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 Background: The issue of quality of service (QoS) in the IPTV service is a subject that 

was briefly studied in the first years, when the IPTV technology emerged, but now days 

it is having a considerable importance due to the need to provide a new television 
service, by service providers, which overcomes the viewing experience due to the need 

to provide a new television service, by service providers, which overcomes the viewing 

experience provided by the traditional television. Objectives: In this article is presented 
a summary based on the collection and analysis of several authors, which aims to 

highlight some of the main relevant factors that could directly affect the IPTV service 

quality and other aspects that ultimately has an Impact on the quality video that is 
broadcasted to the end user of the system. Conclusion: At the end of the article it is 

discussed some proposals made by researchers around the world who seek to improve 

some aspects that affect the quality of IPTV service. 
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INTRODUCTION 

 

 Since its inception, television has been one of 

the most popular and consumed technologies by 

mankind. This technology has undergone major 

changes since it was invented, from presenting an 

image in black and white to a color image, and from 

being a completely analog system it is now an almost 

completely digital and interactive system. Internet 

Protocol Television, IPTV, rather than a Protocol as 

the name indicates, is a technology for broadcasting 

television content through different transmission 

networks such as xDSL and fiber optics on the IP 

protocol. 

 For this service to be accepted and welcomed by 

users, it must provide the same or even better quality 

than the received and perceived quality of service 

from cable television or conventional satellite.  

 IPTV, being by nature a video content 

transmission service, the quality of service is 

determined primarily by the quality of video 

reproduced on the end user's device screen, be it a 

TV, a computer screen, or even a mobile device. 

 This video quality depends on various factors, 

which may have dependencies on each other and 

which are involved throughout the process of 

providing the IPTV service, ranging from acquiring 

content, conditioning, transmission, and finally 

reception. Among the most important factors are the 

type of encoding used in the IPTV header, the chosen 

GOP length, and the lost or deleted packets. 

 

Quality of services (qos): 

 ITU defines quality of service as the totality of 

characteristics of a telecommunications service that 

determine its ability to meet the explicit and implicit 

needs of the service user. 

 Applications that need quality of service 

guarantees are all those requiring a specific guarantee 

level from the network, such as basic information 

transfer services both for the access network and the 

network backbone, secure access to databases to 

retrieve information, telemedicine, banking and 

financial operations, tele-learning, telephony, video 

conferencing, video and emergency and security 

applications, among others. Taking into account their 

different characteristics, each of these applications 

requires a specific level of service. Some 

standardization bodies have tried to define service 

categories, also known as QoS types. One is the ITU-

T; in its Y-1541 recommendation it suggests a 

definition of different types of QoS for the IP world 

(Figure 1). 
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Fig. 1: QoS IP ITU-T Y-1541 Type. 

 

Quality of service (qos) in iptv: 

 To broadcast a video signal that is comparable or 

better than the video signal broadcast by existing 

television providers, is one of the main prerequisites 

for the delivery of IPTV services. For a service 

provider to achieve such a viewing experience, the 

IPTV network administrators must ensure that the 

network provide a QoS system. Implementing a QoS 

system guarantees the customer a high quality 

experience. QoS for an IPTV network defines the 

network resources and parameters required to ensure 

that the IPTV stream travels cleanly from the video 

source server to the client's set top box destination. In 

other words, the quality of the stream must not 

degrade as it travels through the network. To achieve 

this, certain factors should be considered such as: 

poor quality source content, type of encoding used, 

GOPs, corruption of packets, deleted packets, 

latency, competition with other triple play services, 

incorrect configuration parameters, and server 

management (Wylie, P., 2009).  

 

Quality of content at source: 

 Video sources that can reach an IPTV header are 

diverse. They can be local or international channels 

either by cable or satellite, content aggregators, and 

content providers. Content can be received both in 

analog and digital format. For this content to be 

viable for broadcasting it must go through various 

processes prior to transmission. The content should 

be properly scanned and organized so that there is 

synchronization of audio, music, overlay text, audio 

and video effects, and finally the video should be 

added before compression, which includes color 

correction, image size adjustment, and removal of 

electromagnetic noise. This last aspect is crucial, 

since high levels of noise can significantly affect the 

performance of the encoding process because it 

interprets noise as image changes that need to be 

captured in the compressed data stream which will 

create more work both for the encoder and the 

decoder (Mikoczy., et al.; 2009).  

 

Coding: 

 Mechanisms used to encode video signals may 

have an impact on the display quality of the signal 

transmitted to the IPTV end user. 

 Highly compressed video signals reduce the 

amount of bandwidth required to transport content 

through the network; however, the quality of the 

perceived image will not be high. Moreover, video 

signals with relatively low compression, which 

produce a very high image quality, can present 

various problems due to bandwidth requirements.  

 Most IPTV service providers use MPEG-2, 

H.264 / AVC, or VC-1, as coding system to 

compress the content before it is transmitted over the 

IP network infrastructure. Each of these types of 

encodings has advantages and disadvantages, 

therefore its selection will depend largely on the 

network capabilities through which the IPTV content 

will be broadcast. 

 

MPEG-2: 

 One of the main components that are to be 

understood in MPEG-2 involves the diverse levels 

and profiles available for encoding. Profiles and 

superior levels add complexity to the encoders and 

decoders; they may require more bandwidth and can 

significantly increase the total cost of the system. 

The term level, when used in the context of 

performance specifications for MPEG-2, refers to the 

maximum image size that can be supported. For 

MPEG-2 the following four levels were defined: 

Low level, Main level, High 1440 and High. The 

MPEG-2 also supports a variety of different 

performance profiles, which specify the type of 

techniques that the encoder can use in video 

compression. These profiles are: Simple, Main 

profile, 4:2:2 profile, SNR (signal-to-noise ratio) 

profile, Spatial and High Profile (Schäfer, R., 2006). 
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Different combinations of profiles and levels have 

been established for different digital compression 

products and applications. For example, MP@ML 

(Main Profile at Main Level) refers to a resolution of 

720 x 576, video at 30 frames per second, and 

transmission speeds up to 15 Mbps. This profile is 

highly used for broadcasting digital television and 

VoD services. Higher quality images such as those 

expected in high definition (HDTV) television, 

require additional bandwidth. A configuration 

MP@ML (Main Profile at Main Level) which 

supports up to 80Mbps and a resolution of 1920 x 

1152 pixels is therefore required. 

 In addition to the levels and profiles, the output 

bit rate of an MPEG-2 encoder can be divided into 

two categories. CBR (Constant Bit Rate) as the name 

implies, MPEG-2 CBR stream operate at a constant 

bandwidth regardless of the complexity of the DLS 

networks that typically provide fixed bandwidth 

connections. The VBR (Variable Bit Rate), the 

frames in a MPEG-2 VBR stream are encoded using 

different compression rates. Therefore a complex 

frame requires many bits to represent an image 

(NexTV, Latam., 2011). 

 

MPEG-4 part 10 (H.264/AVC):  

 This standard is the successor of MPEG-2. In 

addition to compression, H.264 / AVC defines a 

complete ecosystem including support for processing 

a wide range of multimedia formats. Implementing 

this standard requires specialized equipment in the 

IPTV header and the introduction of new decoding 

technologies in the set top boxes. Among the main 

features of this standard are: Good performance; 

H.264 is a relatively new audio / video technology 

with better compression capabilities than previous 

standards (Soo-Cheol, K., et al.; 2011). 

 Low bandwidth required: the video quality of 

H.264 is somewhat similar to MPEG-2; however, the 

latter requires less bandwidth to carry the same 

signal quality.  

 Infrastructure interoperability with existing 

video processing: H.264 / AVC enables operators to 

use their existing MPEG-2 IP infrastructure network. 

 Support for HDTV: when developed optimally, 

the compression standard can double or even triple 

the transport capacity of existing networks. 

Therefore, telecom operators can use H.264 / AVC 

content to provide DVD-quality HD video over their 

existing IP access networks. 

 Storage space reduction H.264 / AVC provide 

HD video Content with DVD-quality over their 

existing IP access networks 

 Storage space reduction H.264 / AVC 

significantly reduces space required by servers to 

store video content.  

 Easily adapts to low quality networks: built in 

error concealment and recovery mechanisms that 

allow H.264 / AVC to operate in low quality 

networks. 

 Multiple types of frames: in addition to 

supporting J, B and P, frames, H.264 / AVC has 

added support for two other types of frames called SI 

(switching I) and SP (Switching P). These frames 

enable the set top box decoders to change from live 

stream to another stream in a particular location 

without using reference images. 

 As in the MPEG-2, H.264 / AVC has four 

performance profiles which are: Baseline, Main, 

Extended and High. 

VC-1: Among the main features of this standard are: 

 Deployment across a range of platforms: VC-1 

is supported by a wide range of new generation set 

top boxes, portable multimedia devices, and mobile 

phones.. 

 Three separate profile support: when VC-1 is 

integrated in a set top box, it supports three profiles, 

simple, main and advanced. Each of these profiles is 

suitable for different types of applications. Simple 

profile, for example, is particularly suitable for 

internet streaming applications at low bit rates, while 

the advanced profile is designed to accommodate 

compression of HDTV content. Of the three profiles, 

the main profile is best suited for use in an IPTV 

environment.  

 Additional frame type: In addition to encoding 

video in frames I, B, P, VC-1 introduced a new type 

of frame called BI, which is a variation of frame I, 

but does not depend on other frames 

 

Extended GOP benefits:  

 Since I frames use more bits than B or P frames 

to encode an image more precisely when an extended 

GOP is used, there will be fewer I frames in the 

stream, thus the total amount of bits in the stream 

will be reduced. In fixed band width networks, more 

video signals can be transmitted when each of these 

uses an extended GOP to reduce overall bandwidth 

demand. The GOP structure also has an impact on 

the change channel process in an IPTV system. 

When MPEG compression algorithm is used, the set 

top box has to wait for an I frame in the input stream 

before decoding can begin. This I frame defines a 

GOP and contains all the necessary information to 

rebuild the modified image. Because the I frame does 

not depend on any other frame, the effects of lost 

frames are reduced. The waiting time for I frames, 

will depend on the number of I frames per second 

transmitted by the encoder. A high frequency will 

enable set top boxes to begin decoding almost 

immediately. However, since I frames contain more 

data than any other type of frames, occasionally, I 

frames can take up to 50% of the available 

bandwidth, leaving the remaining to be used by P 

and B frames. 

 

Corrupt packets: 

 Packet corruption is another factor contributing 

to IPTV signal distortion. Corruption usually occurs 

during the transmission process and involves 
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modifying the original IPTV payload or header data 

contained in a packet. Electromagnetic pulse noise is 

one of the main causes of packet corruption in an 

IPTV environment. Error correction techniques are 

usually used; therefore the likelihood that corrupt 

packets reach a set top box is usually very low.  

 

Lost or deleted packets: 

 A small amount of lost packets is acceptable for 

applications such as Web browsing and email, and is 

usually not detected by users. However, lost packets 

in an IPTV network can degrade the viewing 

experience in general, due to the highly compressed 

nature of video content. Compression technologies 

such as H.264 and VC-1 are extremely sensitive to 

packet loss. For example, packet loss during the 

streaming of an IP channel can result in frozen 

images, and in some cases viewers can momentarily 

see black screens for a second or more. The 

percentage of the image affected by packet loss will 

depend mainly on the number of pixels and the type 

of information contained in the package. In general, a 

small number of lost packets can affect large sections 

of IPTV video or audio streams.  

 Service providers usually use one or a mix of 

network control techniques to reduce the effects of 

lost packets in an IPTV service. The five most 

popular techniques are (Mikoczy, E., 2011): 

 

Using retransmissions:  

 The main function of the IPTV transport 

protocol is to ensure reliable delivery of video 

content to its destination. This type of delivery is 

required sometimes by some type of feedback 

mechanisms to detect the packages that have not 

reached their destination. In IPTV networks, there 

are three versions of retransmission processes used 

by TCP, RTP, or RUDP. 

 

Delay concealment methods:  

 Hiding or masking the effects of packet loss for 

IPTV end users is another technique used to address 

packet loss in an IPTV network. This method is 

based on the principle of replacing lost packets or 

frames with estimated units. In other words, in 

exchange for requesting retransmission of an original 

packet or packets, the set top box estimates the 

contents of the lost packet and replaces it with a 

packet that has a high probability of being very 

similar to the original. The degree of sophistication 

used by delay masking technologies varies with each 

implementation. The number of packets that can be 

masked obviously has a finite limit until the IPTV 

System end user notices the QoS problems in the 

stream being received.  

 

Use of FEC and interleaving:  

 An error control technique called FEC in 

conjunction with interleaving, are usually used to 

eliminate the effects of lost packets and thus improve 

the visualization experience of service end users. 

FEC operates on the principle that an algorithm is 

used to generate error correction information which 

enables set top boxes to detect packet loss without 

making information retransmission requests to the 

source server. This error control technique reduces 

the number of retransmissions required for an IPTV 

service, however, the redundant information added to 

each packet increases the overall bandwidth required 

by the network. Interleaving is a mechanism used to 

transmit bits over the network at different time 

intervals. This mechanism runs bits through a 

number of FCE blocks with the understanding that in 

the event of a packet loss, the impact spreads over 

several blocks.  

 

Implementing an ACM:  

 For some IPTV operators it is not possible to 

further increase the bandwidth to respond to each 

peak that occurs. Therefore an admission control 

mechanism can be used to prevent network 

infrastructure from overloading. ACM works by 

examining every IGMP request or RTSP message 

and determining if there is sufficient available 

bandwidth and resources to handle the request. If the 

network is overloaded and unable to handle the 

request, the set top box petition is rejected by the 

network. As a result, a blank screen is displayed on 

the device. For this reason it is important that ACM 

limits are established at levels that minimize the 

probability of the problem occurring when the IPTV 

final user requests a channel change. In the context 

of an IPTV environment, these levels define the 

number of streams that are used to determine the 

limit of such streams in different parts of the 

network. 

 

Correctly designing bandwidth requirements:  

 A network that has enough bandwidth to carry 

the required IPTV traffic during periods where there 

is high demand can dramatically reduce the 

probability of network congestion.  

 

Latency: 

 The parameter that is used to measure the time 

taken by IP packets to travel from the server to the 

IPTV set top boxes is called latency. In an IPTV 

system some delays or latency are expected because 

video content has to be decoded by the set top box. 

However, this latency varies depending on the 

network. Low latency levels are very important to 

deliver high quality video content to IPTV end users. 

If the latency level is too high, end users will begin 

to perceive deterioration such as image corruption 

and frozen images on their screens. There are various 

causes for latency, from low available bandwidth due 

to increased use, in particular exceeding limits by 

other IP services that require large amounts of 

bandwidth. Reserving additional bandwidth for video 

traffic is one of the most common and so far 
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effective methods to solve problems related to packet 

loss and transmission delays (Amer, A., 2002).  

 

Competition with other triple-play services: 

 Video is one of the triple-play IP services that 

are offered by many operators today. A simultaneous 

demand for video, voice, and high speed data 

applications from network resources can cause 

quality problems in IPTV services. To solve these 

problems, IPTV service providers can prioritize 

transmission of video traffic to prevent delay and 

IPTV stream distortion. 

 

Server congestion: 

 VoD and IPTV multicast streaming content 

servers can also have a negative impact on QoS if the 

hardware is not properly set to withstand peak hour 

end user the demand. The main symptom that server 

congestion causes is image freezing when viewing a 

multicast channel or VOD content.  

 

Current state of iptv: 

 Zhi-yual, Hui, Yue-ming and Yue-leng in (Zhi-

Yuan, X., et al.; 2009), propose a practical dynamic 

bandwidth management scheme to support VBR 

video transmission in real time to multiple users 

guaranteeing the quality of service. 

 Zhu liu, Dong and Zeng (Zhu, Y., et al.; 2009), 

introduce a new framework for IPTV which includes 

video transmission rate server adaptation to conform 

to changes in network bandwidth. This framework 

also includes video multicasting at low transmission 

rates for multiple channel preview and enables PiP 

(Picture in Picture), and the use of a P frame 

switching mechanism in two phases to reduce delay 

in channel change. 

 Ko, Oh and Chung (Sangki, K., et al.; 2009), 

formulate a new mechanism to negotiate QoS for 

IPTV services for mobile terminals in heterogeneous 

networks; it includes a quality negotiating role and 

use of the SIP protocol. 

 Wan, Cai and Gulliver in (Wan, F., 2008) 

propose a CBQ (Class Based Queuing) scheme to 

efficiently multiplex IPTV and TCP traffic, and 

provide satisfactory QoS for both types of traffic, 

because if it were multiplexed in a simple way, 

performance would be difficult to predict, and 

competition between them would compromise their 

quality of service. 

 Banodkar, Ramakrishnan, Kalyanaraman, 

Gerber and Spatscheck (Banodkar, D., et al.; 2008), 

pose a purely multicast ICC (Instant Channel 

Change) scheme which involves the use of a low 

quality (only I frames) channel change secondary 

stream for each channel. This enables the user to play 

the new channel video with a low quality, while a 

buffer stores enough information from the high 

quality channel before it can be played. 

 Kandavanam, Botvich and Balasubramaniam in 

(Kandavanam, G., et al.; 2009) propose a new 

approach to optimize the use of residual bandwidth 

with QoS guarantee for IPTV Internet backbone 

services. The new system combines a new and highly 

scalable hybrid algorithm with efficient and accurate 

estimate of QoS requirements using effective 

empirical bandwidth estimates.  

 Lee, Trong, Gyun Lee and Kim in (Lee, K., et al 

2008), formulate a mechanism to ensure QoS in 

IPTV services via differentiated traffic control in 

IEEE 802.11 / g WLAN home networks. The 

proposed scheme prioritizes IPTV traffic to provide 

guaranteed QoS under conditions of congestion and 

traffic mix. Traffic prioritization is done by assigning 

different access categories to each packet according 

to predefined QoS type.  

 Liubben, Li, Wang, Doverspike and Fu in 

(Luebben, R., et al.; 2009), propose and evaluate a 

simple method for a fast multicast IP traffic re-

routing during failures on links in IPTV networks. 

The new method is based on an algorithm to adjust 

the weight of IP links in such a way that the multicast 

routing and the unicast routing between any pair of 

routers is not the same, enabling, if a fault is present, 

to use IP unicast encapsulating for multicast packets 

not delivered during a link failure.  

 Lee, Kim and Shin (Yonghee, L., et al.; 2008), 

propose to reduce the time for IPTV channel 

changing without unduly affecting image quality. For 

this they propose to adopt the SVC scheme of H.264 

coding, in which they assign a base layer and 

improvement layers from each channel to two 

different multicast groups. Thus, pre display mode 

users can access the base layer and enhancement 

layers of each channel to two different multicast 

groups. Hence, in pre display mode, users can access 

the base layer of different channels that were already 

stored in buffer allowing them to change channels 

without delay. In the display mode both the base 

layer and the selected channel improvement layers 

are used to achieve a high quality image. 

 

Conclusions: 

 Problems related to the quality of service on 

IPTV, and in general to the majority of 

telecommunications services provided currently in all 

parts of the world by various telecommunications 

companies can be divided into different categories 

which are represented by the main components of the 

architecture of these services, such as for example, 

problems in generating, distributing and receiving 

content. In each of these processes various threads or 

specific tasks are performed which cause the 

problems that somehow affect the quality of service 

provided. 

 Current IPTV service aims to replace traditional 

cable TV and satellite service; to do this, it must have 

management and quality delivery systems so that all 

the needs and expectations demanded by today's paid 

television subscribers are fully met, as this is what 
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will determine whether this new technology will be 

accepted or not. 

 Of all the relevant factors influencing the quality 

of IPTV service, although all are extremely relevant, 

some of them are crucial, and this is where IPTV 

service providers must focus their attention and 

implement techniques and proposals to minimize the 

impact that each of these may cause on the quality of 

the service provided. 

 Due to advances in video encoding, and the 

characteristics of different codecs, such as their 

levels and profiles, IPTV content can be reproduced 

on different devices to TVs, such as PDAs, mobile 

phones, among others. 

 Various researchers around the world have 

developed and will continue to develop new 

proposals which include models and new 

architectures, to try and mitigate or eliminate the 

negative impact on the service provided to the IPTV 

end user; more specifically in image quality 

degradation delivered to end user reproducing 

devices. 
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