major contributor to the overall delay 
• 4:2:0 sampling offered the lowest delays 
• To achieve low delays, reducing the sampling rate was more effective than 

increasing bandwidth and lowering the compression ratio  
 

 

6.2.3. MPEG-2 over ATM: Evaluation of Loss Ratios 
For the investigation of cell losses on the impact of user quality perception of 

MPEG-2 sequences the GNNETTEST Interwatch IW95000 [GNN-2002] ATM 
monitor and impairment tool was used. The camera signal was encoded with varying 
GOP sizes, sampling rates and bandwidths as above and encapsulated into ATM cells. 
The stream of ATM cells was transmitted from the encoder to the decoder via the 
impairment tool (Fig. 6.7).  

 

 
 

Fig. 6.7. Test Setup for Loss Impairments 
 
Depending on the set loss ratio, the impairment tool would periodically replace 

some of the ATM cells carrying MPEG-2 data with empty ATM cells which resulted 
in data loss at the decoder. The impairment tool allowed loss ratios to be varied from 
10-8 to 10-1 and calculated the loss ratio as lost cells / (received cells + lost cells). Fig. 
6.8(a)-(f) provides a graphical analysis of the resulting subjective evaluations. The 
first three charts list 40-422, 15-422 and 15-420 encoded clips according to their GOP 
size formats IF (Fig.6.8(a)), IP-7 (Fig. 6.8(b)) and IBBP-15 (Fig. 6.8(c)); the 
remaining charts (Fig. 6.8(d)-(f)) list the data according to sampling rates and 
bandwidth. For most parameter settings, loss ratios between 10-8 and 10-4 were 
investigated; only IF encoded sequences were typically robust enough to allow the 
inclusion of a loss ratio of 10-3. 

The comparison of the 40-422, 15-422 and 15-420 sequences that were all IF 
encoded (Fig. 6.8(a)), showed that the loss ratios were most detrimental to the clips 
based on 15 Mbps of bandwidth with a 4:2:0 sampling rate. For the higher sampling 
rate of 4:2:2 the subjective evaluation of all loss ratios was very similar for both 40 
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Mbps and 15 Mbps, and the higher compression ratio of the 15-422 encoded clips did 
not seem to have much influence. 

For a GOP size of IP-7 (Fig.6.8(b)), the quality of a 40-422 sequence was rated 
best for loss ratios between 10-8 and 10-6, the 15-422 encoded clip came in second and 
the 15-420 video was rated clearly worse. Between the loss ratios of 10-6 and 10-4, 
however, the 15-422 clip received slightly better MOS ratings than the 40-422 video, 
but the results were very narrow and can possibly be attributed to variations of human 
perception.  

As described in the section 6.2.1, the sequences 40-422 and 15-420 that were 
encoded with a GOP pattern of IBBP-15 (Fig.6.8(c)) had already shown artifacts 
without any impairments involved. Once loss ratios were added to these sequences,  

 

    
             
                   a) Loss ratios with IF encoding                              b) Loss ratios with IP-7 encoding 
      

     
                  
           c) Loss ratios with IBBP-15 encoding               d) Loss ratios at 40 Mbps with 4:2:2 sampling  
 

     
            
   e) Loss ratios at 15 Mbps with 4:2:2 sampling           f) Loss ratios at 15 Mbps with 4:2:0 sampling  

 
Fig. 6.8. MPEG-2 over ATM: Comparison of Loss Ratios 
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the number of glitches and distortions increased even more. Both 40-422 and 15-420 
sequences therefore received MOS ratings of “fair” (2.4) and “poor” (2.8) for the 
smallest loss ratio of 10-8 already. Since the encoding of 15-422 had not shown these 
hardware problems, the added loss ratios were much lower and did not receive a 
rating of “poor” (2.9) until a loss ratio of 10-5 was introduced. 

For a sampling ratio of 4:2:2 and a bit rate of 40 Mbps (Fig.6.8(d)), IF encoded 
sequences received an MOS score of at least “fair” up to a loss ratio of 10-5; this was 
also true for IP-7 and IBBP-15 encoded sequences, but only to a loss ratio of 10-6, 
since their compression algorithms with cross references between frames could not 
withstand losses as well as the I-frame only compression. Similar behavior was 
observed for bit rates of 15 Mbps (Fig. 6.8(e)); here the IP-7 encoded sequence almost 
turned out to be just as robust as the IF encoded video.  

Sequences with a sampling rate of 4:2:0 were more sensitive to losses and even 
the robust IF encoded sequences received MOS ratings of “fair” only up to a loss ratio 
of 10-7 (Fig. 6.8(f)); however, the quality rating of 10-6 with an MOS of 2.6 was still 
very close to the category of “fair” with the cut-off line at 2.5. In fact, the results were 
more clear for sampling rates of 4:2:0 and a GOP size of IP-7, where the clips 
received “fair” MOS ratings for both loss ratios of 10-7 and 10-6.  

The 40 Mbps sequences (Fig. 6.8(d)) with their lower compression ratios were 
put into the category “excellent/good” or were placed right at the cut-off line with a 
Mean Opinion Score of 1.5 for both IF and IP-7 up to loss ratios of 10-7. Sequences 
with a higher compression ratio and a bandwidth of 15 Mbps received an MOS rating 
of 1.5 only for IF encoded sequences up to a loss ratio of 10-7. 

The charts “40-422” (Fig. 6.8(d)), “15-422” (Fig. 6.8(e)) and “15-420” (Fig. 
6.8(f)) show that the subjective evaluation of IBBP-15 encoded video clips leaned to 
worse quality ratings than IP-7 encoded or IF compressed sequences, which was 
expected due to the complex algorithm that heavily relies on neighboring frames and 
where errors may propagate over long periods of time. Error propagation is still a 
problem in IP-7 encoded video, but the error propagation is limited to a smaller 
amount of frames, since there is a larger number of I-frames that are encoded fully 
without cross references and therefore provide the opportunity to rebuild the data 
more often. Bandwidth and compression ratios also had less influence on loss 
susceptibility than the sampling rate:  For IF encoded sequences up to loss ratios of 
10-7 both 40-422 and 15-422 clips were rated at 1.5 MOS or below, whereas videos 
with a sampling rate of 15-420 received only “fair” ratings; the results were similar 
for the IP-7 compression format.  

In all charts an initial swaying of the subjective perception could be observed for 
sequences with rather low loss ratios. This could to some extent be attributed to 
fluctuations caused by subjectivity, but possibly also to the way how the codecs 
handled the loss of information: At low loss ratios, errors were locally restricted and 
the receiving codec was generally able to regain every frame with the exception of 
isolated block errors within I-frames. These block errors, however, could easily be 
detected by the viewers. When the loss ratio was increased, loss errors occurred more 
frequently and the receiving codec started to be forced to drop whole frames. To 
replace the lost frames, the codec would then repeat the last I-frame it had received. 
To the viewers this cover up led to a subjectively more pleasing appearance in some 
instances, as the I-frame replacement typically only caused a slight standstill of the 
pendulum and a jerky movement when the correct progression of the motion was 
regained. This effect was more likely to be observed for more complex GOP patterns 
and let to the highest subjective sways in opinion for IBBP-15. Table 6.5 lists all 
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MOS ratings as they were assigned to the individual clips; Table 6.6 provides a 
summary of the findings.  

Fig. 6.9 provides examples of how the quality of the video was affected by the 
loss ratios. The fist three images show IF encoded sequences with block errors; 
examples for error propagation are visible in the images 4-6 that all had a GOP 
pattern of IP-7: In contrast to the IF encoded sequences, the pendulum movement 
seemed to “smear” across the image as the codec referenced frames within its GOP 
group that contained errors; as a typical artifact the pendulum became visible multiple 
times within a frame. 

 

Table 6.5. MPEG-2 over ATM: Subjective Evaluation of Loss Ratios 
GOP 
size 

Bandwidth/sampling 
rates Loss ratios 

  10-8 10-7 10-6 10-5 10-4 10-3 
40-422 1.5 1.5 1.7 2.2 2.8 4.0 
15-422 1.5 1.5 1.4 2.1 3.0 3.9 IF 
15-420 2.1 2.2 2.6 3.2 3.7 3.9 
40-422 1.4 1.2 1.7 2.7 3.8  
15-422 1.6 1.7 1.7 2.2 3.6  IP-7 
15-420 2.2 2.1 1.9 3.2 3.7  
40-422 2.4 2.3 2.5 2.7 3.6  
15-422 2.2 1.8 1.5 2.9 3.9  IBBP-15 
15-420 2.8 2.6 2.8 3.5 4.0  

 
 

   
  IF 15-422 10-6                     IF 40-422 10-4                  IF 40-422 10-3   

 

   
 IP-7 15-422 10-5                   IP-7 15-422 10-4                IP-7 15-422 10-4   

 
Fig. 6.9. Typical Loss Errors for IF and IP-7 Encoded Video Clips 
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Table 6.6. MPEG-2 over ATM: Summary Evaluation of Loss Ratios 
 

• Sampling rates had more impact on loss susceptibility than bandwidth and 
compression ratios for IF and IP-7 encoded sequences  

• IF encoded sequences were generally more robust to all loss ratios than  
IP-7 and IBBP-15 encoded clips 

• IF and IP-7 encoding with sampling rates of 4:2:2 received MOS scores of 
at least 1.5 or below (“excellent/good”) up to a loss ratio of 10-7  

• IF encoding with a sampling rate of 4:2:2 received MOS scores of at least 
“fair” up to a loss ratio of 10-5 

• IP-7 and IBBP-15 encoding with sampling rates of 4:2:2 received MOS 
ratings of at least “fair” up to a loss ratio of 10-6 

• IF and IP-7 encoding with sampling rates of 4:2:0 received MOS scores of 
at least “fair” up to a loss ratio of 10-7. 

 

 

6.2.4. MPEG-2 over ATM: Evaluation of Jitter 
For the evaluation of the influence of jitter the codecs were connected to ATM 

network switches in a laboratory test setup. Fixed amounts of background traffic were 
added to the video stream in each test in order to generate various levels of network 
jitter which caused the video clips to have artifacts that could then be subjectively 
evaluated by the viewers (Fig. 6.10).  

In order to be able to associate jitter values to varying degrees of video 
distortions, the jitter had to be measured. The measurement tool of the ATM 
GNNETTEST monitor [GNN-2002], however, did not allow live video input to be 
analyzed, as such live traffic would not have had the necessary test timestamps. Jitter 
measurements with this tool could only be conducted with traffic cells generated by 
the ATM analyzer itself, which would then include all timestamp information into the 
test cells. For this reason, both video and background traffic were configured as UBR 
traffic; since they belonged to the same service category and were therefore processed 
from the same queue, both video and background cells experienced the same jitter and 
loss conditions. It was therefore possible to conduct the jitter measurements with the 
background cells that were produced by the ATM generator and thus contained the 
necessary timestamps and both the jitter measurements and video recordings could be 
obtained at the same time this way.   

 

 
 

Fig. 6.10. Test Setup for Subjective Evaluation of Jitter  
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Fig. 6.11 describes the test setup in detail; the arrows denote the flow of the 
traffic from the transmitter to the receiver of each interface: The encoder only had an 
STM-1 (155 Mbps) ATM interface and therefore had to be connected to an STM-1 
interface of a Fore-Marconi LE-155 ATM switch, which in turn was connected to a 
Fore Marconi ASX-4000 ATM switch via an STM-4 (622 Mbps) interface. From 
there the video traffic was led over a second STM-4 interface to a third STM-4 
interface which was the focus of the traffic congestion. The video traffic was looped 
back the same way to the decoder, which was also connected to an STM-1 interface of 
the LE-155 switch. The background traffic was generated and measured by the ATM 
analyzer which required an STM-4 interface for jitter measurements and was 
therefore connected directly to the ASX-4000 ATM switch via an STM-4 interface. 
From there the measurement traffic was led over a second and third STM-4 interface 
until it reached the interface of traffic congestion. The cells of the background traffic 
returned the same way to the ATM analyzer where the QoS measurements took place. 
With this test setup both video traffic and measurement traffic used the same amount 
of interfaces with the only difference that one of the interfaces of the video traffic was 
of type STM-1, which was an encoder hardware requirement. Since there was no 
other traffic or connection at the LE-155 switch and the STM-1 interface only carried 
the video traffic and was by no means overloaded, the differences between an STM-1 
and STM-4 ATM interface could be considered negligible. 

 

 
 

Fig. 6.11. Test Scenario for Jitter Measurements 
 
The codecs were configured to produce an MPEG-2 compressed video with 40 

Mbps of bandwidth and a sampling rate of 4:2:2. The GOP size was set to 1 (I-frames 
only) in low latency mode (high jitter) mode. Table 6.7 and Fig. 6.12 list the jitter 
values of the video sequences that were presented to the test viewers and the resulting  

Table 6.7. Subjective Evaluation of Jitter for MPEG-2 IF 40-422 
Jitter in µs 6 µs 153 µs 167 µs 180 µs 212 µs 

Loss ratios 0 0 10-6 

(ATM) 
10-6 

(ATM) 
10-4 

(ATM) 

MOS 1.3 1.5 1.4 1.9 3.9 
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Fig. 6.12. MPEG-2 over ATM: Jitter and MOS  
 

MOS scores. The jitter values were obtained using the ATM analyzer which provided 
minimum and maximum latency values for each sampling period; each sampling 
period had a duration of 1s. As explained in section 4.1, jitter was described by its 
range:  
 

 
Each jitter value was calculated as the difference between the maximum 
latency sampled in a test and the minimum latency sampled.  

 
The jitter that was produced by adding large amounts of background traffic 

turned out to be too small of a challenge for the codecs with total line utilizations of 
combined video and background traffic below 100%. Although the jitter was higher 
for increased amounts of background traffic, the codecs were able to smooth out most 
of the jitter effects and the subjective evaluations attributed an MOS score of 1.5 for a 
99.99% line rate and corresponding jitter value of 153 µs. This was mainly due to the 
fact that the background traffic was not prioritized and although the video stream was 
slowed down by the vast amounts of background cells, it was still being serviced 
continuously. The congestion caused all cells to be increasingly delayed, but the 
variation of delay was not high enough to cause severe video artifacts. For this test 
setup, however, it was not possible to prioritize the background stream and configure 
it as CBR traffic, because the video stream and measurement stream would then have 
been in two different service classes and jitter measurements of the background 
stream could not have been applied to the video recordings. 

In order to obtain video distortions severe enough to receive scores for all 
intended MOS categories, the background traffic had to be increased to amounts of 
traffic that slightly exceeded the maximum line rate. This configuration was possible, 
since both streams belonged to the UBR service class where no admission control was 
administered. As more background traffic was added, network buffers filled up and 
cell latencies started to approach maximum levels. As shown in Fig. 6.3, at this point, 
cells started to be discarded and the cell delay variation reached levels that were high 
enough to produce visible video artifacts.  

When more traffic was offered than the maximum line rate could handle, the 
subjective evaluations of the video clips were based on combined jitter and loss 
impacts and not just jitter effects alone, as the codecs did not have any type of FEC 
mechanism available that could have repaired the loss damages. The added losses 
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may therefore have caused the test viewers to rate the jitter effects worse than they 
would have if just jitter impacts alone had appeared. For this reason, the results of 
these tests must be interpreted as upper limit evaluations as far as jitter values are 
concerned. The losses in these tests could be kept to a minimum, however, since both 
background and video streams were in the same UBR service class and cells were 
dropped from both flows. 

The results (Fig. 6.12) show that the sequences with very low jitter values of 6 µs 
and 153 µs and no losses led to an MOS score of 1.5 or below; the video clip with 
jitter of 167 µs and a loss ratio of 10-6 was even rated better with an MOS score of 1.4 
despite the cell discards and scored better than the video clip with the same cell loss 
ratio and no elevated jitter as described in the cell loss tests above. A jitter value of 
180 µs and a loss ratio of 10-6 received an MOS score of 1.9, whereas the video 
sequence with 212 µs of jitter and a loss ratio of 10-4 was only rated as “bad” with a 
score of 3.9. The results of the codec tests are summarized in Table 6.8:  

Table 6.8. MPEG-2 over ATM: Summary Evaluation of Jitter 
 

• Jitter values of 180 µs and below provided a quality rating of at least 
“fair” even if there were loss ratios of 10-6 

• Jitter of 160 µs provided a quality rating of  “excellent/good” despite a  
      10-6 loss ratio 
• Jitter values over 210 µs and a loss ratio of 10-4 received a quality rating of 

“bad”. 
 

 

 

6.3. Subjective Quality Evaluations of High Bit Rate MPEG-2 Video over IP 
Networks  

The VBrick 6000 Series encoder/decoder offers MPEG-2 compression with a 
sampling rate of 4:2:0 for transmissions over IP networks with a maximum encoding 
rate of 15 Mbps. The encoder allows the setting of various GOP sizes by specifying a 
reference distance and an intra-picture distance: GOP sizes without B frames are 
defined by a reference distance of 1; for a GOP pattern with two B frames between I 
or P frames, the reference distance must be set to 3. The intra-picture distance refers 
to the GOP length and describes the number of B and P frames between I frames. 

For the tests the following parameters settings were used: I-frame only (IF) 
sequences were generated with the reference distance and intra-picture distance 
parameters both set to 1; IP…P sequences were produced using a reference distance 
of 1 and an intra-picture distance of 6 (IP-7), and IBBP…BBP sequences were 
generated with a reference distance of 3 and an intra-picture distance setting of 15 
(IBBP-15). The codecs also offered different compression delay modes: In the tests, 
IF sequences were always associated with the low delay mode, IP-7 sequences with 
the medium delay mode and IBBP-15 with the high delay mode. 

The parameter configuration of the encoder allowed the variation of the packet 
payload sizes from 1316 Bytes to a maximum UDP size of 8872 Bytes. As a default 
value the codecs used 4136 Bytes for the packet payload size. Since the maximum 
transmission unit of Ethernet is based on 1500 Bytes, it takes several IP packets to fill 
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up a large UDP size. If one of these IP packets is lost, the whole UDP packet will be 
discarded. Large UDP sizes can therefore lead to several IP packets being dropped, 
whereas the loss of a UDP packet that only consists of one IP packet will keep losses 
for the application to a minimum. The UDP size can therefore ultimately affect user 
QoS. In the following tests UDP sizes of 1316 Bytes, 4136 Bytes and 8872 Bytes 
were considered.  

 

6.3.1. MPEG-2 over IP: Quality Evaluation Without Impairments 
At first, the video quality of the MPEG-2 sequences was evaluated without any 

impairments; for the tests the setup of Fig. 4.2. was used with the codecs connected 
back-to-back. 

 

 
 

Fig. 6.13. MPEG-2 over IP: Quality Perceptions Without Impairments 
 
Fig. 6.13 lists the Mean Opinion Scores of the tested video clips. The quality 

ratings for all sequences were well within the category “excellent/good”, and were 
very close in values for all compression formats and UDP sizes (see Table 6.9 for a 
list of the obtained MOS scores). In fact, the variations of the MOS scores had a mean 
of 1.089 with a standard deviation of 0.078, i.e. the quality perceptions of the different 
sequences were too close to be able to identify any solid tendencies or user 
preferences (Table 6.10). 

Table 6.9. MOS Ratings for Sequences Without Impairments 
 1316 Bytes UDP 4136 Bytes UDP 8872 Bytes UDP 

IF 1.2 1.1 1.1 
IP-7 1.0 1.1 1.0 

IBBP-15 1.0 1.2 1.1 
 



 

 120  

Table 6.10. MPEG-2 over IP: Summary of Quality Tests Without Impairments 
 

• Quality variations could not be substantiated for IF, IP-7 and IBBP-15 
encoded sequences for a sampling rate of 4:2:0 and encoding rate of 15 
Mbps. 

 

 

6.3.2. MPEG-2 over IP: Compression Delays 
To measure the compression delays of the VBrick IP codecs the test setup of Fig. 

4.2 was used, i.e. both encoder and decoder were connected back-to-back and the 
compression delay was obtained with a two-channel oscilloscope. The encoding rate 
was 15 Mbps based on 4:2:0 sampling. The codecs offered three different types of 
delay mode; the mode could be set to low, medium or high delay, but not every 
latency mode could be associated with every GOP pattern: For delay modes low and 
medium, the reference distance was restricted to 1 (which was equivalent to no B 
frames). More complex GOP sizes that included B frames, such as IBBP-15, for 
example, could only be used in connection with a high latency mode setting. 

The codecs also offered the option to add a fixed-size jitter queue; once the jitter 
queue was enabled, an additional 85 ms jitter buffer was available at the decoder for 
packets to be stored temporarily and compensate for IP network jitter. Table 6.11 
provides measurements of the compression delays for all three latency modes and for 
the three different types of GOP sizes that were used throughout these tests. The 
measurements show that the addition of the jitter buffer indeed simply added a 
hardware-dependent delay of 85 ms to the overall compression latency, independent 
of GOP sizes and delay modes (Table 6.12). The lowest delay was measured for IF 
encoding in low delay mode with 180 ms; a change from low latency mode to 
medium delay mode or from medium to high latency mode added 80 ms of delay in 
each case. The highest delay of 340 ms in this case was measured for the most 
complex GOP pattern IBBP-15. 

Table 6.11. MPEG-2 over IP: Compression Delays 
 Jitter queue off Jitter queue on 

IF (low delay mode) 180ms 265ms 
IP-7 (medium delay mode) 260ms 345ms 
IBBP-15 (high delay mode) 340ms 425ms 

Table 6.12. MPEG-2 over IP: Summary of Measured Delays 
 

• Variations of compression delays were dependent on GOP sizes 
• Variations of compression delays were highly dependent on hardware 

buffering capabilities. 
 

 

6.3.3. MPEG-2 over IP: Investigation of Loss Ratios 
For the evaluation of the impact of network losses on the user perceived QoS, the 

VBrick codecs were connected to two Cisco Catalyst 2900 [CAT-2003] Series 
Ethernet switches with ATM interfaces. The ATM link between the two Ethernet 
switches was necessary to include the GNNETTEST ATM impairment tool as 
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described in section 6.2.3 for the generation of loss ratios, since no other suitable IP 
impairment tool was available.  

Since Ethernet switches with ATM interfaces were available that provided a 100 
Mbps IP access to the codecs and at the same time supplied ATM interfaces for a 
connection of the ATM impairment tool, the loss measurements for the MPEG-2 over 
IP case were conducted as in the ATM case and as shown in Fig. 6.14; loss ratios 
were generated from 10-8 to 10-3 for IF, IP-7 and IBBP-15 compressed sequences with 
UDP sizes of 1316 Bytes, 4136 Bytes and 8872 Bytes. A loss ratio of 10-3 was only 
produced for IF sequences with UDP sizes of 1316 and 4136 Bytes, because this loss 
ratio caused such severe distortions and video artifacts in the remaining sequences 
that any subjective evaluation became pointless, as the result could have only been the 
worst possible rating. The obtained MOS scores are listed in the charts of Fig. 6.15 
and in Table 6.13. 

 

 
 

Fig. 6.14. MPEG-2 over IP: Generation of Loss Ratios 

Table 6.13. MPEG-2 over IP: Subjective Evaluation of Loss Ratios 
 10-8 

(ATM) 
10-7 

(ATM) 
10-6 

(ATM) 
10-5 

(ATM) 
10-4 

(ATM) 
10-3 

(ATM) 
IF 1316 1.2 1.0 1.5 1.6 3.0 3.9 
IF 4136 1.2 1.2 1.1 2.1 2.9 4.0 
IF 8872 1.4 1.5 1.1 1.5 2.9 N/A 

IP-7 1316 1.3 1.4 1.3 2.2 3.6 N/A 
IP-7 4136 1.5 1.2 1.0 2.2 3.8 N/A 
IP-7 8872 1.3 1.1 1.7 2.6 3.6 N/A 

IBBP-15 1316 1.7 1.4 2.3 2.7 3.8 N/A 
IBBP-15 4136 1.1 1.6 1.7 2.7 3.6 N/A 
IBBP-15 8872 1.6 1.8 2.0 2.7 3.3 N/A 

 
The evaluations of the test viewers showed strong agreement and matching MOS 

ratings for almost all sequences, with only few exceptions that must be attributed to 
fluctuations caused by subjectivity and to the effects of frame drops as explained in 
6.2.3. For all UDP sizes, an ATM cell loss ratios of 10-8 led to a quality rating of 
“excellent/good” for IF (Fig. 6.15(a)) and IP-7 (Fig. 6.15(b)) encoded MPEG-2 video 
clips over IP. Sequences compressed with IBBP-15 (Fig.6.15(c)) were rated slightly 
worse for the same loss ratio and were generally rated as “fair”. The same tendencies 
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were also true for loss ratios of 10-7 and 10-6, although the values were steadily 
declining. 

A loss ratio of 10-5 generally led to a “fair” rating for both IF and IP-7 encoded 
sequences; IBBP-15 compressed video clips in this loss category for all UDP sizes 
already received a Mean Opinion Score of 2.7 or the equivalent of a “poor” rating. A 
loss ratio of 10-4 led to a “poor” rating only in the cases of IF clips; IP-7 and IBBP-15 
video clips generally received an MOS rating of “bad” for this loss category. Loss 
ratios of 10-3 were also categorized as “bad”. 

 

     
                   
                a) Loss ratios with IF encoding                                  b) Loss ratios with IP-7 encoding 
 
 

     
              
           c) Loss ratios with IBBP-15 encoding                       d) Loss ratios with UDP size 1316 Bytes 
 
 

     
        
         e) Loss ratios with UDP size 4136 Bytes                    f) Loss ratios with UDP size 8872 Bytes 

 
Fig. 6.15. MPEG-2 over IP: MOS Ratings of Losses 
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The subjective evaluations demonstrated that the loss ratios had a more detri-
mental effect on complex GOP patterns such as IP-7 and IBBP-15 that rely on P and 
B-frames and that the impact on the resulting user QoS was clearly visible. Charts (d)-
(f) of Fig. 6.15 also show that within each UDP size group IBBP-15 based sequences 
with loss impairments were generally affected worse than IF and IP-7 encoded clips. 

Charts (a)-(c) of Fig. 6.15 list UDP sizes grouped by GOP patterns. For loss 
ratios of 10-5 and beyond for all IF, IP-7 and IBBP-15 encoded sequences, the 
influence of the UDP size did not seem to matter a great deal and the MOS scores 
turned out to be very close. Loss ratios below 10-5 showed a lot of fluctuations 
without clear tendencies as to which UDP size was preferred by the test subjects. The 
UDP size did not appear to have much impact on the perceived QoS in the cases of IF 
and IP-7 encoding; for IBBP-15 based sequences, however, a UDP size of 4136 Bytes 
received clearly better MOS ratings than a UDP size of 8872 Bytes up to a loss ratio 
of 10-5; beyond this loss ratio very similar MOS values were assigned. A summary of 
the results is provided in Table 6.14. 

Table 6.14. MPEG-2 over IP: Summary Findings of Loss Ratios 
 

• An ATM cell loss ratio of 10-3 led to an MOS rating of “bad” for MPEG-2 
4:2:0 encoded sequences over IP at 15 Mbps 

• An ATM loss ratio of 10-4 resulted in “poor” user quality for IF encoded 
clips 

• An ATM loss ratio of 10-4 led to an MOS rating of “bad” for IP-7 and 
IBBP-15 encoded sequences 

• An ATM loss ratio of 10-5 generally resulted in “fair” ratings for IF and 
IP-7 

• An ATM loss ratio of 10-5 categorized IBBP-15 encoded sequences as 
“poor” 

• ATM loss ratios of 10-6 and below generally led to “excellent/good” 
ratings for both IF and IP-7 compressed clips 

• ATM loss ratios of 10-6 and below generally led to a “fair” MOS score of 
IBBP-15 encoded sequences 

• For a given UDP size, quality perceptions depended on GOP patterns, with 
IBBP-15 and IP-7 video being affected more severely by cell loss than IF 
encoded clips 

• An impact of UDP size on the perceived quality of a video could be 
established for IBBP-15 compressed sequences  

• A UDP size of 4136 Bytes for IBBP-15 encoded video generally led to an 
improved quality rating compared to a UDP size of 8872 Bytes.  

 

 

 
 

6.3.4. MPEG-2 over IP: Jitter Measurements 
Jitter investigations for MPEG-2 sequences over IP were conducted using IF 

encoded video based on low latency mode with a UDP size of 4136 Bytes. During all 
measurements the jitter queue was disabled in order to be able to establish limits for 
visible jitter effects for the most severe application requirements that call for the 
lowest possible delays. 
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Since in this case no impairment tool was available that could have artificially 
added delay variations to the video packets, the measurements for the MPEG-2 over 
IP case had to be conducted using background traffic to increase jitter levels and 
cause video distortions that could be evaluated subjectively. The encoder was 
connected to a 100 Mbps interface of a 3COM® SuperStack® 3 Switch 4400 [COM-
2004]; an IP traffic generator Agilent RouterTester 900 [AGI-2003] was also 
connected to the same switch with two different traffic generator cards. The 3COM 
switch was linked to a 100 Mbps interface of an Allied Telesyn AT-8350GB switch 
[ALL-2004] which in turn served as the gateway for the decoder (Fig. 6.16) and the 
receiver cards of the Agilent traffic generators. The 3COM switch was configured to 
provide priority to the background stream coming from the Agilent traffic generator 
card A based on a scheduling algorithm of Weighted Round Robin [COM-2003]. This 
priority was not absolute, but ensured that higher priority traffic was served without 
completely blocking lower priority video traffic in case of link overload. To set the 
priority mechanism the background traffic first had to be classified; the switch 
allowed layer 3 traffic classification based on source IP address, i.e. all background 
traffic with the source IP address of the Agilent traffic generator card A was assigned 
high priority at the switch. 

The same traffic generator also had a second interface card B that in turn 
generated three streams of non-priority traffic in parallel to the video stream of the 
codecs. These three streams were assigned to the same non-priority traffic as the 
video stream and were used for measuring QoS parameters that could not be 
measured otherwise for a live input stream without assigned timestamps. These 
measurements were possible, because the three streams were in the same traffic class 
as the video traffic and were therefore also assigned to the same input queue and 
experienced the very same network jitter. Together with the video stream of 15 Mbps 
they formed a 60 Mbps stream in the non-priority traffic queue (Fig. 6.17). The added 
streams turned the non-priority video queue into the larger traffic queue and prevented 
the background traffic from triggering unwanted congestion avoidance controls. It 
was then possible to augment the background traffic without restraints and raise the 
video jitter to the desired levels. 

The jitter measurements were gathered from the three streams that were carried in 
parallel to the video stream (Fig. 6.16, 6.17); the results could be applied to the actual 
video stream, since the generated traffic streams imitated the traffic characteristics of 
the MPEG stream. In order to be able to simulate the video traffic, encapsulated 
MPEG sequences had first been analyzed with the Agilent RouterTester 900; the 
analysis had shown that for a UDP size of 4136 Bytes the encoder produced a packet 
stream where two packets with 1500 Bytes each were always followed by one packet 
of 1204 Bytes. This packet series was only rarely interrupted for control information 
and only 220 of such irregular packets were sent per 100,000 packets. During the 
simulation, the video traffic was therefore approximated by the traffic generator 
producing a sequence where two packets of 1500 Bytes length were always alternated 
with one packet of 1204 Bytes length. 
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Fig. 6.16. MPEG-2 over IP: Jitter and Associated MOS Ratings  
 
 

 
 

Fig. 6.17. MPEG-2 over IP: Priority and Non-Priority Traffic 
 
During the tests, the Agilent Generator was able to obtain latency values for the 

three parallel traffic streams as they had all been supplied with timestamps during the 
packet generation process; as in the case of the ATM analyzer, the router tester was 
not able to measure QoS values for live input traffic such as from the codec data 
stream. All three generated traffic streams showed equivalent values throughout the 
tests; it was therefore fair to assume that if the jitter values were equivalent in all three 
of the traffic streams, that the video stream as the fourth stream in that group would 
also have the same jitter values and could be approximated by the jitter measurements 
obtained for each of the three parallel streams. 

With this test scenario it was possible to measure the QoS of the video stream and 
at the same time record the resulting video artifacts. Table 6.15 lists the jitter values 
and their associated MOS scores for the investigated IF, IP-7 and IBBP-15 sequences 
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with a configured UDP size of 4136 Bytes. Fig. 6.18 shows the graphical analysis of 
the results. 

Table 6.15. Subjective Evaluation of Jitter for MPEG-2 IF 40 4136 Clips 
Jitter  95µs 121µs 142µs 197µs 292µs 

Loss ratio 0 0 0 10-3 (IP) 10-2 (IP) IF 
MOS 1.0 1.4 1.3 1.7 2.2 
Jitter  103µs 121µs 132µs 161µs 223µs 

Loss ratio 0 0 10-3 (IP) 10-3 (IP) 10-2 (IP) IP-7 
MOS 1.1 1.3 1.8 2.9 3.9 
Jitter  81µs 97µs 137µs 157µs 187µs 

Loss ratio 0 0 10-4 (IP) 10-3 (IP) 10-3 (IP) IBBP-15 
MOS 1.1 1.6 2.0 2.6 3.4 

 
 

 
 

Fig. 6.18. MPEG-2 over IP: Jitter Measurements 
 
For each stream the jitter value was calculated as the difference between the 

maximum and the minimum value of all jitter samples; analogous to the MPEG-2 
over ATM tests above, it was necessary to increase the line utilization for a greater 
range of jitter impacts. With amounts of traffic offered that exceeded the maximum 
line utilization, the subjective evaluations of the video clips were based on combined 
jitter and loss impacts and not just jitter effects alone, as the codecs did not have any 
type of FEC mechanism available that could have repaired the loss damages. Just as 
above, the results of these tests must therefore be interpreted as upper limit 
evaluations as far as jitter values are concerned. The indicated loss ratios in Table 
6.15 are based on IP losses and not losses of ATM cells as in the loss tests of section 
6.3.3; a comparison of both types of loss tests is intricate, as the loss of one 53-Byte 
ATM cell can already lead to the discard of a full 1500-Byte IP packet, but an IP 
packet may at the same time also be discarded when many ATM cells belonging to 
one IP packet are lost. 

IF and IP-7 encoded sequences were able to receive an MOS score of 
“excellent/good” for jitter values of 121 µs and below. IF encoded sequences still 
received a rating of 1.3 or “excellent/good” with a jitter of 142 µs. For IBBP-15 



 

 127  

compressed video clips, jitter values of 81 µs or below produced a rating of 
“excellent/good”; jitter of 97 µs already received a “fair” score.  

Combined jitter and loss values received MOS scores of “fair” for jitter as high as 
292 µs and an IP loss ratio of 10-2 in the case of IF encoded sequences. Higher jitter 
values were not investigated for IF compressed clips, as this would have also induced 
higher loss ratios and the loss effects would have become too severe to yield any 
insight on jitter impacts.  

The chart clearly shows that IF encoding was generally able to withstand jitter 
and losses better than IP-7 and IBBP-15 coding. IBBP-15 compression was rated 
slightly worse than IP-7 encoding with the exception of the “poor” rating for 161 µs 
of jitter and 10-3 loss ratio in the case of IP-7. For jitter over 130 µs the differences in 
subjective evaluations of both IP-7 and IBBP-15 sequences remained very small. A 
summary of the investigation is presented in Table 6.16. 

Fig. 6.19. shows examples of typical loss and jitter errors of the VBrick codecs. 
Both types of errors were generally very similar in nature, since excessive jitter also 
led to late loss at the decoder. For the subjective evaluation of the video it was then 
irrelevant if the loss was due to network packet loss or if the lost information had to 
be attributed to jitter. 

 

   
    UDP 1316B IBBP-15 10-4   UDP 1316B IBBP-15 10-4      UDP 4136B IP-7 10-4 
 

   
   UDP 4136B IBBP-15 10-4    UDP 8872B IBBP-15 10-4   UDP 8872B IBBP-15 10-4 

 
Fig. 6.19. Typical Loss and Jitter Errors 
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Table 6.16. MPEG-2 over IP: Summary Results of Jitter Measurements 
 

• At 80 µs of jitter all encoding patterns received “excellent/good” ratings 
• Jitter below 120 µs led to a rating of “excellent/good” for IP-7 sequences 
• Jitter of 130 µs and an IP loss ratio of 10-3 led to a subjective quality rating 

of at least “fair” for IP-7 
• Jitter below 140 µs led to an MOS rating of “excellent/good” for IF 

encoded sequences 
• Jitter of 160 µs and an IP loss ratio of 10-3 led to a subjective quality rating 

of at least “poor” for IP-7 and IBBP-15 encoded video 
• Jitter values of 185 µs and an IP loss ratio of 10-3 was considered “poor” 

quality for IBBP-15 sequences 
• Jitter of 195 µs and an IP loss ratio of 10-3 led to a score of at least “fair” 

for IF compressed video 
• IP loss ratios of 10-2 and jitter of 220 µs led to a rating of “bad” for IP-7 

encoding 
• IP loss ratios of 10-2 and jitter values below 300 µs corresponded to a 

subjective quality rating of at least “fair” for IF encoded video.  
 

 
 
 

6.4. Subjective Quality Evaluations of Uncompressed SDI Video over ATM 
Networks  

For SDI transmissions over ATM networks the adaptation process essentially 
comprises three steps [MET-2001]: At first, the SDI interface which is based on a 10-
bit structure must be adapted to the 8-bit octets of ATM cells without loss of the 
framing structure of the video in order to allow resynchronization on the receiver’s 
side. In a second step, error protection functionalities are provided and in a final third 
step, the bits are placed into ATM cells. 

The first such adapter was developed at the Institut fuer Rundfunktechnik (IRT) 
in cooperation with the Fraunhofer Institute for Communications Systems [MET-
2001, EIL-2000a, EIL-2000b, EIL-2000c, SDI-2000]. Their ATM adapter uses a 
combination of Reed-Solomon-Erasure (RSE) code to correct cell losses and Cyclic 
Redundancy Check (CRC) on cell-level for bit-errors. The error detection and 
correction functionalities for both headers and payload are implemented with a new 
prototype AAL that is suitable for CBR and VBR video traffic: The prototype AAL 
passes 48-Byte data units to the ATM layer where 5-Byte headers are added to 
complete the 53-Byte ATM cells. However, the 48-Byte prototype AAL data units 
include only 45 Bytes of payload data that is already RSE encoded (as compared to 47 
Bytes of plain payload data in AAL1); the remaining three bytes are two parity bytes 
for CRC to discover bit errors for each cell and a 1-Byte AAL header byte as in 
AAL1 to carry a sequence number for the detection of cell loss and signaling 
information. The FEC mechanism allows the correction of 4 cell losses or corruptions 
within 6.6 KB of data. 

The adapter performs error corrections based on the following mechanism: 
Whenever bit errors are detected using the CRC mechanism in received cells, the 
adapter treats these cells as cell losses; bit errors referenced as cell losses and actual 
cell losses are then handled by the RSE code. At the RSE decoder, each cell 
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corresponds to a column of a deinterleaver matrix; columns of cells that are corrupted 
or lost are marked as erasured in an error-flag register. The cell loss itself is detected 
based on the sequence numbers in the AAL headers of the cells. The error-flag 
register, in turn, is used to pass the locations of the errors to the RSE decoder.  

If the extent of the error can be corrected with the amount of redundancy that was 
added, the corrupted values can be determined and the bit stream is corrected. Large 
burst errors, however, may lead to a large number of errors that can no longer be 
corrected with the amount of added code words. To lessen the impact of such burst 
errors, interleaving is used: With interleaving, the FEC encoded source data is first 
fed into a RAM buffer in rows and then read out in columns to reorder the payload 
data. This offers the advantage that whenever large burst errors occur during 
transmission, the corrupted area will turn into a large number of correctable single-
symbol errors, when the decoder de-interleaves this matrix and rearranges the payload 
data back into its original order [EIL-2000a, TEK-2002b]. 

For uncompressed video, lost or corrupted data that cannot be corrected lead to 
locally contained glitches as the errors are not propagated by referencing frames as in 
MPEG-2. As such, the errors may have less of an impact as far as error perception by 
users is concerned. However, if the location of an uncorrectable error affects the 
timing structure of the video, the decoder may temporarily lose synchronization and 
the picture may even appear to be running vertically for a short amount of time: In 
SDI video format, synchronization is obtained by using short reserved word patterns 
to mark the beginning and end of a horizontal line. A line of digital video starts with 
an SAV (Start of Active Video) timing packet and ends with an EAV (End of Active 
Video) packet. Each SAV or EAV timing packet contains a fixed three-word header 
part where the first word ‘3FF16’ is followed by two words of ‘00016’. A fourth word 
‘XYZ’ contains information about the signal: Bit 8 of the fourth word is also referred 
to as “F-Bit” and contains a ‘0’ to identify field one of a frame and a ‘1’ to mark field 
two; bit 7 (V-Bit) contains a ‘1’ during a vertical blanking interval and a ‘0’ during 
active video lines; Bit 6 (H-bit) is used to distinguish between EAV and SAV 
sequences, where ‘1’ indicates an EAV sequence and ‘0’ indicates an SAV sequence. 
Whenever EAV or SAV sequences are affected by errors, the vertical hold of the 
video may be perceived as out of adjustment until the decoder can regain 
synchronization [TEK-1997b, TEK-2001c].  

 
The overhead for ATM as well as error protection mechanisms lead to an ATM 

bit rate of 328.25 Mbps for each SDI video stream with its 270 Mbps of payload. The 
resulting data rate can be calculated as ATM bit rate = video bit rate * ATM overhead 
/ data unit * AAL overhead / data unit * RSE overhead / data unit, which amounts to 
328.25 Mbps [MET-2001] (Fig. 6.20).  

 

 
 
Fig. 6.20. ATM Data Rate Based on Prototype AAL and RSE Error Recovery 
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Fig. 6.21. Continuous Bit Rate Traffic Independent of Video Content 
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This bit rate of 328.25 Mbps is completely independent of the video content, as 
the SDI payload data is strictly based on scanning samples of 625 scan lines per frame 
and 25 frames per second, with a sampling frequency of 13.5 MHz for luminance 
components and 6.75 MHz for each chrominance component. This sampling 
frequency leads to 864 pixels of luminance and 2 x 432 pixels of chrominance 
information per line. With 10-bit encoding, the data rate for an SDI signal therefore 
amounts to 270 Mbps (625 lines * 25 frames/s * 10 bit * 864 pixels * 2  = 270 Mbps), 
independent of the underlying video content. Fig. 6.21 illustrates this fact for three 
different video sources that were all encoded with the SDI to ATM adapter. The first 
video source showed an endoscopic video sequence, sequence two contained a soccer 
game [EUR-2003] and video three showed a moving metronome set to 120 beats per 
minute. All three sequences were 200 seconds long (5000 frames). Although the 
contents of the three videos varied greatly, the same CBR bit rate of 328.25 Mbps of 
the encoding adapter was measured. 

 

6.4.1. SDI over ATM: Adaptation Delays and Loss Impairments 
Compared to MPEG-2 compression delays, the ATM adaptation of the SDI over 

ATM adaptation could be performed with extremely small latencies. In a back-to-
back test setup as described in Fig. 4.2 an adaptation delay of 342 µs was obtained 
[NAE-2003b, MET-2001]. 

The adapters were intended to be used with their default parameters; settings 
could not be changed or configured. The device expected an SDI video input signal 
and encapsulated the video signal into ATM cells. The inverter at the receiving end 
simply regained the SDI video from the ATM cells again. 

Before any impairments were added to the video stream, the quality of the video 
without any impairments was investigated. A video sequence was gained as described 
in Fig. 6.3 and later subjectively evaluated by the test group.  

In a separate test, cell loss ratios were added to the video stream as shown in Fig. 
6.7. The same GNNETTEST impairment tool was used as in the measurements 
above, with the exception that now the STM-4 interface card of the tool was used for 
the generation of the loss impairments. Fig. 6.22 shows the MOS rating of the 
unimpaired sequence (loss ratio = 0) and the MOS scores of the video clips with loss 
ratio impairments from 10-8 to 10-1. For all loss ratios with the exception of loss ratio 
of 10-1 the sequences did not show any errors and no quality deterioration was visible. 
The test group rated the video clip without errors and the clips with error ratios up to 
10-2 with MOS scores fluctuating around 1.5 (Table 6.17). The fluctuations could be 
attributed to the relatively small number of only 10 test viewers; for a statistically 
large group the MOS score of sequences with loss ratios between 0 and 10-2 would 
most likely settle at a fixed value, since no deteriorations or glitches were visible. 

Table 6.17. Subjective Evaluation of Loss Ratios 
ATM Loss 

Ratios 0 10-8 10-7 10-6 10-5 10-4 10-3 10-2 10-1 

MOS Scores 1.5 1.4 1.4 1.7 1.7 1.5 1.6 1.5 4.0 
 
For a cell loss ratio of 10-1 where the impairment tool replaced every 10th cell 

with an empty cell, the FEC mechanism of the adapter could no longer repair all 
errors and massive deterioration became visible. Fig. 6.23 provides some examples of 
the artifacts, which included loss of luminance and chrominance information as well 
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as loss of synchronization. All test viewers rated the sequences as  “bad” and thus 
provided an MOS score of 4.0. The findings are summarized in Table 6.18. 

 

     
 

Fig. 6.22. Subjective Evaluation of Loss Ratios
 

    
 

Fig. 6.23. SDI over ATM: Typical Loss Errors at a Loss Ratio of 10-1 

Table 6.18. SDI over ATM: Summary of Loss Investigations 
 

• Loss ratios from 0 to 10-2 were rated with an average MOS score of 1.5  
• A loss ratio of 10-1 led to a rating of “bad” 
• The results suggest a strong hardware dependency (FEC mechanisms). 
 

 

6.4.2. SDI over ATM: Jitter Investigations 
Jitter measurements were obtained by using a background traffic stream to raise 

jitter levels in the video stream and cause video distortions that could later be 
evaluated subjectively by the test viewers. The background traffic was generated with 
the STM-4 (622 Mbps) GNNETTEST ATM generator card as described in Fig. 6.10. 
Both the background traffic and the video stream were configured as UBR traffic; 
since both streams were in the same ATM service class, all cells ended up in the same 
queue and experienced the same jitter. Just as in the test setup for jitter measurements 
of MPEG-2 cells over ATM, it was therefore possible to obtain the jitter values from 
the background traffic and record the corresponding video sequences at the same 
time. Fig. 6.24 describes the test setup in detail: The SDI over ATM adapter generated 
a steady traffic stream of 328.25 Mbps; the video cells arrived at a first STM-4 
interface of a Fore-Marconi ASX-4000 ATM switch and were transmitted from there 
to the STM-4 interface of congestion via a VC connection. From there the video 
stream was looped back the same way to the inverter and the resulting video clip was 
recorded. Simultaneously, the ATM analyzer generated the background stream to 
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cause congestion; the generated cells contained time stamps to allow delay 
measurements upon their return to the ATM monitor. 

 

 
 

Fig. 6.24. Test Setup for SDI Jitter Measurements 
 
Table 6.19 and Fig. 6.25 list the measured jitter results and corresponding MOS 

ratings. For link utilizations below 100% the adapters did not show considerable jitter 
effects. When an amount of traffic was offered that exceeded the maximum line rate, 
the jitter briefly increased while the buffers started to fill up and then dropped when 
the buffers became saturated and cells started to be dropped. When the jitter increased 
during the onset of congestion the ATM inverter was incapable of producing a valid 
SDI signal and started to display black frames only. After the buffers had filled up, 
cell latencies had reached maximum levels which caused the jitter to drop again and 
the inverter was able to regain the video signal. At that point, jitter levels could be 
observed in connection with loss ratios. With increased background traffic, more and 
more cells were competing for the same resources and both jitter levels and losses 
kept rising in each test. Jitter values were calculated as described above; for amounts 
of traffic beyond 100%, samples were only taken from the period after the jitter had 
dropped to lower levels again and a video signal was visible again. The sequences 
used here in these tests therefore did not include any black frames; the duration of the 
black phases and the reaction of the test viewers to such signal interruptions was 
investigated with additional video sequences and will be described in more detail in 
section 6.6.3 below.  

Table 6.19. Subjective Evaluation of Jitter for SDI over ATM Video 
Jitter in µs 8 µs 52 µs 82 µs 117 µs 130 µs 

Loss ratios 0 0 10-2 

(ATM) 
10-2 

(ATM) 
10-2 

(ATM) 

MOS 1.4 1.6 1.6 2.6 3.6 
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Fig. 6.25. Jitter Measurements for SDI over ATM Video 
 
For link utilizations below 100% the jitter stayed below 52 µs and the subjective 

evaluations provided an MOS score of 1.6 or better. When the background traffic was 
raised to obtain link utilizations over 100%, jitter was evaluated with additional loss 
ratios of 10-2 as far as the video traffic was concerned. As the loss tests in section 
6.4.1 had shown, loss ratios of 10-2 by themselves had not caused any visible 
distortions in the video sequences. In these tests here, however, where the same loss 
ratios were combined with elevated jitter, severe distortions became visible. While 
jitter of 82 µs and a loss ratio of 10-2 were still considered “fair” with an MOS score 
of 1.6, jitter that was only slightly higher at 117 µs and 130 µs with the same loss 
ratios already received only a “poor” score with 2.6 and a rating of “bad” with 3.6, 
respectively.  

The results showed that the ATM adapter was very sensitive to jitter, especially 
when the delay variations were larger than 100 µs. This must be attributed to the fact 
that this device was intended for use over ATM networks for high-quality applications 
that are typically not tolerant as far as errors are concerned. Traffic streams for such 
multimedia scenarios would therefore be shielded from competing data flows by 
configuring the video streams as CBR traffic with absolute QoS guarantees. For this 
reason it was not necessary to equip the ATM inverter at the receiving end with 
extensive jitter buffers.  

Fig. 6.26 describes some of the jitter and loss effects that could be observed by 
the test viewers. Since the timing information of an SDI signal is extracted from the 
serial bit stream itself, excessive jitter can also affect the signal clock at the decoder. 
Variations in the clock reference then can lead to bits being misinterpreted because 
they are clocked at the wrong time. The jitter and loss impairments in the tests 
typically led to color distortions or loss of color information, running pictures, pixel 
line errors and video artifacts.  

Table 6.20 summarizes the results of the jitter measurements. 
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Fig. 6.26. Jitter and Loss Impacts on SDI over ATM Video (130 µs (jitter), 10-2 (loss)) 
 

Table 6.20. SDI over ATM: Summary of Jitter Investigations 
 

• Video clips with jitter below 10 µs were rated as “excellent/good” 
• Jitter below 50 µs received an MOS rating of at least 1.6 or “fair” 
• Jitter below 80 µs and a loss ratio of 10-2 received an MOS rating of “fair” 
• Jitter over 115 µs and a loss ratio of 10-2 received only “poor” ratings at 

best 
• Jitter of 130 µs and a loss ratio of 10-2 were perceived as “bad”. 
 

 
 
 

6.5. Subjective Quality Evaluations of Uncompressed SDI Video over IP 
Networks  

The Path1 Cx1000 SDI over IP adapter had originally been designed for 
transmissions of real-time broadcast applications with the TrueCircuit® technology 
described in section 3.2. After their initial introduction, the adapters were optimized 
for use over standard IP networks as well. This optimization primarily focused on the 
extension of Forward Error Correction (FEC) mechanisms to counter possible 
shortfalls and QoS deficiencies of best-effort transmissions.  

The Path1 adapters map an SDI video stream of 270 Mbps onto IP packets of 
1466 Bytes length; the resulting traffic flow has CBR characteristics and the steady 
amount of bandwidth it requires is dependent on the FEC settings of the device [PAT-
2002a]. The FEC mechanism is capable of correcting packet loss and incorrect packet 
sequencing within its correction range. The amount of applied FEC mechanisms can 
be adjusted for each application in order to keep the FEC overhead and FEC induced 
latencies to a minimum. 

The Cx1000 adapters offer two different types of FEC methods: A Double-FEC 
mechanism for network transmissions where severe impairments are expected, and a 
Partial-FEC method that offers less bandwidth overhead. The Double-FEC 
mechanism provides full redundancy by sending each packet of the video stream 
twice and doubling the bandwidth requirements. A setting of Double-FEC requires 
also the specification of a burst window size between 2 and 4096, which defines the 
maximum number of consecutive packets that may be out of sequence or lost and still 
be fully recovered by the adapter. 

Partial-FEC is intended for networks or applications where doubling the video bit 
rate is not an option. With its settings of a burst size and bandwidth overhead it offers 
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the possibility to optimize the trade-off between bandwidth requirements and partial 
redundancy for packet loss protection. As in the case of Double-FEC, the burst 
window size specifies the maximum amount of packet losses that can still be 
reconstructed; possible burst size selections can be varied between 2 and 1024 
packets. The overhead parameter can be adjusted from 6% to 50% and indicates the 
amount of bandwidth that will be required in addition to the regular video bit rate. The 
partial redundancy set by the overhead parameter also indirectly defines the length of 
the recovery process in case of a burst loss. Additional losses that occur within this 
recovery period cannot be fully restored by the Partial-FEC algorithm. Optimal 
overhead values can be set by observing network loss patterns and determining the 
minimum time Tburst between burst losses; to estimate Tburst and configure a 
reasonable overhead percentage, the devices offer a dropped packet counter that can 
be monitored for changes. 

For the tests in this investigation, the following settings were used: Transmissions 
of SDI over IP without any FEC (referred to as NoFEC), Double-FEC with burst sizes 
of 32 (DBL32) and 1024 (DBL1024), and Partial-FEC methods with burst sizes of 32 
or 1024 packets and overhead selections of 10% and 25% overhead. For Partial-FEC 
settings, the following notation will be used: PT32-10 describes a burst window size 
of 32 and a load overhead of 10%; PT32-25 refers to a burst size of 32 with a 25% 
overhead. Similarly, PT1024-10 and PT1024-25 stand for Partial-FEC methods with 
burst sizes of 1024 packets and 10% or 25% overhead loads. 

 

6.5.1. SDI over IP: Quality Evaluation without Impairments 
In a first test setup as described in section 6.2 several encoded and decoded 

sequences without impairments were evaluated. The sequences were produced with 
various FEC methods such as DBL32, DBL1024, PT32-25 and PT1024-10. The 
quality of SDI over IP video was also evaluated using signal adaptation without any 
FEC mechanism for reference.  

 

 
 

Fig. 6.27. Quality Evaluation of SDI over IP Video without Impairments 
 
Fig. 6.27 lists the subjective evaluation score of the test viewers. All sequences 

were rated as “excellent/good” with MOS scores ranging from 1.1 to 1.3. 
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6.5.2. SDI over IP: Adaptation Delays 
For the investigation of the SDI over IP adaptation delays the adapters were 

connected back to back in a test setup as described for the measurements of 
compression delays in Fig. 4.2. The adaptation process was impacted by the choice of 
FEC mechanisms, as the FEC selections determined overhead and burst window 
sizes: A large burst size required more buffer spaces for recovery than smaller burst 
window sizes and thus controlled the amount of resulting adaptation latency.  

Double-FEC was generally easier to apply for the devices than Partial-FEC, since 
every video packet simply had to be doubled and bandwidth requirements increased 
100%. For Partial-FEC the overhead determined the necessary amount of bandwidth; 
with increased overhead and associated increase of bandwidth utilization, latencies 
could be reduced; small overhead limited bit rate demands, but also increased 
adaptation latencies. More details on the FEC algorithms and their exact 
functionalities were not revealed by the manufacturer.  

Table 6.21 lists the FEC methods and their associated parameters. The highest 
amounts of bandwidth were required for the DBL32 and DBL1024 settings with 
591.33 Mbps. Partial-FEC with 10% overhead required 325.24 Mbps for all burst 
window sizes; similarly, a 25% load overhead led to a bit rate of 369.6 Mbps. A burst 
window size of 32 kept the adaptation delays at 12.2 ms for a 10% overhead with 
Partial-FEC and below for higher overhead values. For DBL32 the measured delay of 
2.8 ms was almost as low as the latency in the case of NoFEC with 1.8 ms where no 
FEC mechanism was applied. The highest delays in the tests were obtained for burst 
window sizes of 1024, where the increased buffering led to latencies as high as 440 
ms in the case of PT1024-10. The findings are summarized in Table 6.22. 

Table 6.21. SDI over IP: Adaptation Delays 
FEC 

Mechanism NoFEC DBL32 DBL1024 PT32-10 PT32-25 PT1024-10 PT1024-25 

Adaptation 
delay 1.8ms 2.8ms 80ms 12.2ms 4.8ms 440ms 180ms 

Bandwidth 
(SDI payload) 

295.67 
Mbps 

591.33
Mbps 

591.33
Mbps 

325.24
Mbps 

369.6
Mbps 

325.24
Mbps 

369.6 
Mbps 

 

Table 6.22. SDI over IP: Summary of Adaptation Delays 
 

• As the adaptation latencies could differ widely depending on the selected 
FEC parameters, a user should carefully balance network QoS and required 
FEC methods for critical interactive applications. 

 

 
 

6.5.3. SDI over IP: Investigation of Loss Ratios 
To study the user perception of video quality impaired by packet loss, the loss 

ratios were produced with a background traffic stream with strict prioritization to 
cause the packet drop. The ATM impairment tool employed in the MPEG-2 over IP 
tests could not be used as described in Fig. 6.14, because comparable Ethernet 
switches with STM-4 ATM interfaces for a backbone connection were not available. 
The test setup to obtain loss ratios in the SDI over IP case with background traffic 
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resembled the setup of Fig. 6.10 for ATM measurements, where only one single 
background stream was used. The network components in this test scenario for SDI 
video over IP, however, were Cisco 12000 Series routers [CIS-2002] with a 622 Mbps 
POS interface that allowed strict priority queueing and a Gigabit Ethernet interface to 
connect the video adapter. With strict priority queueing it was possible to force the 
routers to carry out all required packet drops on the video packets alone, which were 
not prioritized, while the priority background traffic was processed without losses. 
Certain loss ratios could therefore be achieved by simply raising the background 
traffic. This would not have been possible with other scheduling disciplines such as 
WRR, for instance, as this scheduling method is set to avoid the complete starvation 
of a traffic flow. With WRR, the background flow would have still received 
preferential treatment, but packets would have been dropped from both video stream 
and background traffic and exact video loss ratios could not have been as easily 
determined. 

The background traffic was generated with the Agilent RouterTester 900. The 
generator allowed traffic generation of bandwidths with three digits after the comma. 
With this resolution loss ratios between 10-3 and 10-1 could be created for the video 
flow; smaller loss ratios were not possible. Fig. 6.28 and Table 6.23 show the MOS 
scores derived from the subjective evaluations of the test viewers for the SDI over IP 
loss ratios for various FEC settings. 

 

 
 
Fig. 6.28. MOS Scores for Various FEC Mechanisms with Loss Impairments 
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Table 6.23. SDI over IP: Subjective Evaluation of Loss Ratios 
IP Loss ratio FEC method Burst size Overhead MOS 

10-3 NoFEC N/A N/A 4.0 
 PT1024-10 1024 10% 4.0 
 PT32-10 32 10% 3.3 

10-2 DBL32 32 N/A 2.5 
 DBL1024 1024 N/A 2.4 
 PT32-10 32 10% 3.4 
 PT1024-10 1024 10% 4.0 
 PT32-25 32 25% 2.9 
 PT1024-25 1024 25% 1.2 

10-1 PT1024-25 1024 25% 4.0 
 
Transmissions of the video stream with loss ratios of 10-3 and no FEC mechanism 

in place led to an MOS score of 4.0 or “bad”. The Partial-FEC PT32-10 with a burst 
size of 32 packets and a 10% overhead was able to raise the subjective quality 
perception to a rating of “poor” with an MOS score of 3.3. An increase of the burst 
window size to 1024 with the same overhead percentage of 10% did not seem to have 
any impact on the quality of the video at all, as test viewers rated the sequence no 
better than the clip with no FEC method in place with 4.0 or “bad”. Evidently, the 
small overhead in connection with the long burst window size did not allow the partial 
redundancy and recovery process to fully reconstruct the losses. 

Once the overhead was increased to 25% for the same burst size in PT1024-25, 
the opposite effect could be observed: With an overhead of 25% the FEC mechanism 
was able to wipe out all visible impacts of the losses, even for loss ratios as high as 
10-2. The test viewers recognized the excellent quality with the MOS score of 1.2. 
DBl32 and DBL1024 FEC methods were not able to top this result and only yielded 
MOS ratings of “fair” with scores of 2.5 (DBL32) and 2.4 (DBL1024). Although the 
Double-FEC mechanism duplicated all packets, the high frequency of errors must 
have prevented a full recovery of the video data. Since the burst window size of 32 
Bytes received an MOS score of 2.5 and the clip with the burst size of 1024 Bytes was 
assigned an MOS score of 2.4, the results turned out too close to be able to draw any 
meaningful conclusions for the Double-FEC mechanisms in relation to burst window 
sizes. 

When all FEC mechanisms were compared, the smaller burst size of 32 for each 
loss ratio generally fared worse than the larger size of 1024 packets and Double-FEC 
typically yielded better results than Partial-FEC. The only exception to these 
observations was the FEC method PT1024-25 which prevented visible loss effects in 
all cases up to a loss ratio of 10-1 where losses could no longer be recovered and an 
MOS score of 4.0 was given.  

The investigation showed that the various FEC algorithms had vast impacts on 
the perceived Quality of Service for the users and, depending on the FEC parameters, 
MOS scores could be obtained that ranged from 1.2 or “excellent/good” to 4.0 or 
“bad”. An optimal configuration of the parameters may be difficult to achieve in 
networks with unpredictable behavior. Table 6.24 summarizes the findings of the loss 
studies. Fig. 6.29 shows some of the encountered loss distortions, such as color 
changes, loss of color and black frames due to a loss of signal. 
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Table 6.24. SDI over IP: Summary of Loss Investigations 
 

• Loss ratios of 10-3 led to quality ratings of “poor” or “bad” 
• Loss ratios of 10-2 led to ratings of “fair” for Double-FEC methods 
• Loss ratios of 10-2 led to “poor” or “bad” quality ratings for Partial-FEC 

with a redundancy overhead of 10% 
• Redundancy overhead of 25% was able to increase perceived quality to 

“excellent/good” for a 10-2 loss ratio and large burst size of 1024 
• Double-FEC methods generally led to better MOS scores than Partial-FEC 
• Larger FEC overhead typically led to better MOS scores 
• Larger FEC overhead fared better with a larger burst window size 
• Small FEC overhead yielded better MOS scores in connection with a 

smaller burst size 
• Optimization of FEC parameters was crucial to perceived QoS. 
 

 

    
No FEC 10-3              No FEC 10-3               DBL 32 10-2               DBL 32 10-2 
 

    
    PT 1024-25 10-1        PT 1024-25 10-1         PT 1024-25 10-1            PT 1024-25 10-1 

 
Fig. 6.29. Examples of Loss Effects on SDI over IP Video Clips 

 
 

6.5.4. SDI over IP: Jitter Impairments 
Jitter measurements for SDI over IP were conducted with prioritized background 

traffic (red arrows, Fig. 6.30) as described in the previous section. In addition to the 
background flow, however, a second flow was generated with a separate generator 
engine. Just as the live input video packets, this additional flow had no priority and its 
packets were served along with the video packets in the same non-priority queue at 
the congested interface and were thus subjected to the same network jitter (green 
arrows, Fig. 6.30). Since live video input could not have been measured due to the 
lack of time stamps, this second non-prioritized stream was used to supply time 
stamps and be able to obtain jitter measurements in parallel to the video recordings. In 
order to avoid any unnecessary traffic impacts as far as loads were concerned, the 
measurement stream was chosen to be as small as possible and was produced with a 
minimal generator setting of 0.012 Mbps. The measurement flow also used the same 
packet size of 1466 Bytes as the video stream.  
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Fig. 6.30. Test Setup for Jitter Measurements of SDI over IP Sequences 
 
The strict priority queueing had such a strong effect on the video sequences that 

jitter related distortions for most FEC methods became severe enough to be 
categorized as “bad”, even before a load utilization of 100% was reached. For the SDI 
over IP jitter evaluations it was therefore not necessary to consider combined jitter 
and loss impacts as demonstrated in the sections above. The strict priority queueing 
forced the router to service the background packets with exclusive priority and 
allowed the starvation of the video queue. As a result, the video and measurement 
packets experienced severe jitter that led to the quality degradations.  

Table 6.25 lists the observed jitter values and associated MOS scores for various 
FEC methods. The charts of Fig. 6.31 visualize the results graphically and grouped 
Double-FEC, Partial-FEC and FEC methods with a burst size of 32 in separate charts. 
An FEC overview is also provided in chart (d) of Fig. 6.31. 

 

Table 6.25. Subjective Evaluation of Jitter for SDI over IP Video 
FEC Mechanisms Jitter in µs 

NoFEC 71 µs 210 µs 402 µs 868 µs 
MOS 1.2 1.8 2.6 3.7 

DBL32 314 µs 642 µs 806 µs 1088 µs 
MOS 1.4 2.0 2.7 4.0 

DBL1024 216 µs 489 µs 714 µs 1163 µs 
MOS 1.5 1.9 2.6 3.5 

PT32-10 79 µs 181 µs 635 µs 825 µs 
MOS 1.3 1.4 2.3 3.3 

PT32-25 60 µs 156 µs 433 µs 613 µs 
MOS 1.5 1.5 2.4 3.3 
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Jitter values below 150 µs received an MOS score of at least 1.5 regardless of the 
FEC method that was applied. As expected, jitter effects were most noticeable for 
sequences without FEC mechanism; DBL32 fared better than DBL1024 until the jitter 
increased above 800 µs (Fig. 6.31(a)); above this jitter value the long burst size for 
loss recovery was more beneficial to the reconstruction of the video than the smaller 
burst size of 32; this had to be attributed to the fact that the jitter caused longer burst 
losses that could still be handled by the DBL1024 algorithm, but were problematic for 
the DBL32 method. 

 

 
 
                       a) Double FEC vs. NoFEC                                     b) Partial FEC vs. NoFEC 

 

 
         c) FECs with a burst window size of 32 Bytes                         d) FEC overview 

 
Fig. 6.31. Jitter Measurements and MOS Ratings for SDI over IP Video 

 
For Partial-FEC with a burst size of 32 (Fig. 6.31(b)) a smaller overhead of 10% 

received higher MOS values than a redundancy overhead or 25%. A similar 
observation had already been made in the test of loss ratios, where lower overhead 
that was associated with smaller burst sizes received better quality ratings. 

When Partial-FEC and Double-FEC algorithms were compared for the same 
burst size (Fig. 6.31(c)), DBL32 received the best MOS ratings, followed by PT32-10 
and PT32-25. PT32-10 received very similar MOS scores as compared to DBL1024 
up to a jitter value of 600 µs; DBL1024 seemed to be the most robust of all FEC 
mechanisms above jitter values of 800 µs (Fig. 6.31(d)). Table 6.26 summarizes the 
jitter results. 
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Table 6.26. SDI over IP: Summary of Jitter Investigations 
 

• Jitter below 150 µs received MOS ratings of at least 1.5 independent from 
the chosen FEC mechanism 

• Jitter above 870 µs received MOS scores of “bad” independent from the 
chosen FEC mechanism 

• DBL1024 received best MOS ratings for jitter over 800 µs 
• For jitter values below 600 µs PT32-10 scored as well as DBL1024 using 

45% less bandwidth  
• Sequences with no FEC mechanism in place were affected most by 

network jitter 
• Double-FEC methods generally led to better MOS scores than Partial-FEC 
• Small FEC overhead yielded better MOS scores in connection with a 

smaller burst size 
• Optimization of FEC parameters was crucial to perceived QoS. 
 

 
 
 

6.6. Subjective and Objective Error Characterization 
The previous sections 6.1 through 6.5 of Chapter 6 presented the subjective 

evaluations of the impact of loss ratios and network jitter on video clips. The results 
of these investigations relied on the overall quality ratings that the test viewers had 
attributed to each video clip as part of the survey. The test viewers had formed their 
overall subjective opinions based on all observed artifacts during each video 
sequence. 

In most sequences, the loss and jitter impairments had caused various types of 
distortions. In order to collect subjective data on the different kinds of errors that had 
occurred, the test subjects were not only asked to provide an overall quality rating, but 
were also requested to offer observations concerning block errors, color changes, 
motion and video definition in the survey. This additional subjective information was 
then used along with objective frame-by-frame analyses to determine if the observed 
errors could be categorized to a certain degree to determine possible error tolerance 
behaviors or user preferences.  

MPEG-2 sequences were studied in connection with errors such as varying video 
definition, block errors, frozen frames and image traces, which can typically be 
attributed to problems stemming from the compression algorithm; SDI sequences 
were considered in connection with color changes and series of black frames. 
Independent from the listed error types, the frequency of errors and its effect on the 
subjective rating of a video was also considered in the investigation. 

 

6.6.1. Subjective Error Characterization 
As part of the survey, the test viewers had not only provided answers concerning 

the overall quality rating of the video sequences, but had also provided observations 
regarding errors such as block errors, color changes, variations in image definition 
and stability of motion. The evaluations of the test subjects were then used to 
characterize these error patterns subjectively. 
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6.6.1.1. Subjective Observations of Block Errors 
Jitter and loss often lead to the formation of block artifacts in MPEG-2 video, 

since the compression algorithm is based on 8 x 8 pixel blocks. For this reason the test 
viewers were asked in the questionnaire to provide subjective evaluations of block 
errors. Rating categories for block errors ranged from “none” to “minimal”, 
“frequent” and “substantial”; the categories received weights from 1-4, respectively, 
and the MOS was calculated as above. Fig. 6.32 shows some examples of typical 
block errors as they could be observed in some of the MPEG-2 encoded video clips. 

 

   
  15-422 IF loss 10-6            40-422 IF jitter 212 µs           40-422 IF loss 10-3 

 
Fig. 6.32. Examples of MPEG-2 Block Errors 

 
For the subjective investigation of block errors in the survey, a total of 119 

MPEG-2 clips were examined. In 56 of these cases no block errors were observed, 38 
cases received the attribute “minimal” block errors, 17 clips were considered having 
“frequent” block errors and 8 cases were categorized as examples for “substantial” 
block errors.  

Block error observations of the category “none” led to the overall subjective 
quality rating of “excellent/good” in 57% of the cases and to an MOS score of 
“excellent/good” or “fair” in 93% of the cases. An observation of a “minimal” amount 
of block errors led to the MOS rating of “fair” in 63% of the cases; it never led to an 
overall quality rating of “excellent/good”. “Frequent” block errors led to an overall 
quality perception of “poor” in 47% of the cases and led to a “bad” MOS score in 
53% of the cases. The impression of  “substantial” block errors always led to an 
overall quality perception within the MOS category “bad” (Fig. 6.33(a)).  

 

  
         a) characterization of block errors                                      b) image definition 

 
Fig. 6.33. Subjective Error Characterization of Block Errors and Image Definition 
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6.6.1.2. Subjective Evaluation of Image Definition 
As part of the survey, the test viewers were also asked to provide ratings as far as 

the perceived video definition was concerned. Possible answers were limited to the 
choices between “good” and “bad” video definition. The definition of an MPEG-2 
video must be expected to change whenever CBR codecs are used that produce a 
fixed bit rate independent from the complexity of the video content, or when error 
conditions force the codec to conceal possible bottlenecks by temporarily resorting to 
lower resolutions. 

A total of 155 MPEG-2 clips were investigated subjectively for image definition; 
78% of all video sequences that were subjectively perceived as having “good” 
definition received an overall quality rating of “excellent/good” or “fair”; 39% of 
these sequences were ultimately rated with an MOS score of  “excellent/good” (Fig. 
6.33(b)). However, only 54% of video clips that were considered to display bad 
definition were actually placed into the overall quality categories of “poor” or “bad”; 
in fact, 36% of all sequences that were considered to have bad definition received an 
overall quality rating of “fair”, despite their negative definition ratings. 

 

6.6.1.3. Subjective Observations of Continuous Motion 
In MPEG-2 sequences, one of the artifacts that could be detected were frozen 

frames. Evidently, the codecs displayed a previous frame in times of distress in order 
to conceal errors. For video without a lot of motion, the playout of an old frame would 
often not be noticed by the viewer, but since a continuously moving pendulum was 
used as a video source in these tests, the occurrence of a frozen frame became easily 
noticeable, as it caused the effect that the motion seemed interrupted and the 
pendulum started to stutter or tremble.  

The test viewers were asked in the survey to classify such irregular motion and 
could chose between the answers “very regular”, “occasionally irregular” or “very 
irregular” motion. The subjective perceptions of stutters or irregular motion were 
evaluated for 117 MPEG-2 sequences; objective evaluations were performed for both 
MPEG-2 and SDI sequences.  

In the subjective investigation, for 40 MPEG-2 sequences where only “regular” 
motion had been observed, an overall quality rating of “excellent/good” was presented 
in 47.5% of the cases; at the same time, the attribute “regular motion” led to an MOS 
score within category “fair” in 45% of the cases (Fig. 6.34(a)). Sequences were 
described with showing “occasionally irregular motion” in 48 instances and received 
an overall “excellent/good” quality score in 27% of the cases, and a “fair” score in 
52% of the cases. In all instances where the perception of “very irregular motion” had 
been indicated by the test viewers, the video clips were given an overall quality rating 
of “poor” or “bad”. 
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    a) characterization of continuous motion                                   b) color changes 

 
Fig. 6.34. Subjective Error Characterization of Motion and Color Changes 

 

6.6.1.4. Subjective Evaluations of Color Changes 
Error patterns that were typical for SDI sequences included color changes and the 

displaying of black frames. Such distortions can occur, because SDI sequences carry 
the clock reference embedded in their data streams and excessive jitter impairments 
can therefore cause the inverter to lose the timing reference of the signal so that no 
video can be reproduced. Whenever the timing reference is lost, black frames will be 
displayed until the video signal can be recovered. 

Small variations of the timing reference may not cause the complete loss of the 
signal, but can lead to misinterpretations as far as alignments are concerned. 
Alignment errors may affect end-of-line or end-of-frame information resulting in 
running frames or picture shifts. Excessive network jitter and a shift in the timing 
reference can also lead to color hue errors in a video [TUC-2006]. 

Some examples of the observed color changes in the tested SDI video sequences 
are shown in Fig. 6.35: The reference shifts typically led to misinterpretations of 
colors; in some cases the color information was completely lost and only a black-and-
white frame could be displayed. The third image also displays a frame alignment 
error. 

 

   
             Jitter 1088 µs                           Loss 10-3                             Jitter 130 µs 

 
Fig. 6.35. Color Distortions for SDI Sequences 

 
To observe such error patterns, the test survey for this study contained a separate 

section for the subjective evaluation of color changes. Series of black frames due to a 
loss of signal at the receiver were also investigated by including sequences with 
varying lengths of such black phases in the survey for subjective evaluation.  
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As part of the questionnaire, the test viewers were specifically asked to provide 
answers to the question if they had observed any color changes in each sequence; 
possible choices ranged from “none” to “occasional” or “frequent” color changes. A 
total of 34 SDI sequences were rated for this error pattern and the answers received 
weights ranging from 1 (for choice “none”) to 3 (for choice “frequent”).  

In 79% of the cases where “no” color changes had been observed, the overall 
subjective quality rating resulted in either an “excellent/good” or a “fair” MOS score. 
In 80% of the cases where the subjects had discovered “occasional” color changes, the 
overall quality was considered as “poor” or “bad” (Fig. 6.34(b)). None of the 
sequences were considered to have “frequent color changes”.  

 

6.6.2. Objective Error Characterization 
In addition to the subjective evaluations provided by the test viewers, some of the 

video sequences were also studied objectively using a frame-by-frame analysis. The 
objective evaluations were conducted using a FAST 601 editing system [FAS-1999] 
where each frame could be analyzed individually and all the occurrences of errors 
could be registered. The objective investigation focused on MPEG-2 errors such as 
block errors, picture traces and frozen frames; SDI sequences were objectively 
analyzed for color changes and series of black frames. 

 

6.6.2.1. Objective Data Analysis of MPEG-2 Block Errors 
In Fig. 6.32 some examples of MPEG-2 block errors were shown as they 

occurred for I-frame only encoded sequences with 15 Mbps or 40 Mbps with either 
jitter or loss impairments. Higher loss ratios did not only lead to a higher number of 
frames with block errors, but also led to increased numbers of block errors within a 
frame. 

Table 6.27 lists various ATM loss ratios and the corresponding objective 
observations of block errors within frames. The objective investigation showed that 
loss ratios of 10-6 and 10-7 only produced small numbers of frames with block errors. 
For higher loss ratios as in the case of the loss ratio 10-3, however, block errors rapidly 
became more frequent and large numbers of frames were produced with at least 6-10 
block errors visible per frame. 

Table 6.27. Increase of Block Errors and Corresponding MOS Ratings 
Number of frames with Loss 

ratio
ATM 

Block 
errors 

1 
block 

2 
blocks

3-5 
blocks

6-10 
blocks 

11-25 
blocks 

Subjective 
evaluation 

10-8 0 0 0 0 0 0 1.5 
10-7 0 0 0 0 0 0 1.5 
10-6 2 1 1 0 0 0 1.7 
10-5 9 7 0 2 0 0 2.2 
10-4 109 89 14 6 0 0 2.8 
10-3 266 4 6 85 147 24 4.0 
 
Table 6.28 compares several MPEG-2 sequences and the amount of frames they 

contained where at least one block error was observed but no more than 5 blocks per 
frame were visible. The results in Table 6.28 (and also in the tables below) are sorted 
by their MOS scores. This example was chosen, because sequences with frames with 
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less than 5 block errors occurred more often than sequences with larger amounts of 
block errors within a frame and therefore offered a larger sample base for the 
objective analysis.  The table lists absolute numbers for frames containing the error 
pattern, but also the overall percentage as far as the durations of the video clips were 
concerned, since not all clips always had the same length. The subjective evaluations 
in all the tables pertained to the overall subjective quality rating provided by the test 
viewers in the survey. 

Table 6.28. Number of Frames with less than 5 Block Errors 

Impairment Number of frames 
with less than 5 blocks 

Percentage of frames 
with less than 5 blocks 

Subjective 
evaluation 

10-8 loss 0 0 1.5 
10-7 loss 0 0 1.5 

97 µs jitter 0 0 1.6 
10-6 loss 2 0.4% 1.7 

132 µs jitter 3 0.6% 1.8 
180 µs jitter 5 1% 1.9 
171 µs jitter 12 2.4% 1.9 
137 µs jitter 4 0.8% 2.0 

10-5 loss 9 1.8% 2.2 
10-4 loss 109 21.8% 2.8 
10-3 loss 95 19% 4.0 

 
Fig. 6.36(a) shows the corresponding graph depicting the percentages of flawed 

frames and their associated overall subjective evaluations. The evaluations showed 
the clear tendency that higher percentages of frames with block errors led to a 
decreased quality perception. If less than 5% of the frames showed block errors with 
less than 5 blocks per frame, the video sequences were still considered “fair” in their 
overall quality perception rating. A logarithmic scale could probably have offered a 
better presentation of the data in the plot, but could not have been applied here to all 
of the data, since the logarithm of the value 0 is not defined (some of the video clips 
had 0% of flawed frames).  

 
 
 

  
                      a) frames with less than 5 blocks                            b) frames with image traces 

 
Fig. 6.36. MPEG-2 Block Errors and Image Traces 
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6.6.2.2. Objective Data Analysis of MPEG-2 Picture Traces 
Another MPEG-2 specific error pattern were picture remnants or traces that 

occurred in connection with complex GOP sizes such as IP-7 or IBBP-15 encoding, 
where errors affected the reconstruction of referencing B- and P frames. Subjective 
evaluations for image traces were not collected in the survey, but the error pattern was 
investigated objectively. 

Examples of typical image traces are shown in Fig. 6.37. The MPEG-2 sequences 
had been encoded with a bandwidth of 15 Mbps and a sampling rate of 4:2:0. The first 
two pictures demonstrate the errors for IBBP-15 compressed sequences and a loss 
ratio of 10-4; the third example was taken from an IP-7 encoded video clip with a jitter 
impairment of 223 µs.  

 

   
   15-420 IBBP-15 loss 10-4     15-420 IBBP-15 loss 10-4        15-420 IP-7 jitter 223 µs 

 
  Fig. 6.37. Examples of MPEG-2 Image Traces 

 
The results of the objective investigation of image traces are listed in Table 6.29 

and in Fig. 6.36(b). The image traces in these samples were either caused by jitter or 
loss impairments. For each clip, both the total amount of frames with traces and the 
percentage of frames with this type of error were listed in the table and compared to 
the overall subjective quality perception that had been established in the survey. 
Below a percentage of 1.5% of frames with visible traces, the video clips were still 
considered “excellent/good” in their overall quality rating by the test viewers. It 
therefore seemed that image traces were either noticed less by the subjects, or were 
considered less of a nuisance than block errors. 

 

Table 6.29. Objective Evaluation of Frames with Image Traces 
MPEG-2 

impairment 
Number of frames 

with traces 
Percentage of 

frames with traces 
Subjective 
Evaluation 

Loss 10-7 4 0.8% 1.1 
Loss 10-7 0 0% 1.2 
Loss 10-7 3 0.6% 1.4 
Loss 10-7 6 1.2% 1.4 

Jitter 97 µs 2 0.4% 1.6 
Loss 10-7 10 2% 1.6 
Loss 10-7 2 0.4% 1.8 

Jitter 132 µs 4 0.8% 1.8 
Jitter 180 µs 3 0.6% 1.9 
Jitter 171 µs 54 10.8% 1.9 
Jitter 137 µs 9 1.8% 2.0 
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6.6.2.3. Objective Data Analysis of Frozen Frames 
The objective investigation of MPEG-2 frozen frames revealed that for a loss 

ratio of 10-7 and varying encoding formats the compression algorithm based on I-
Frames only did not display frozen frames (Table. 6.30). As the GOP sizes and 
complexities increased, more frozen frames could be observed. Small UDP sizes also 
suffered less from frozen frames than larger UDP sizes. Table 6.31 lists the number of 
frozen frames, the percentages of frozen frames and the resulting subjective overall 
video quality ratings. 

 

 
 

Fig. 6.38. Impact of Frozen Frames 

 

Table 6.30. Frozen Frames and GOP 
Sizes for Loss Ratio of 10-7 (ATM) 
UDP size IF IP7 IBBP15

8872 0 8 16 
4136 0 7 11 
1316 0 3 8 
 

 
Fig. 6.38 provides a graphical analysis of the results. Video sequences with 6% or 

less frozen frames were still considered “fair” in the overall subjective quality rating 
of the survey. The results are also listed in Table 6.31 along with the percentages of 
frames that were frozen in each clip. The outcome could not reveal a clear 
relationship between UDP sizes or GOP encoding and resulting subjective evaluations 
as the human perceptions produced slight variations and inconsistencies. The results 
showed, however, that for a loss ratio of 10-7, IP-7 encoded sequences suffered from a 
percentage of frozen frames ranging from 0.6% to 1.6%, and video clips with an 
IBBP-15 encoding produced a percentage of frozen frames ranging from 1.6% to 
3.2%. 

Table 6.31. Video Quality and Frozen Frames 
Loss ratio 10-7 

(ATM) 
Number of 

frozen frames 
Percentage of 
frozen frames 

Subjective 
evaluation 

1316 IF 0 0 1.0 
4136 IF 0 0 1.2 
8872 IF 0 0 1.5 

1316 IP-7 3 0.6% 1.4 
4136 IP-7 7 1.4% 1.2 
8872 IP-7 8 1.6% 1.1 

1316 IBBP-15 8 1.6% 1.4 
4136 IBBP-15 11 2.2% 1.6 
8872 IBBP-15 16 3.2% 1.8 

 
Table 6.32 lists the numbers and percentages of frozen frames of several MPEG-

2 sequences; the samples in the data set had either suffered from loss or jitter 
impairments.  
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Some of the samples in the table are printed in italics to point out striking 
similarities: Jitter and loss errors for MPEG-2 sequences produced similar MOS 
ratings for similar percentages of frozen frames. An MPEG-2 percentage of 2.2% 
frozen frames due to losses led to the same overall MOS rating as a 2.2% of frozen 
frames due to jitter impairments, for instance. This outcome can be explained by the 
fact that excessive jitter led to late loss and thus resembled loss errors. 

Table 6.32. Video Quality and Frozen Frames for MPEG-2 Clips 

Impairment Number of 
frozen frames 

Percentage of 
frozen frames 

Subjective 
evaluation 

MPEG-2 jitter 97 µs 11 2.2% 1.6 
MPEG-2 loss ratio 10-7 11 2.2% 1.6 
MPEG-2 jitter 171 µs 0 0 1.7 
MPEG-2 jitter 132 µs 19 3.8% 1.8 

MPEG-2 loss ratio 10-7 16 3.2% 1.8 
MPEG-2 jitter 180 µs 2 0.4% 1.9 
MPEG-2 jitter 137 µs 30 6% 2.0 
 
 

6.6.2.4. Objective Investigation of Color Changes 
For SDI sequences, an objective analysis was conducted for both color changes 

and black frames; the results related to the observation of black frames will be 
presented as part of the investigation of error frequencies in section 6.6.2.5. 

Table 6.33 lists the number of frames with color changes and the corresponding 
percentages of frames with this type of flaw and relates it to the resulting subjective 
quality perception. The samples are grouped by FEC mechanisms. 

 

Table 6.32. Objective Evaluation of Frames with Color Changes 

FEC 
method Impairment 

Number of 
frames with 

color changes 

Percentage of 
frames with color 

changes 

Subjective 
evaluation

402 µs jitter 6 1.2% 2.6 
868 µs jitter 8 1.6% 3.7 NoFEC 

10-3 loss ratio 55 22.0% 4.0 
314 µs jitter 0 0% 1.4 
642 µs jitter 3 0.6% 2.0 

10-3 loss ratio 8 3.2% 2.7 
DBL32 

965 µs jitter 35 7.0% 3.2 
181 µs jitter 7 1.4% 1.4 
635 µs jitter 42 8.4% 2.3 
825 µs jitter 44 8.8% 3.3 

PT32-10 

10-3 loss ratio 40 16% 3.4 
156 µs jitter 4 0.8% 1.5 
433 µs jitter 48 9.6% 2.4 PT32-25 
613 µs jitter 55 11.0% 3.3 
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Fig. 6.39 lists the results in both a scatter plot and also grouped by the FEC 
algorithms that were applied. The FEC mechanisms PT32-25 and PT32-10 received 
the best MOS scores per percentages of color-flawed frames; PT32-25 was rated 
slightly better for percentages beyond 10%. For sequences without FEC mechanisms, 
very small percentages of color-changed frames were already rated as “poor” or 
“bad”. DBL32 with its duplication of packets scored a little better than sequences with 
no FEC, but did not have much of an advantage. This must be attributed to the fact 
that color changes are caused by a shifting time reference as explained above, and as 
long as there are no additional checksums added, the simple duplication can not solve 
the problem with the time shift adequately. 

 

 
 

Fig. 6.39. Color Changes and FEC Mechanisms 
 

6.6.3. Error Frequency 
In addition to color changes, the impact of extended periods of black frames due 

to the loss of signal at the receiver was also investigated. The test viewers were not 
specifically asked to rate the sequences with such black phases within a separate 
section of the questionnaire as in the case of color changes; instead, the sequences 
with long durations of black frames were simply included in the test as regular video 
clips.  

A change in user behavior as far as black phases were concerned, could be 
discovered, however, because one and the same sequence that had been produced by 
the same input load was edited in several ways: As was explained in the previous 
sections, the overload situation first led to extreme impairments and loss of signal 
until the buffers were overflown, and smaller jitter impairments enabled the receiver 
to regain the video signal again. This series of events made it possible to edit a clip to 
either contain the black phase and loss of signal at the beginning of the sequence, or 
limit the clip to the time when the signal was recovered and black phases did not 
occur anymore. 

For the investigation of the black phases, the sequences were edited in three 
variations: In a first edit, a sequence consisted of mostly the black phase (Fig.6.40); 
such a sequence will be denoted with the abbreviation “bp” (black phase) in the 
remainder of the text. In all cases, “bp” clips were 20 seconds long. The duration of 
the black phase in the clip depended on the amount of input overload; higher input 
traffic led to shorter black phases, since the buffers reached their fill levels more 
quickly.  

In a second cut, the same recorded sequence was edited to contain only the time 
after the signal had been recovered; such a clip did not contain any part of the signal 
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loss, but was a sub-clip of the extended time after the sequence’s black phase. Such 
clips will be referred to with the letters “ext” for extended clip; “ext” sequences were 
also always 20 seconds long.  

In a third variation, a sequence was edited to contain both black phase and 
extended period; such clips generally had a duration of 40s and will be denoted by the 
abbreviation “bpext”. In two cases the “bpext” clips were not only edited to a length 
of 40s, but lasted a total of 90s each. The clips were extended over such a long period 
of time to investigate if a user would possibly “forget” or at least disregard the fact 
that such a loss of signal had occurred, if more time passed since the catastrophic 
event.  

 

 
 

Fig. 6.40. Editing of “bp”, “ext” and “bpext” Sequences 
 
All “bp”, “ext” and “bpext” sequences were rated by the test viewers subjectively 

and received an overall quality score. The durations of black phases were investigated 
objectively using the studio editing system as described above. The subjective 
evaluations will be listed along with the objective results in the following paragraph. 

The objective evaluation of black phases was conducted using “ext”, “bp” and 
“bpext” clips as described above. Table 6.33 shows the variations of the sub-clips of 
three different sequences and their corresponding input traffic. The data samples are 
listed as “ext”, “bpext” and “bp” clips. The occurrence of a black phase in “bpext” 
clips versus “ext” clips deteriorated the perception of quality of the test viewers. The 
perceived quality dropped by one MOS category in all cases. The reverse was also 
true: As expected, “bp” sequences that contained mostly black frames received the 
worst overall quality ratings; once the sub-clips were extended to include better 
quality video as well, the ratings slightly improved in two of the data sets, although 
not as much as was observed in the previous case. The improvements were only small 
and kept the overall video rating within the same MOS category. 

In contrast to the results of Table 6.33 where the impact of the occurrence of a 
signal loss was investigated, Table 6.34 considers the actual duration of a black phase 
and its impact on subjective quality perception for “bpext” sequences. 

 

Table 6.33. Video Quality and Black Phases 
 Subjective evaluation 

Traffic input Video (ext) Video (bpext) Video (bp) 
101% 1.9 2.9 3.2 

101.025% 1.7 2.7 2.8 
101.05% 2.4 3.5 3.5 
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Table 6.34. Video Quality and Black Phase Durations 

Duration of black phase Percentage of 
total frames 

Subjective 
Evaluation 

106 frames 10.6% 2.7 
121 frames 12.1% 2.9 
448 frames 19.9% 3.0 
115 frames 11.5% 3.5 
532 frames 23.6% 3.6 

 
Fig. 6.41 provides a graphical analysis of the data. Higher percentages of black 

frames directly translated into longer black phase durations, since each clip only had 
one black phase. Longer black phases did not really affect the Mean Opinion Score to 
a large extent; between the ranges of 10-15% and 20-25% similar MOS scores were 
attributed to the overall quality of a video.  

It seems that the long duration of black phases was indeed considered less of an 
annoying impact by the test viewers when the video clip was extended and as time 
went by. The results therefore implied that the frequency of errors and how the errors 
were spaced also had an impact on the perception of video quality.  

 

  
 

Fig. 6.41. Impact of Black Phases on Subjective Evaluations 
 
The frequency of errors and its impact on quality perception were further 

investigated in Table 6.35: The table lists several SDI sequences and the numbers of 
error periods that were observed. The term “error period” in this context refers to an 
uninterrupted series of frames within a video clip where each frame showed some 
type of flaw. The end of an error period was marked by the appearance of a frame 
without glitches. For each SDI sequence the mean number of frames between error 
periods was also calculated. The findings showed a strong negative correlation 
between mean number of frames between errors and the resulting overall quality 
perception: A large mean number of frames between glitches correlated with a small 
MOS rating and a good subjective quality perception. Similar results could be found 
for MPEG-2 video (Table 6.36). 
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Table 6.35. Video Quality and Error Frequency for SDI Clips 

SDI Traffic input Number of  
error periods 

Mean number of 
frames between errors 

Subjective 
Evaluation 

(ext) 8 47 1.9 
(bp) 11 12 3.2 101% 
(bpext) 23 14 2.9 
(ext) 12 37 1.7 
(bp) 16 8 3.8 101.025% 
(bpext) 36 17 3.7 
(ext) 36 11 2.4 
(bp) 37 9 3.5 101.05% 
(bpext) 67 12 3.5 

 

Table 6.36. Video Quality and Error Frequency for MPEG-2 Encoded Clips 
MPEG-2 

Impairment 
Number of 

error periods 
Mean number of 

frames between errors 
Subjective 
evaluation 

Jitter 142 µs 2 167 1.3 
Jitter 97 µs 3 4 1.6 
Jitter 197 µs 3 38 1.7 
Jitter 132 µs 9 41 1.8 
Jitter 171 µs 65 7 1.9 
Jitter 180 µs 7 29 1.9 
Jitter 137 µs 13 26 2.0 

 
A graphical analysis is also provided in Fig. 6.42. The mean number of frames 

between periods of failures is listed for both SDI and MPEG-2 sequences in Fig. 
6.42(a). Fig. 6.42(b) sketches a possible approximation of the course of the data: A 
large number of error periods that are generally separated by a small number of 
frames will yield a small mean number of frames between glitches and will result in 
“poor” or “bad” MOS ratings. If error periods are separated by a large number of 
frames, the quality perception seems to increase. 

The data analysis shows that for both MPEG-2 and SDI video, the mean number 
of frames between error periods can be used as a good indicator for the projection of 
the overall quality perception of a video sequence. 

 

                  

                   a) mean number of frames                                            b) sketched illustration 
 

Fig. 6.42. Mean Number of Frames between Error Periods 
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6.6.4. Assessment of User Behavior 
In this section the error patterns of picture traces, color changes, frozen frames 

and block errors will be listed in comparison with each other in order to obtain an 
assessment of possible viewer tolerance behaviors. Each error category was listed in 
the charts with the percentages of frames containing the error vs. their overall 
subjective quality ratings as obtained from the survey (Fig. 43(a)-(f)).  

The error pattern of traces seemed to have been attributed the best MOS scores in 
the overall quality ratings, whereas the same percentages of frames with color 
changes had received the worst quality ratings. It must be noted, however, that it was 
not always possible to isolate and consider only one error pattern per video clip, as in 
many sequences more than one type of flaw could be observed and would have then 
caused the test subjects to provide a quality rating that had been affected by both 
types of observations. This was especially true for sequences with color changes and 
could explain why some of the results in these cases received “bad” overall ratings for 
a small percentage of flawed frames. 

At the same time, this may very well be the reason why in each case of the 
comparison the outcome was very close. Although no clear user preferences or 
tolerance behavior for error types could be established, the following analysis could 
be made: For all error patterns a clear tendency of a positive linear correlation was 
visible and larger percentages of flawed frames led to worse overall quality ratings. 
This was true for all error types for both MPEG-2 and SDI video. “Fair” overall 
quality ratings or better were generally obtained for sequences with less than 5% of 
flawed frames regardless of the error pattern that was observed. At the 10% mark, the 
overall quality perception of a sequence turned into “poor”; with 20% or more flawed 
frames a sequence was considered “bad”. The findings of section 6.6 are summarized 
in Table 6.36. 

 
 

  
                    a) MPEG-2 traces and block errors                   b) MPEG-2 traces and frozen frames 

 

  
              c) MPEG-2 traces and SDI color changes         d) SDI color changes & MPEG-2 frozen frames 
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        e) MPEG-2 blocks errors and SDI color changes         f) MPEG-2 frozen frames and block errors 

 
Fig. 6.43. Comparison of Error Patterns 

   

Table 6.36. Summary of Error Characterization 
 

• User tolerance behaviors or clear preferences towards specific error 
patterns could not be established based on this video material 

• Sequences with 5% flawed frames received MOS scores of at least “fair”, 
regardless of the error pattern for both MPEG-2 and SDI video 

• Sequences with 10% flawed frames received MOS scores of “poor”, 
regardless of the error pattern for both MPEG-2 and SDI video 

• Sequences with 20% flawed frames received MOS scores of “bad”, 
regardless of the error pattern for both MPEG-2 and SDI video 

• Mean number of frames between error periods was shown to be a good 
indicator for the overall quality perception for both MPEG-2 and SDI clips. 
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7. QoS Classification 
The previous chapter provided subjective and objective evaluations of the impact 

of both jitter and loss impairments on user quality perception. The subjective 
evaluations will now be used in an effort to formulate a QoS classification model that 
will offer a translation from network QoS parameters to user QoP parameters. The 
intended classification scheme will primarily provide network QoS limits for delay, 
jitter and loss ratios and their correlations to the overall subjective user quality 
perceptions. In its strictest form, the model will be applicable to both MPEG-2 and 
SDI sequences and will be independent of ATM or IP network protocols.  

For the development of the classification model, all measured QoS parameters 
and their subjective evaluations will first be compared with each other. The 
investigations will particularly focus on the specific circumstances that had the 
strongest influences on the resulting quality perceptions. To summarize the results, 
the final QoS scheme will then be formulated based on delay, jitter and loss intervals 
for the four MOS categories. As part of the model, the QoS parameters will also be 
put in relation to the compression factor in order to obtain a description of bandwidths 
requirements and transmission costs. 

 
 
 

7.1. Comparison of Loss Impairments 
The comparison of loss impairments will first focus on the evaluation of video 

clips that were transmitted over ATM network components; in a second step, the 
comparison will involve video sequences and their subjective quality ratings over IP. 
In a third step, the investigation will compare the sequences based on their video 
encoding. 

 
Fig. 7.1 presents a comparison of video clips transmitted over ATM network 

components. The charts include both MPEG-2 and SDI video for various loss ratios. 
Fig. 7.1(a) compares MPEG-2 clips with a sampling rate of 4:2:2 and with a bit rate of 
40 Mbps and GOP sizes of IF and IP-7 to SDI over ATM adaptation; IBBP-15 
sequences were not listed here as there had been some hardware problems in this case 
(see section 6.2.1). In a similar comparison, Fig. 7.1(b) lists the subjective quality 
ratings that were provided by the test subjects for MPEG-2 sequences with only 15 
Mbps of bit rate. Finally, Fig. 7.1(c) provides the values obtained for MPEG-2 vs. 
SDI over ATM where the MPEG-2 clips were encoded with the reduced sampling 
rate of 4:2:0 (again without IBBP-15 encoding as described above). 

In all cases the SDI sequences were clearly more robust to loss ratios. The 
graphical analysis shows the curves bend from “excellent/good” or “fair” subjective 
ratings to unacceptable levels of “poor” and “bad” at a loss ratio of 10-6 for MPEG-2 
sequences and at 10-2 for SDI video. The curves therefore exhibit their knee bends 
depending on the fact if the sequences had been compressed or uncompressed (Fig. 
7.1(d)). 

In Fig. 7.2 similar results are presented for the impact of loss impairments on 
video clips that were transmitted over IP network components. In order to be able to 
compare all obtained loss results for both IP and ATM sequences later in this chapter, 
all loss ratios in the charts of Fig. 7.2(a)-(d) were based on ATM loss ratios: Since the 
measurements for MPEG-2 clips over IP had been performed using an ATM tool and 
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had been conducted over an IP-over-ATM connection, the listing of the results in 
these cases was straight forward. The measurements of the SDI over IP sequences in 
Chapter 6, however, had been based on IP loss ratios and not losses of ATM cells. In 
order to be able to compare all sequences it was therefore necessary to correspond 
these IP losses to ATM loss ratios. This translation from IP losses to ATM loss ratios 
was based on the worst-case scenario that the loss of only one ATM cell had led to the 
loss of one IP packet. With this assumption, the smallest possible ATM loss ratios  

 

 
             
           a) MPEG-2 40-422 vs. SDI over ATM                      b) MPEG-2 15-422 vs. SDI over ATM 

 

 
 

           c) MPEG-2 15-420 vs. SDI over ATM                      d) MPEG-2 15-420 vs. SDI over ATM 
 

Fig. 7.1. Comparison of Loss Impacts on ATM Transmitted Video 
 

were obtained that could have caused the presented IP loss impacts as demonstrated in 
the previous Chapter. This also corresponded well with the way that the ATM loss 
impairment tool had actually inserted the loss errors into the ATM streams, since the 
tool had caused the losses by periodically exchanging every ith cell with an empty cell, 
which then represented the video loss. With this conversion, IP packet loss ratios 
ranging from 10-3 to 10-1 translated into ATM loss ratios ranging from 10-5 to 10-3. 

In a real IP-over-ATM environment, the ATM loss ratios here would have to be 
interpreted as a lower limit in the SDI over IP cases, since the ATM cell losses would 
not necessarily be inflicted in a periodic manner as obtained with the impairment tool. 
Without the periodic loss impairment, each IP packet could have also lost more than 
one ATM cell and still have had the same outcome as far as IP packet loss and 
resulting subjective evaluations were concerned.  

The charts (a)-(d) of Fig. 7.2 show MPEG-2 sequences with IF, IP-7 and IBBP-
15 GOP sizes for a sampling rate of 4:2:0 and 15 Mbps of bit rate. Chart (a) lists 
sequences based on a UDP size of 1316 Bytes; charts (b) and (c) list the same 
variations of MPEG-2 sequences for UDP sizes of 4136 Bytes and 8872 Bytes, 
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respectively. The SDI curve in all charts represents the losses as observed in 
connection with the FEC algorithm of PT1024-25, which had exhibited the largest 
value range of loss results.  

As in the case for ATM-based transmissions, the curves showed knee bends from 
“excellent/good” or “fair” quality to “poor” and “bad” categories depending on the 
fact if compression had been used or if the video clip had been produced with an 
uncompressed SDI signal. However, the offset between uncompressed curve and 
curves based on MPEG-2 compression was much less in this case compared to the 
previous ATM transmissions. MPEG-2 based curves showed a turn for the “poor” and 
“bad” MOS categories at loss ratios of 10-6 and 10-5 depending on their GOP sizes. 
For the SDI adaptation, the curve exhibited its knee bend at a loss ratio of 10-4.  

 

  
   
         a) MPEG-2 1316 (UDP) vs. SDI over IP                b) MPEG-2 4136 (UDP) vs. SDI over IP 

 

  
            
         c) MPEG-2 8872 (UDP) vs. SDI over IP                d) MPEG-2 8872 (UDP) vs. SDI over IP 

 
Fig. 7.2. Comparison of Loss Impacts on IP Transmitted Video 

 
Fig. 7.3(a)-(d) combines the curves of loss impairments and their impact on user 

quality of service for all MPEG encoded clips (both IP and ATM tests). Chart (a) 
compares the results for IF encoded sequences: The clips that had been transmitted 
over an IP connection had a sampling rate of 4:2:0 and a bit rate of 15 Mbps; UDP 
sizes varied between 1316 Bytes and 4136 Bytes. The chart also shows the results for 
two ATM measurements for IF encoded video clips with sampling rates of 4:2:2 and 
bandwidths of 15 Mbps and 40 Mbps. The curves for all IF encoded sequences rose 
sharply on or before a loss ratio of 10-5.  

Similar findings are shown in Fig. 7.3(b) and (c) for the GOP patterns of IP-7 and 
IBBP-15, respectively. As the encoding algorithm was more complex and deteriorated 
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faster under the impact of losses, the curves show a knee bend already at a loss ratio 
of 10-6 in all cases. 

Chart (d) of Fig.7.3 compares all three variations of GOP sizes for sampling rates 
of 4:2:0 and bit rates of 15 Mbps for both IP and ATM-based transmissions. Again, 
all curves bend at a loss ratio of 10-6; the initial MOS ratings for lower loss ratios 
depended very much on the chosen GOP sizes. For both IP and ATM connections, 
IBBP-15 encoded sequences generally had received the worst subjective ratings and 
evidently had suffered most under the loss impairments. The comparison shows that 
loss ratios above 10-6 in all cases will lead to a fast deterioration of the perceived 
overall quality of MPEG-2 video, regardless of the encoding algorithms and sampling 
rates that are used. 

 

 
        
                a) MPEG-2 IF over ATM and IP                            b) MPEG-2 IP-7 over ATM and IP 

 

  
 

           c) MPEG-2 IBBP-15 over ATM and IP            d) MPEG-2 (all GOP sizes) over ATM and IP 
 

Fig. 7.3. Comparison of Loss Impacts on MPEG-2 Encoded Video 
 

Fig. 7.4 compares the effects of loss impairments on SDI video over both ATM 
and IP connections. Whereas the SDI over IP curve shows a knee bend at a loss ratio 
of 10-4, the ATM curve starts deteriorating at a loss ratio of 10-2. As explained above, 
the normalization of the IP loss ratios to ATM loss ratios was based on the 
assumption of the worst-case scenario that the loss of only one ATM cell had led to 
the loss of one IP packet in each loss case. The chart therefore shows the widest 
possible gap between both IP and ATM curves. Slightly higher ATM loss ratios in the 
IP case could still yield the same quality perceptions, if it was assumed that more than 
one ATM cell was lost within each IP packet. 
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Fig. 7.4. Comparison of Loss Impacts on SDI Video 
 
 
 

7.2. Comparison of Jitter Impairments 
After the comparisons of loss impairments, the effects of jitter are now 

investigated for the cases of MPEG-2 vs. SDI video clips for both IP and ATM 
transmissions. 

Fig. 7.5 compares jitter impacts on ATM connections using the case of MPEG-2 
video with IF encoding and 40 Mbps of bandwidth versus the uncompressed case of 
SDI over ATM. The MPEG-2 curve shows a knee bend from the MOS category 
“excellent/good” at 180 µs of jitter, whereas the SDI curve is more sensitive to jitter 
and starts bending at 82 µs already.  

 

 
 

Fig. 7.5. Comparison of Jitter Impacts on ATM Transmitted Video 
 

A comparison of both MPEG-2 and SDI sequences over IP connections in Fig. 
7.6 shows that the same results do not seem to hold for the IP case: The MPEG-2 
encoded video turned out clearly to be more sensitive to jitter than the SDI over IP 
video: Both the IP-7 and the IBBP-15 encoded MPEG-2 clips were considered “fair” 
at 132 µs and 137 µs, while the SDI sequences with PT32-25, PT32-10 and DBL32 
FEC mechanisms were considered “fair” at 433 µs, 635 µs and 642 µs. This finding 
can possibly be attributed to the fact that the FEC mechanisms were able to smooth 
out some of the adverse effects of the jitter impairments; it must also be considered, 
however, that in this comparison, the subjective evaluations of the MPEG-2 
sequences were based on video clips that were impaired by both jitter and loss, since  
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Fig. 7.6. Comparison of Jitter Impacts on IP Transmitted Video 
 

the test environment had not allowed strict priority queueing that would have offered 
a wide enough variation of jitter values without the introduction of losses at the same 
time. The SDI sequences, on the other hand, had only been impaired by jitter alone 
without additional loss and therefore turned out to be more robust.  

The comparison of jitter effects on all MPEG-2 sequences in Fig. 7.7 shows the 
quality perceptions of video clips using bit rates of 15 Mbps (over IP) and 40 Mbps 
(over ATM). The video clips that were investigated in connection with IP 
transmissions also had varying GOP patterns raging from IF to IP-7 and IBBP-15.  

The curves show a strong dependency on GOP sizes as far as their knee bends are 
concerned. The observations of the IF encoded MPEG-2 sequence over IP display the 
best quality perceptions and highest robustness against jitter. The IF encoded clip over 
ATM also received better ratings than more complex GOP sizes, but did not seem to 
be as robust as the IF encoded clip over IP: ATM transmitted IF video was still 
considered “fair” at 180 µs vs. 292 µs for IF encoded video transmitted over IP. This 
difference may be attributed to the fact that ATM codec equipment may have less 
internal hardware buffering to smooth out network jitter, since traffic flows are 
expected to be shielded from network congestion by putting them into the appropriate 
ATM service classes where the required transmission parameters can be guaranteed. 

 

  
 

Fig. 7.7. Comparison of Jitter Impacts on MPEG-2 Video 
 
Fig. 7.8 compares the effects of jitter impairments on the subjective overall 

quality perception of a video sequence for uncompressed SDI transmissions. The SDI 
over ATM transmissions turned out to be most sensitive to jitter and where considered 
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“poor” at 117 µs already; SDI over IP sequences seemed to be able to use FEC 
mechanisms to their advantage and were still considered “poor” at 806 µs (DBL32) or 
825 µs (PT32-10). Just as explained in connection with Fig. 7.6 it must be considered, 
however, that the SDI over IP sequences suffered from jitter impairments alone, 
whereas the ATM clips were subjectively rated while both jitter and some loss 
impairments were present. The ATM curve must therefore be considered a worst-case 
lower limit, where subjective perceptions could be slightly improved if only jitter 
impacts were involved. Robustness against jitter in the SDI over IP cases varied 
depending on the FEC mechanism in place. 

 

   
 

Fig. 7.8. Comparison of Jitter Impacts on SDI Video 
 
 
 

7.3. QoS Classification Model 
The results of the comparisons listed in sections 7.1 and 7.2 will now be 

summarized into a QoS classification model.  
 

 

The model will have one dimension for each of the QoS parameters delay, 
jitter and loss and will provide tables that translate the observed network 
QoS parameters into user QoP categories based on MOS scores. In order to 
also include the cost issue of a video transmission into the model, the QoS 
parameters will also be listed in connection with the transmission’s 
compression factor. 

 

 
Compression and compression factors should also be part of a QoS model for the 

following reasons: Compression delay has the most impact on the end-to-end delay 
and must therefore be considered foremost as a main contributor (or inhibitor) to QoS. 
In the QoS model the delay parameter will therefore denote compression or adaptation 
delays. The corresponding compression factor in relation to the overall required bit 
rate is also a huge cost factor for the user, since transmissions of larger data volumes 
are usually more expensive; as that the compression factor should have its place in a 
QoS classification model and will be represented in all three model dimensions.  
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7.3.1. QoS Model: Dimension of Delay 
Compression or adaptation delays and their corresponding compression factors 

represent the first dimension of the three dimensional QoS model. The delay values as 
they are listed in Fig. 7.9 were either caused by compression (as in the cases of 
MPEG-2 video) or were due to adaptation of the video signals into the appropriate 
data units.  

 
 

The corresponding compression factor in each case was calculated as  
Compression factor = (video transmission rate / video bit rate). 

 

 
The corresponding compression factor in each case was calculated as (video 

transmission rate / video bit rate). 
Complex GOP patterns in the cases of MPEG-2 compressed video with a 

sampling rate of 4:2:2 required the highest compression delays with more than 800 
ms; sampling rates of 4:2:0 could be compressed below 300 ms only in the cases with 
the most simple GOP size of I-Frames only. This observation was true for both 15 
Mbps and 40 Mbps. The compression factors in the MPEG-2 cases were calculated 
using a video bit rate of 160 Mbps for uncompressed analog video, which is the 
typical source for MPEG-2 compressed video. 

 

 
Fig. 7.9. QoS Model: Delay and Compression Factor (= video transmission rate/video bit rate) 

 
The delay dimension of the model clearly shows that the recommended 150 ms 

limit for one-way delay in bi-directional communication as proposed by the ITU-T 
[ITU-G114] can only be satisfied in the cases of SDI transmissions where the 
compression process is not applied. It must be kept in mind, however, that the use of 
FEC algorithms can also add considerable delay to the process that could exceed the 
suggested 150 ms mark. Fig. 7.9 shows the rise of the delay curve for FEC 
mechanisms with various error burst sizes: Whereas for burst sizes of 32 Bytes the 
adaptation delay stayed well below the recommended limit, FEC mechanisms with 
error burst sizes of 1024 Bytes ranged from 440 ms (PT1024-10) to 180 ms (PT1024-
25) and only remained within the recommended delay limit for the most simple FEC 
algorithm of DBL1024 with 80 ms. In other words, in the investigation of the SDI 
over IP hardware, the application of FEC mechanisms could be performed faster for 
larger compression factors; it must be considered, however, that this reduction of 
adaptation delay came with the price of increased bandwidth requirements: For an 
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error burst size of 1024 Bytes the amount of required bandwidth had to be doubled in 
the case of the DBL1024 algorithm in order to stay below the proposed 150 ms for 
applications with interactive communication. 

 
The delay dimension of the QoS model as shown in Fig. 7.9 is summarized in 

Table 7.1. As explained in section 4.1, the QoS parameter delay must be interpreted as 
end-to-end delay, since the user’s QoP will be influenced by the sum of all 
encountered delays during a transmission. As the measurements of Chapter 4 and 
Chapter 6 showed, the end-to-end delay is primarily influenced by latencies 
introduced during the application of compression or FEC algorithms. For interactive 
applications which pose the most stringent delay restrictions, a human test viewer will 
consider the resulting QoP as satisfactory (i.e. “excellent/good” or “fair”), as long as 
the one-way end-to-end delay can be kept below the 150 ms limit, since the involved 
delays will not be noticed. The user satisfaction with the received quality may then 
vary slightly depending on other attributes of the transmission such as the 
compression factors that were used which ultimately define the bandwidth costs of the 
application.  

MPEG-2 encoded sequences (compression factors < 1.0) in the investigations 
always showed compression delays that exceeded the recommended ITU-T one-way 
limit of 150 ms. The resulting end-to-end delays will therefore be noticeable to the 
user and a highly interactive application will be severely inhibited. The perceived 
quality of such an interactive communication process must therefore be expected to 
fall below satisfactory (e.g. “poor” or “bad”). Variations of satisfaction within these 
limits may depend on the degree of interactivity required in the user’s application.  

Table 7.1. End-to-end Delay and User QoP for an Interactive Application 
Network QoS  User QoP 

< 150 ms 
                     EXCL / GOOD / FAIR 

> 150 ms 

  (end-to-end) 

POOR / BAD 

 

7.3.2. QoS Model: Dimension of Loss Ratios 
Before a translation table for loss ratios of the QoS model can be established, 

minimum and maximum observed loss ratios must be obtained that guaranteed a 
certain MOS rating. In order to be able to compare all values, the IP loss ratios were 
translated into ATM loss ratios as described in section 7.1 with the most pessimistic 
assumption that in each case the loss of only one ATM cell had led to the loss of the 
whole IP packet. 

The charts of Fig. 7.10(a) and (b) show the evaluations of MPEG-2 sequences 
along with their SDI counterparts. To make the charts more readable, not all 
variations of sequences were plotted; the selection was limited to the evaluations that 
offered the most extreme results. Whereas chart (a) provides an overview of the 
obtained evaluations, chart (b) offers an illustration on the factors that actually 

Compression factor / costs 

Delay 

Degree of interactivity 
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contributed in delaying the curves’ turns from an “excellent/good” or “fair” 
evaluation to “poor” and “bad” subjective ratings. SDI sequences had a much later 
turn for the worse than MPEG-2 encoded clips, since the SDI adapted video did not  

 

  
                 
                    a) comparison of evaluations                         b) factors delaying the turns of the curves 

 
Fig. 7.10. Loss Observations of Various Encoding and Transmission Modes  

 
use any forward referencing which limited the extent of the loss errors and did not 
cause error propagation. The MPEG-2 curves started turning from “excellent/good” to 
“fair” at loss ratios of 10-6, whereas the SDI sequences received “excellent/good” 
evaluations up to a loss ratio of 10-4 for the IP case and up to a loss ratio of 10-2 for 
ATM. 

The subjective evaluations of all loss investigations were then reduced to their 
most extreme values that were observed for each MOS category; in other words, for 
each encoding type and transmission mode the question was raised, which loss ratio 
had still led to a subjective quality rating of “excellent/good”, which loss ratio had led 
to an evaluation of “fair”, and so on. With this approach it was possible to establish 
limits for each MOS category as far as loss ratios were concerned. The results are 
shown in Fig. 7.11(a) and (b) along with the corresponding encoding and transmission 
modes. For better readability, each curve was plotted 0.1 vertical units apart within 
each MOS category, although their vertical values within an MOS field should all be 
considered “excellent/good”, “fair”, “poor” and “bad”. 
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Fig. 7.11. MOS Defining Loss Ratios 
The intervals that defined each MOS category are summarized in Table 7.2: A 

network loss ratio of 10-8 will guarantee a user QoP of at least “fair”, independent of 
MPEG-2 / SDI video and IP / ATM transmission modes. Similarly, network QoS loss 
parameters of 10-1 will lead to the subjective MOS category of “bad”. 

Table 7.2. Loss Ratios for Each MOS Category 
Network QoS  User QoP 

10-8 – 10-4  EXCL/GOOD 
10-8 – 10-2  FAIR 
10-6 – 10-4  POOR 
10-4 – 10-1  BAD 

 
Table 7.2 and Fig. 7.11 show that the intervals of loss ratios had to be extended 

quite far in order for the model to comprise both MPEG-2 / SDI video and also be 
valid for both IP and ATM transmissions at the same time. The reason for this mostly 
lies with the MPEG-2 error propagation which makes MPEG-2 encoded sequences far 
more sensitive to loss errors than SDI sequences. Another reason is the remarkable 
behavior of the SDI to ATM adapter which was able to receive “fair” ratings and 
above up to a loss ratio of 10-2. Table 7.3 lists the loss ratio intervals separately for 
both MPEG-2 and SDI sequences to demonstrate the influence of both error 
propagation and SDI error resilience on the loss intervals of the QoS model as 
described above.  

Table 7.3. Loss Ratio Intervals for MPEG-2 and SDI Sequences 
MPEG-2 loss 

intervals 
User QoP SDI loss 

intervals 
10-8 – 10-6 EXCL/GOOD 10-8 – 10-4 
10-8 – 10-5 FAIR 10-8 – 10-2 
10-6 – 10-4 POOR 10-5 – 10-4 
10-4 – 10-3 BAD 10-3 – 10-1 

 

Loss
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Fig. 7.12(a) and (b) list the loss ratios vs. compression factors. For every one of 
the four transmission modes, the loss ratio intervals are indicated with their 
corresponding MOS categories. For example, all MPEG-2 sequences with a sampling 
rate of 4:2:0 that were transmitted over IP (MPEG-2 IP 4:2:0) received an MOS score 
of “excellent/good” for a loss ratio interval ranging from 10-8 to 10-7. In the charts 
each MOS category is denoted by its own symbol. The various categories of quality 
perception are roughly marked with dashed lines in Fig. 7.12(b); the dashed lines 
were sketched in a way so that each area would contain most of its MOS symbols. 
Some of the areas are slightly overlapping since they represent subjective user 
classifications and not objectively measured values.  

The sketched areas illustrate again that although MPEG-2 sequences have 
compression factors of 0.25 and below and therefore offer a good alternative for video 
transmissions where bandwidth costs are an issue, there is a clear trade-off as far as 
loss ratios are concerned, as the MPEG-2 encoding algorithm is more sensitive to loss 
errors than uncompressed SDI transmissions. In very reliable networks with loss 
ratios at or below 10-8, the user quality perception of an MPEG-2 transmission can be 
expected to be “excellent/good” and a user could opt for less expensive compressed 
transmissions. For high-quality transmissions in network environments with higher 
loss ratios, SDI video transmissions are more suitable. However, as such SDI 
transmissions are uncompressed with compression factors > 1 (depending on the 
applied FEC mechanisms), the transmission costs increase, since more data volume is 
generated. This tradeoff between loss ratios and compression factor should be 
optimized for a video transmission depending on the existing network environment. 

 

 
 

Fig. 7.12(a). QoS Model: Loss Ratios vs. Compression Factor  
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Fig. 7.12(b). Loss Ratios vs. Compression Factor and MOS Categories 

7.3.3. QoS Model: Dimension of Jitter 
Just as in the case of the loss ratios in the section above, the video sequences with 

varying encoding and transmission modes and their corresponding subjective user 
quality ratings were compared (Fig. 7.13(a) and (b)) in order to obtain MOS defining 
jitter intervals. 

 

 
                   
                    a) comparison of evaluations                       b) factors delaying the bends of the curves 

 
Fig. 7.13. Jitter Observations of all Encoding and Transmission Modes 

 
The MPEG-2 sequences were more robust in the presence of jitter than the SDI 

over ATM video which turned out to be most sensitive to the impact of delay 
variation. All MPEG-2 encoded sequences along with the SDI over ATM clips had 
required a measurement process that included the influence of loss errors as explained 
in Chapter 6. The SDI over IP sequences showed most resilience to jitter in this 



 

 171  

overall comparison of all encoding and transmission modes, which was probably due 
to the fact that no parallel loss influence was present. 

 
The jitter results that represent the intervals which defined the MOS categories 

are listed in Fig. 7.14. Just as in the description of the loss ratios above, the individual 
curves were plotted 0.1 vertical units apart within each MOS category for better 
readability of the chart, although their vertical values within an MOS field were all 
attributed to the same MOS categories of “excellent/good”, “fair”, “poor” and “bad”. 

 
The test results provided a subjective evaluation of the video sequences with a 

user quality perception of “excellent/good” for sequences where jitter values remained 
below 52 µs. A subjective user QoP for category “fair” could be established for jitter 
values below 117 µs. Jitter values between 117 µs and 130 µs could already lead to a 
quality perception of “poor”; “bad” quality perceptions could be encountered starting 
from 130 µs of jitter and beyond. Table 7.4 summarizes the results. 

 

 
 

Fig. 7.14. MOS Defining Jitter Intervals 

Table 7.4. Jitter Intervals for Each MOS Category 
Network QoS  User QoP 
0 µs – 314 µs  EXCL/GOOD 
52 µs – 642 µs  FAIR 
117 µs – 825 µs  POOR 
130 µs – 1163 µs  BAD 

 
The jitter intervals for each MOS category of the model are mostly influenced by 

the results obtained for the SDI over IP transmissions, as the test methodology and 
available hardware had allowed jitter measurements without the simultaneous 
introduction of loss errors. Without any concurrent losses, the sequences were able to 
withstand more jitter impairments and received higher QoP ratings. The QoS model 

Jitter
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therefore serves as a hull that comprises both worst-case scenarios, but also extends to 
include mere jitter values. 

Fig. 7.15(a) and (b) provide a graphical overview of the observed jitter values vs. 
the compression factors for all transmission modes; SDI over IP sequences are listed 
in connection with various FEC mechanisms. Fig. 7.15(b) sketches a possible 
separation of all four MOS categories; again, the dashed lines were drawn in a way so 
that each area would contain most of its associated MOS symbols. The chart also 
describes the corresponding trade-off between jitter and compression factor or costs: 
The most jitter resistant QoP (categories “excellent/good” and “fair”) can be achieved 
for uncompressed transmissions with FEC mechanisms. The additional FEC overhead 
allows for better jitter compensation, but the increased amount of bandwidth or higher 
compression factor will also translate into larger data transmission volumes and 
therefore higher costs. 

 

 
 

Fig. 7.15(a). QoS Model: Jitter vs. Compression Factor 
 
 
 



 

 173  

 
 

Fig. 7.15(b). Jitter vs. Compression Factor and MOS Categories 
 
 

The obtained jitter and loss ratio intervals and their corresponding QoP categories 
are summarized in Fig. 7.16 and are represented as different colored areas. The 
evaluations of the network QoS parameters and their impact on user QoP led to a 
partial overlap of the resulting MOS areas. The largest area for both jitter and loss 
values was the MOS category “fair” which was attributed in almost all cases of loss 
ratios, but only to jitter values up to 642 µs. Similarly, the most stringently awarded 
MOS rating of “excellent/good” was awarded to more than half of the loss error ratio 
categories, but was chosen for jitter sequences only in cases where the jitter stayed 
below 314 µs. Jitter therefore seems to be generally more detrimental to video 
sequences than loss ratios. 

The results will be discussed in more detail in the following Chapter. 
 

 
 

Fig. 7.16. Jitter Intervals vs. Loss Ratios and Resulting User QoP 
 



 

 174  

8. Discussion of Results 
In the previous Chapters MPEG-2 compressed and uncompressed SDI video 

transmissions were investigated in order to establish the impact of the network QoS 
parameters delay, jitter and loss on user quality perception. The majority of the tests 
(with the exception of the measurements conducted over real networks) were 
performed in an empirical laboratory environment with the intent to establish QoP 
ratings that are applicable in a typical user scenario where standardized color 
calibrations and controlled lighting may not be available. 

In this setting, the video sequences were produced with four different types of 
hardware codecs and transmitted over a laboratory test network; loss and jitter were 
added to the video streams and the impact of the impairments were evaluated 
subjectively. 

Loss ratios were introduced into the video streams using an ATM impairment 
tool in all loss tests except for the cases of SDI over IP transmissions where the 
appropriate network hardware was not available and the adapters could not be 
connected to the impairment tool. As a workaround, loss ratios were produced using 
background traffic and forcing the network components to drop packets. This method 
only allowed the production of IP loss ratios between 10-3 and 10-1, as the traffic 
generator did not provide a finer resolution for the production of traffic overloads. 
Background traffic was also used for the introduction of jitter to the video sequences; 
this method had the drawback, however, that in three of the four hardware cases, the 
jitter measurements could only be performed for all MOS categories by introducing 
additional losses.  

Nevertheless, the investigation offered some very important results: A QoS 
classification model with translation tables could be established which provided QoP 
levels for the corresponding network QoS parameters delay, jitter and loss. The model 
could also be applied as a guideline for users to decide if compressed or 
uncompressed video transmissions should be employed and how transmissions costs 
could be optimized in connection with FEC mechanisms. 

Although the individual measurements of each type of codec at times seemed to 
be rather hardware dependent, the QoS classification was able to summarize the 
results in a model that is applicable to MPEG-2 compressed as well as uncompressed 
SDI transmissions over both IP and ATM networks. 

The results presented in the model must be interpreted as upper limits of a worst-
case scenario; the limiting effects were caused  

 
• by the introduction of added losses in three of the four cases of jitter 

investigations 

• by the assumption of a worst-case scenario that the loss of only one ATM 
cell had led to the loss of a full IP packet in tests where IP losses had to be 
translated into ATM loss ratios for comparison 

• by introducing jitter and loss impairments periodically, either by using a 
loss impairment tool that caused the loss of every ith cell, or by 
implementing QoS prioritization which led to a periodic service of the 
video queue and introduced a certain periodicity to the observed jitter 

• by not allowing additional jitter buffers in the measurements that could 
have smoothed some of the jitter effects. 



 

 175  

 
The indicated model restrictions will now be discussed in more detail:  
Although the added losses caused an increased amount of video distortions in 

some of the jitter tests that would otherwise not have been present with only jitter 
impairments alone, the added loss errors did not change the error manifestations or 
appearances, as excessive jitter occurrences in video sequences always lead to late 
loss at the receiver. While the distortions may have been intensified by adding loss 
errors, the video outcome still presented itself to the user as typical jitter distortions, 
since it is impossible for the viewer to determine during the video display if video 
artifacts have been caused by network losses or by excessive jitter. The reason behind 
this is that excessive jitter will ultimately also lead to packet or cell discard at the 
receiver due to the strict timing constraints of continuous motion video. 

The influence of the worst-case assumption of one lost ATM cell causing the loss 
of a full IP packet (in cases where IP loss ratios had to be translated into ATM loss 
ratios for comparison) was rather small as far as the results of the QoS model were 
concerned: Although the loss of one IP packet could have been caused by higher 
ATM loss ratios if the ATM losses were assumed to be error bursts within the length 
of each lost IP packet, this assumption was not necessary, since the ATM impairment 
tool discarded cells very periodically in the native ATM tests. In order to obtain ATM 
cell loss ratios for IP tests that could accurately be compared to the native ATM 
losses, the periodic worst-case assumption corresponded equivalently to the periodic 
loss infliction of the ATM tool. Even for large loss ratios, the ATM loss impairment 
would not have discarded more than one cell per IP packet to reach the specified cell 
loss ratio as an IP packet only had a maximum length of 1500 Bytes. 

A greater influence on the outcome of the QoS model may have been the fact, 
that the loss and jitter impairments were caused periodically, either by the ATM loss 
impairment tool, or in the case of jitter, by the way the data units were scheduled for 
service in their queues based on prioritization settings. The periodic nature of the 
distortions may have caused more of an annoyance to the test subjects than the same 
amount of impairments would have caused had they only occurred in one or a few 
isolated bursts; the objective investigations of error frequency in Chapter 6 of this 
investigation certainly suggest this. In this regard, the QoS model therefore offers 
upper limits as far as expected MOS ratings are concerned. 

The tests were all conducted without any additional jitter buffers. Two of the 
devices would have allowed the introduction of either a fixed-size jitter buffer of 85 
ms or a jitter buffer that could have been adjusted to any size ranging from 1 ms to 
several hundred seconds. Although the use of such a jitter buffer would have certainly 
improved the outcome of the video and probably would have led to better subjective 
evaluations, it would have been impossible to compare the four different types of 
hardware codecs on a common basis. 

 
The subjective evaluation of the picture quality of the video sequences was 

conducted with only ten test subjects; none of the viewers were part of a professional 
group in an environment where video assessments are performed as part of a regular 
work process. Nevertheless, the objective investigations in section 6.6 confirmed the 
subjective results and showed impressive concordance and correlation. This was 
especially true for video sequences where network impairments had caused distinctly 
visible artifacts such as block errors or picture traces that could easily be registered 
with the human eyes. However, the objective tests were also able to show the 
limitations of subjective evaluations, e.g. as far as video definition was concerned. For 
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the MPEG-2 encoded sequences where video definition was examined, the subjective 
evaluations of the test viewers were not able to produce clear results.  

Due to the limitations of the human eyes, a subjective evaluation will also not be 
able to produce results with very fine resolutions; an example in this context could be 
the results of Table 6.17 where subjectively the viewers provided MOS ratings 
ranging from 1.4 to 1.7, although objectively no artifacts were visible. 

The QoS classification model shows that jitter may be more detrimental to video 
transmissions than losses; in light of this fact it is extremely bothersome that the 
observed jitter values had to remain below 314 µs to still ensure an “excellent/good” 
rating for all four transmissions modes. Even with the consideration of the worst-case 
scenario of added losses, jitter for video transmissions without added jitter buffers 
should still stay well below 1 ms for acceptable user QoP. The measurements over the 
German Research Network G-WiN described in section 4.3.1 showed however, that 
such expectations can hardly be fulfilled in today’s networks, where delay variations 
typically vary between 150 µs and 1 ms (Fig. 8.1) and where peaks of several 
milliseconds can occur.  

Added jitter buffers can certainly smooth the effects of some of the network delay 
variations at the receiver; it must be kept in mind, however, that the one-way end-to-
end delay for interactive communication must stay below 150 ms for acceptable QoP, 
and as the tests have shown, the addition of FEC mechanisms or compression 
algorithms can easily exceed this time limit. It should also be considered, that the 
measurements across the G-WiN reflect the jitter observations of a well-extended 
backbone network. An additional increase of jitter must be expected due to firewalls 
and security mechanisms at network edge routers, for example, when complex access-
lists must be processed or intrusion detection systems (IDS) cause the reordering of 
packets. Increased jitter must also be expected at network access points whenever 
traffic shaping is applied. 

 

 
 

Fig. 8.1. Jitter Ranges Measured over G-WiN and GTB Networks 
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High quality transmissions with interactive video applications must therefore still 
rely on dedicated resources for minimal delay variation. Such an exclusive resource 
allocation could be provided by ATM networks: The measurements over the GTB 
testbed in section 4.3.3 (Fig. 8.1) showed that across the ATM testbed, jitter values 
below 100 µs could be maintained. Typical ATM service agreements for commercial 
ATM networks guarantee jitter values below 250 µs. However, the transmission 
protocol may not be important as long as exclusive channels, time slots or lines can be 
dedicated to an application.  

With the limited availability of ATM networks and its expensive network 
components, other transmission protocols are currently being explored that could 
offer similar resource provisioning. It is foreseeable, for instance, that such a selected 
resource allocation could also be achieved over MPLS-based networks, if middleware 
controls the provisioning of dedicated optical links. For high-end applications, the 
SDI video signals would then have to be mapped to the optical links; special adapters 
for this purpose have just recently appeared on the market. 
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Summary 
 
This investigation focused on MPEG-2 compressed and uncompressed SDI video 

transmissions for high-quality multimedia applications. The work was separated into 
two major areas: Part I provided an overview of Quality of Service mechanisms for 
video transmissions as they are currently available for each layer of the ISO/OSI 
reference model; Part II of the study concentrated on Quality of Service 
measurements and the perception of video quality. 

The QoS measurements provided in Part II of this work focused on 
measurements of QoS parameters over real networks at first; examined networks 
included the German Research Network (G-WiN) as a reference for IP measurements 
and the ATM-based Gigabit Testbed South (GTB) as a reference for ATM 
transmissions. 

Once realistic measurements over both IP and ATM networks had been obtained, 
in a second step, the QoS parameters delay, jitter and loss were investigated in 
controlled laboratory network environments. Of special interest to the author was the 
impact of delay, jitter and loss impairments on the quality of MPEG-2 and SDI video 
sequences. 

For quality assessments, subjective evaluations were used to obtain MOS ratings 
for video clips that had been subjected to network impairments. The video clips were 
produced using a range of encoding algorithms with various compression factors, 
GOP patterns, sampling rates and FEC mechanisms. Four different types of hardware 
codecs were tested that provided video sequences based on MPEG-2 video 
compression as well as uncompressed SDI video adaptation for both IP and ATM 
networks. 

Typical occurrences of video artifacts such as block errors, color changes, picture 
freezes and traces were also investigated objectively. Both subjective and objective 
evaluations were compared to determine possible error tolerance behaviors. While the 
test subjects did not seem to prefer certain error characteristics, a correlation between 
the subjective quality perception and the mean number of frames between errors could 
be established that can be applied to both MPEG-2 compressed as well as 
uncompressed SDI video sequences. 

The results of the subjective evaluations were summarized in a QoS classification 
model. The model offers three dimensions for delay, jitter and loss and correlates the 
parameters to compression factors and subsequent transmission costs. Translation 
tables were established that designate the expected quality perception or user QoP for 
the indicated network QoS impairment. The model is especially valuable for network 
customers who would like to optimize FEC mechanisms, jitter buffers and 
transmission costs to obtain maximum video quality for a given set of QoS parameters 
supplied by their network providers. 

 
In an overview, the major contributions of this work provided: 
 

• Measurements of Quality of Service parameters delay, jitter and loss in 
laboratory testbeds and over real IP- and ATM-based networks 

• investigation of compression and adaptation delays of MPEG-2 encoded 
video and uncompressed SDI adaptations to IP and ATM networks for 
various encoding and FEC algorithms 
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• investigation of Quality of Service parameters delay, jitter and loss for 
compressed and uncompressed video transmissions over IP and ATM 
networks based on four different types of hardware codecs 

•  introduction of loss ratios and jitter impairments to compressed and 
uncompressed video sequences for subjective evaluations based on Mean 
Opinion Scores 

• objective evaluations of typical error patterns of compressed and 
uncompressed video sequences to establish error tolerance behaviors for 
block errors, picture freezes, image traces and color changes 

• development of an indicator of user quality perception valid for both 
MPEG-2 compressed as well as uncompressed SDI video based on the 
mean number of frames between errors 

• development of a Quality of Service classification model that describes 
the network QoS parameters delay, jitter and loss in relation to 
compression factors and transmission costs and applies to both MPEG-2 
and SDI video transmissions over IP and ATM networks 

• description of translation tables applicable to both MPEG-2 and 
uncompressed SDI video transmissions for IP and ATM networks that 
provide MOS ranges of expected user quality of presentation for indicated 
network QoS parameters. 

 
The research presented in this work could be extended in future work to include 

audio signals and an investigation of synchronization issues in the same context for 
high-bandwidth MPEG-2 video and uncompressed SDI transmissions. Future work 
could also focus on the transmission of compressed and uncompressed High-
Definition Television (HDTV) signals with bandwidth requirements up to 1.5 Gbps.  

Other interesting aspects of future investigations of video transmissions in 
connection with network technologies would be the study of MPLS/GMPLS networks 
as alternatives to ATM resource provisioning or the examination of router 
configurations and network security systems and their impacts on jitter and video 
quality perceptions. 
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Zusammenfassung 
 
Der Mittelpunkt dieser Untersuchung konzentrierte sich auf MPEG-2 

komprimierte und unkomprimierte SDI Videoübertragungen für hochqualitative 
Multimedia Anwendungen. Die Arbeit wurde in zwei größere Teilbereiche 
untergliedert: Teil I stellte einen Überblick über Mechanismen zur Unterstützung der 
Dientsqualität für Videoübertragungen vor, wie sie zur Zeit für jede Ebene des 
ISO/OSI Schichtenmodells zur Verfügung stehen. Teil II der Studie konzentrierte sich 
auf Messungen bezüglich Dienstqualität und Wahrnehmung der Videoqualität. 

Die Messungen zur Dienstqualität im zweiten Teil der Arbeit beinhalteten 
zunächst Messungen von Quality of Service Parametern in realen Netzen; bei den 
untersuchten Netzen handelte es sich um das Deutsche Forschungsnetz (G-WiN) als 
Referenz für IP Messungen und um das auf ATM Technologie basierende Gigabit 
Testbed Süd (GTB) als Referenz für ATM Übertragungen. 

Nachdem realistische Meßwerte über IP und auch ATM Netze zur Verfügung 
standen, wurden die Dienstqualitätsparameter Latenz, Variation der Latenz und 
Verlustraten in einer kontrollierten Netzwerkumgebung im Labor untersucht. Von 
besonderem Interesse waren dabei die Auswirkungen von Verzögerung, Variation der 
Latenz und Verlusten auf die Qualität von MPEG-2 und SDI Videosequenzen. 

Für die Qualitätsbeurteilungen wurden subjektive Bewertungen verwendet um 
MOS-Werte für Videoclips zu bekommen, die von Netzübertragungsstörungen 
beeinträchtigt waren. Die Videoclips wurden mit verschiedenen 
Kodierungsalgorithmen produziert, was Kompressionsverfahren, GOP-Größen, 
Abtastraten und FEC Mechanismen betraf. Insgesamt wurden vier verschiedene 
Modelle von Hardware Codecs getestet, die die Videosequenzen basierend auf 
MPEG-2 Komprimierung oder als unkomprimiertes SDI Video produzierten und 
anschließend auf IP oder ATM Netze adaptierten. 

Typische Videoartefakte wie Blockfehler, Farbstörungen, Bildstillstand und 
Bildrestspuren wurden zusätzlich auch noch objektiv untersucht. Die subjektiven 
Bewertungen wurden danach mit den objektiven Ergebnissen verglichen, um ein 
eventuelles Fehlertoleranzverhalten zu ermitteln. Obwohl die Testpersonen keine 
bestimmte Fehlercharakteristik zu bevorzugen schienen, konnte eine Korrelation 
zwischen der subjektiven Qualitätswahrnehmung und der durchschnittlichen Anzahl 
von Bildern zwischen Fehlern gezeigt werden, die sich sowohl auf MPEG-2 
komprimierte als auch auf unkomprimierte SDI Videosequenzen anwenden läßt. 

Die Ergebnisse der subjektiven Bewertungen wurden in einem QoS 
Klassifikationsmodell zusammengefasst. Das Modell beinhaltet drei Dimensionen für 
Latenz, Variation der Latenz sowie Verlustraten, und korreliert die Parameter mit 
Komprimierungsfaktoren und die daraus sich ableitenden Übertragungskosten. Es 
wurden auch Übersetzungstabellen vorgestellt, die die zu erwartende 
Qualitätswahrnehmung oder Benutzerpräsentationsqualität den jeweiligen 
Netzbeeinträchtigungen zuordnet. Das Modell ist besonders wertvoll für 
Netzwerkkunden, die FEC Mechanismen, Jitterpuffer und Übertragungskosten für 
eine maximale Videoqualität für die von ihren Netzprovidern vorgegebenen QoS 
Parameter optimieren möchten. 

 
Die wichtigsten Beiträge dieser Untersuchung lieferten im Überblick: 
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• Messungen der Dienstqualitätsparameter Latenz, Variation der Latenz 
und Verlustraten im Labor Testbed und über reale IP und ATM basierte 
Netze 

• Untersuchung von Komprimierungs- und Adaptionsverzögerungen bei 
MPEG-2 komprimiertem Video und unkomprimierten SDI Abbildungen 
auf IP und ATM Netze für verschiedene Kodierungs- und FEC 
Algorithmen 

• Untersuchung von Dienstqualitätsparametern Latenz, Variation der 
Latenz und Verlustraten für komprimierte und unkomprimierte 
Videoübertragungen über IP und ATM Netze basierend auf vier 
verschiedenen Arten von Hardware Codecs 

• Einführung von Verlustraten und Jitterstörungen bei komprimierten und 
unkomprimierten Videosequenzen für subjektive Bewertungen basierend 
auf Mean Opinion Scores 

• Objektive Bewertungen typischer Fehlermuster in komprimierten und 
unkomprimierten Videosequenzen um Fehlertoleranzverhalten bei 
Blockfehlern, Bildstillstand, Bildrestspuren und Farbstörungen zu 
ermitteln 

• Entwicklung eines Indikators für Benutzerqualitätswahrnehmung, der auf 
der mittleren Anzahl von Bildern zwischen Fehlerphasen basiert und 
sowohl für MPEG-2 komprimierte Sequenzen als auch für 
unkomprimiertes SDI Video gültig ist 

• Entwicklung eines QoS Klassifikationsmodells, das die Netzwerk QoS 
Parameter Latenz, Variation der Latenz und Verlustraten in Relation zu 
Komprimierungsfaktoren und Übertragungskosten darstellt und sowohl 
auf MPEG-2 als auch SDI Videoübertragungen über IP und ATM Netze 
angewendet werden kann 

• Beschreibung von Übersetzungstabellen, die sowohl für MPEG-2 
komprimierte als auch unkomprimierte SDI Videoübertragungen über IP 
und ATM Netze anwendbar sind und MOS Bereiche darstellen, die die zu 
erwartende Präsentationsqualität beim Anwender für die angegebenen 
Netzwerk QoS Parameter beschreiben. 

 
Die Entwicklungen dieser Studie könnten in einer zukünftigen Forschungsarbeit 

noch dahingehend ausgedehnt werden, dass Audiosignale und Probleme bei der 
Synchronisation im Zusammenhang mit hochbitratigen MPEG-2 und 
unkomprimierten SDI Videoübertragungen untersucht werden. Zukünftige 
Forschungsarbeit könnte sich auch auf die Übertragung von komprimierten und 
unkomprimierten High Definition Television (HDTV) Signalen mit 
Bandbreitenanforderungen bis zu 1.5 Gbps konzentrieren. 

Andere interessante Aspekte in zukünftigen Untersuchungen von 
Videoübertragungen im Zusammenhang mit Netzwerktechnologien wäre eine Studie 
zu MPLS/GMPLS Netzwerken als Alternative zur ATM Ressourcenprovisionierung 
oder eine Untersuchung von Routerkonfigurationen und Netzwerksicherheitssystemen 
und deren Auswirkungen auf Jitter und Videoqualitätswahrnehmungen. 
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Appendix 
 

Survey for the Evaluation of Video Quality 
 

Please evaluate the test sequences according to the following 
questionnaire: 
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Glossary 
 
Betacam-SP Betacam is a ½ inch video format based on analog component signals. 

Betacam recorders achieve high video quality by transmitting and recording 
luminance and chrominance components based on a time-multiplexing 
system, where luminance signals are recorded at a frequency bandwidth of 
5.5 MHz and chrominance signals receive only 2 MHz each on separate 
tracks. 

 
B-frame Bidirectional-predicted frame built in MPEG compression algorithms; 

references both previous and future I- or P-frames for motion-estimation and 
compensation. 

 
Codec Video encoder - decoder. 
 
DVCAM SONY professional tape format and recording system. Tapes with DVCAM 

format use a larger track distance which offers increased error protection. 
The DVCAM format also enables faster tape speeds and provides an 
improved signal-to-noise ratio for longer archiving. 

 
Entropy Encoding A type of source coding that is also known as Huffman encoding; values are 

encoded into variable length bit strings. The most frequent values are 
assigned the shortest code words. 

 
FBAS Composite signal; modulation (encoding) is used to transport luminance and 

chrominance information on only one line. Since both of these signals 
interfere with one another, FBAS video offers less quality than connections 
where luminance and chrominance information are transmitted separately 
(eg. S-video, YUV). Color coding for FBAS signals is determined by the 
television format (PAL, NTSC) that is used. 

 
Flow Finest granularity of a packet stream with a single source, but possibly 

multiple destinations; a flow is identified by a 5-tuple consisting of source 
IP address, source port number, destination IP address, destination port 
number and protocol (UDP, TCP). 

 
H.323 A set of protocols for real-time voice, video and data conferencing over the 

Internet; H.323 was standardized by the ITU-T in 1998. 
 
I-frame  Intra-frame encoded frame built in MPEG compression algorithms; I-frames 

are coded autonomously without referencing other frames. 
 
Leaky Bucket An admission control that limits traffic in terms of burstiness, peak rate and 

average sustainable rate.  
 
MPEG-2 [4:2:2] 4:2:2 indicates the sampling ratio used for the video format. The notation 

4:2:2 defines that 2 chrominance signal values of the two color difference 
signals R-Y and B-Y are available for 4 luminance signals. This chroma 
resolution is especially important for postproduction processes, such as 
editing or postproduction video layering. 

 
MPEG-2 [4:2:0] 4:2:0 formats consist of half the chroma resolution of formats using 4:2:2, as 

4 luminance signals are used for only one of the chrominance signals R-Y or 
B-Y, i.e. the luminance signal Y is obtained for each line, but the registering 
of the chrominance signals is alternated from line to line.  

 
P-frame Predictive frame built in MPEG compression algorithms; references a 

previous I- or P-frame using a motion-compensated prediction technique. 
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Abbreviations 
 
AAL  ATM Adaptation Layer 
ABR  Available Bit Rate 
ACK  Acknowledgement 
A/D  Analog/Digital 
AF  Assured Forwarding 
ANSI  American National Standards Institute 
ATM   Asynchronous Transfer Mode 
BER  Bit Error Rate 
BGP  Border Gateway Protocol 
B-ISDN  Broadband Integrated Services Digital Network 
CAC  Call Admission Control 
CATV   Cable Television 
CBQ  Class-Based Queueing 
CBR   Continuous Bit Rate 
CDV  Cell Delay Variation 
CLP  Cell Loss Priority 
CLR   Cell Loss Ratio 
COPS  Common Open Policy Service 
CoS  Class of Service 
CRC  Cyclic Redundancy Check 
CS  Convergence Sublayer 
CTD  Cell Transfer Delay 
DARPA  Defense Advanced Reserach Project Agency 
DCT  Discrete Cosine Transform 
DFN  Deutsches Forschungsnetz (German Research Network) 
DIFF-SERV Differentiated Services 
DSCP  Differentiated Services Codepoint 
DTS  Decoding Timestamp 
DV  Delay Variation (Jitter) 
DVD  Digital Versatile Disc 
DVQ  Digital Video Quality 
DWDM  Dense Wavelength Division Multiplexing 
EAV  End of Active Video 
EF  Expedited Forwarding 
EPD  Early Packet Discard 
FC  Fibre Channel 
FEC  Forward Error Correction 
FECs  Forward Equivalence Classes 
FIFO  First In First Out 
Gbps  Gigabit per second 
GMPLS  Generalized Multiprotocol Label Switching 
GOP   Group of Pictures 
GPS  Global Positioning System 
GSMP  Generic Switch Management Protocol 
GTB  Gigabit Testbed South 
G-WiN  Gigabit Wissenschaftsnetz (German Gigabit Research Network) 
HD(TV)  High-Definition (Television) 
HEC  Header Error Control 
HIPPI  High Performance Parallel Interface 
ID  Identification 
IDS  Intrusion Detection System 
IEEE  Institute of Electrical and Electronics Engineers 
IETF  Internet Engineering Task Force 
INT-SERV Integrated Services 
IP   Internet Protocol 
IPPM  Internet Protocol Performance Metrics 
ISO   International Standards Organization 
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ISP  Internet Service Provider 
ITU-T  International Telecommunications Union 
JND  Just Noticeable Difference 
JPEG  Joint Photographic Experts Group 
Kbps  Kilobit per Second 
LAN   Local Area Network 
LCD  Liquid Crystal Display 
LDP  Label Distribution Protocol 
LER  Label Edge Router 
LIB  Label Information Base 
LSP  Label Switched Path 
LSR  Label Switch Router 
Mbps  Megabit per Second 
MC  Multipoint Controller 
MCR  Minimum Cell Rate 
MCU  Multipoint Control Unit 
M-JPEG Motion-JPEG 
MP  Multipoint Processor 
MP@ML Main Profile at Main Level 
MPEG  Motion Picture Experts Group 
MPLS  Multi-Protocol Label Switching 
MOS  Mean Opinion Score 
MSE  Mean Square Error 
MTP  Multimedia Transport Protocol 
MTU  Maximum Transmission Unit 
NIC  Network Interface Card 
nrt-VBR non-real-time Variable Bit Rate 
NTP  Network Time Protocol 
OS  Operating System 
OSI  Open Systems Interconnection 
OWD  One-Way Delay 
OWDV  One-Way Delay Variation 
OXC  Optical Cross Connect 
PAL   Phase Alternating Line 
P@ML Profile at Main Level 
PCR  Peak Cell Rate 
PCR  Program Clock Reference 
PDU   Protocol Data Unit 
PES  Packetized Elementary Stream 
PGPS  Packetized Generalized Processor Sharing 
PHB  Per-Hop Behavior 
PLL  Phase-Locked Loop 
POS  Packet over SONET 
PPD  Partial Packet Discard 
PQ  Priority Queueing 
PSNR  Peak-Signal-to-Noise Ratio 
PSTN  Public Switched Telephone Network 
PTI  Payload Type Indicator 
PTS  Presentation Timestamp 
PVC  Permanent Virtual Circuit 
QoP  Quality of Presentation 
QoS   Quality of Service 
RED  Random Early Detect 
RFC  Request for Comments 
RRZE Regionales Rechenzentrum Erlangen (Regional Computing Center of Erlangen)  
RSVP  Resource ReSerVation Protocol 
RTCP  RTP Control Protocol 
RTP  Real-Time Transport Protocol 
RTSP  Real-Time Streaming Protocol 
RTT  Round Trip Time 
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rt-VBR  real-time Variable Bit Rate 
SAR  Segmentation and Reassembly Sublayer 
SAV  Start of Active Video 
SBM  Subnet Bandwidth Manager 
SCFQ  Self-Clocked Fair Queueing 
SCR  Sustainable Cell Rate 
SDI   Serial Digital Interface 
SDP  Session Description Protocol 
SIP  Session Initiation Protocol 
SMPTE  Society of Motion Picture and Television Engineers 
SNR  Signal-to-Noise Ratio 
SPQ  Strict Priority Queueing 
SRTS  Synchronous Residual Timestamp 
STC  System Time Clock 
SVC  Switched Virtual Circuit 
TCNTL  Traffic Control Packet 
TCP  Transmission Control Protocol 
TDM  Time Division Multiplexing 
TDMA  Time Division Multiple Access 
TOS  Type of Service 
TPX  ESPRIT II Project OSI 95 Transport Protocol 
TS  Transport Stream 
UBR  Unspecified Bit Rate 
UDP  User Datagram Protocol 
UPC  Usage Parameter Control 
VAT  Audio Conferencing Tool 
VBR   Variable Bit Rate 
VC  Virtual Channel 
VHS  Video Home System 
VIC  Video Conferencing Tool 
VLL  Virtual Leased Line 
VP  Virtual Path 
VoD   Video-on-Demand 
VoIP  Voice over IP 
WAN   Wide Area Network 
WDM  Wave Division Multiplexing 
WFQ  Weighted Fair Queueing 
WRR  Weighted Round Robin 
WWW  World Wide Web 
XTP  Xpress Transfer Protocol 
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