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Abstract  

 

The purpose of this deliverable is, firstly to analyse different services and applications for the home network 
taking as starting point the work done in OMEGA deliverable D1.1,[49] in order to derive constrains related to 
Quality of Service for the OMEGA network and thus for the various transmission technologies. Secondly, this 
deliverable presents first proposals on topology and network architectures behind two representative usage 
scenarios selected from deliverable D1.1. 

The final goal of this deliverable is to create a tight link between the user scenarios and the connectivity 
technologies as well as the network architecture behind so as to ease technical choices to be made in the project. 
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Executive Summary 
 

 

The goal of this deliverable is twofold. It first provides a detailed picture of the different services and 
applications relevant for the home network domain. From this list of services and associated flows, constrains 
related with the Quality of Service are derived. These constraints will impact further assessments on the various 
transmission technologies considered in the OMEGA project. Moreover a prioritization scheme of the different 
flows in the Home Network is proposed.  

In a second part, some preliminary reference architectures for the OMEGA networks are proposed and are 
applied to two relevant scenarios in order to evaluate the type and number of devices involved in the network. 
Examples of network topologies on practical cases are proposed. More network-centric use cases related to 
important operations to be performed in the network such as its installation or its extension are then listed. 

The requirements assessed in this document will be used as part of the framework to fix the technical constraints 
for the PHY and MAC layers of the connectivity technologies to be operated in the future Ultra Broadband 
Home Area Network. This document will be used as a basis for technical assessments to be done in the course of 
the OMEGA project. The final goal of this deliverable is to create a tight link between the user scenarios and the 
connectivity technologies as well as the network architecture behind so as to ease technical choices to be made in 
the project. 
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1 Introduction 

 

In our first deliverable D1.1 “Final Usage Scenarios Report” [49], we proposed some scenarios combining 
services in different environments.  

In the first part of the present document, we review the main applications that underlie these services and try to 
identify the main flow profiles implied in these applications. In a summary, we associate to these flow profiles 
some requirements on the transmission parameters to be respected by the network for a minimum perceived 
service quality. A prioritization scheme of the different flows in the Home Network is proposed. These 
recommendations will serve as a starting point to design connectivity systems for the Home Area Network in 
order to be able to support services with sufficient QoS. 

In the second part, some preliminary reference architectures for the OMEGA networks issued by WP6 are 
applied to two scenarios of deliverable D1.1 in order to evaluate the type and number of devices involved in the 
network. Examples of network topologies on practical cases are proposed.. Moreover we also focus on more 
network-centric use cases related to important operation to be performed in the network such as the installation 
or the extension. 
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2 From services to requirements 

2.1 Services and Applications 

2.1.1 Current Services 

2.1.1.1 Voice and Music  

2.1.1.1.1. Voice over IP 

2.1.1.1.1.1.Description 

The majority of the multi-media applications having real-time constraints use UDP over IP protocol as the 
transport protocol. This protocol induces little overflow rate, and little latency because it does not have recourse 
to retransmissions. It is thus interesting when applications sensitive to the delay are considered. This protocol 
provides mainly the concept of port and checksum. 

In this context, because IP networks can introduce jitter, de-sequencing or packet losses, the UDP protocol must 
be supplemented by other protocols. RTP protocol is then used. It is conceived to provide information to the 
receivers to compensate for these harmful effects by defining additional fields for the messages. These fields 
relate to time-stamping, the sequencing or the type of information. This last point makes it possible to determine 
the choice of the codec for example.  

 

Length (bytes) 20 8 12 Depending on Codec 

Type of info IP header UDP header RTP header Data 

Details  Source Address 
Destination Address 
Checksum on IP header 

Port 
Checksum 
UDP+RTP+data 

Codec type 
Sequence number 
Time-stamping 

 

Table 1: Packets of Voice over IP  

 
Codec GSM 6.10 G.723.1 G.729A G.722.1 

Bit rate (kbps) 13 5.3/6.3 8 64-48 

Frame size 
(bytes) 

32.5 20/24 10 160-120 

Frame period 
(ms) 

20 30 10 20 

Look-ahead 
delay 

0 7.5 5 20 

Encoding delay 
(ms) 

20 37.5 15 40 

Decoding delay 
(ms) 

20 18.75 7.5 x 

Quality Medium Medium Good Very Good 

Table 2: Parameters of some codecs 

Table 2 summarizes the parameters of the main audio codecs. These codecs GSM and G723.1 provide only an 
“honest” sound quality for the mobile telephony services (sound band-widths which remain limited to 
approximately 3 KHz). Other types of codecs are used for a better quality of restitution, such as those of the 
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G722.x family. They typically allow a good sound restitution over 7 KHz. The band-width necessary to convey 
such flows currently varies in the range of 48 to 64kbps. Nevertheless, on the basis of equivalent sound quality, 
it is anticipated that the band-width for G722 (G722.2) could be reduced to approximately 10 kbps.  

2.1.1.1.1.2.The problem of the packets' “overhead” 

The overhead due to the combination of IP/UDP/RTP protocols is of 40 bytes per packet. However, the frame-
length generated by the audio codecs (cf. Table 2) is very short compared to the quantity of information 
introduced by the network's stack and transport protocols. A means of reducing the relative weight of this 
information compared to the data consists in incorporating several frames of codecs in one IP packet. This 
solution is often implemented in spite of the additional packetization delay it introduces. For instance, by 
incorporating four G.723 frames within an IP packet, this packetization delay is 120 milliseconds. 

The header compression is another solution which makes it possible to reduce the size of the IP/UDP/RTP 
signalling information. It is for this purpose that the IETF RFC 2508 specifies a mechanism called CRTP 
(compressed RTP). When implemented, only the differences between the headings of the successive messages 
are encoded. This is very effective and the resulting headings can become as short as 2 bytes. Nevertheless 
several problems can occur. First of all, the compressed headers have a variable size because the difference 
between two successive messages can be considerable. Then, this method is very sensitive to the packet losses 
and when errors appear in the headers, the expender must emit a request to the compressor in order to re-
synchronize. Packets emitted in the interval are lost. However it should be noted that CRTP provides an 
intermediary operating mode whereby only the IP/UDP headers but not the RTP headers are compressed, which 
avoids losing the packets emitted in the interval. In this mode, the length of the headers is 17 bytes when the 
UDP “checksum” is deactivated or 19 bytes if not. 

Other compression schemes were proposed by IETF (ROCCO, Enhanced CRTP). All try to minimize the 
number of signalling bits whilst improving the robustness of the protocol to the high loss rates of the wireless 
networks. Today however, none of these schemes is used in commercial equipment.  

2.1.1.1.1.3.The protection of the checksum 

The checksum of the UDP protocol applies to the whole UDP packet: it applies to IP/UDP/RTP headers as well 
as to the encoded data or, when CRTP is employed, to the IP/UDP/RTP compressed header as well as to the 
encoded data. Then, if this checksum is not valid, the whole packet is rejected. This is not appropriate for the 
applications which accept errors in the data, such as the G.723.1 codec which can resist up to a bit error rate of 
10-2 for example. In this case, if the checksum is not valid because of errors in data bits, the codec could deliver 
to the user the essence of the information contained in the packet and one would not have to reject this packet. 

The UDP Lite Protocol [1] proposes to protect only the header of the UDP packet by replacing the field “length” 
by a "cover" field. This field specifies the number of bytes which must be included in the calculation of the 
checksum starting from the beginning of the packet. The significant bytes (bytes implying an elimination of their 
packet if they are in error) are thus limited to the header bytes that can be short if a method of compression is 
used. The header being short, the probability it is incorrect is weak. The frame error rate then decreases and the 
band-width is used in a more effective way.  

2.1.1.1.1.4.Summary 

Among the mechanisms and the protocols presented previously, an effective solution could be a combination of 
UDP Lite and CRTP with a non compressed RTP header and an active UDP checksum. Thus the IP/UDP/RTP 
heading has a size of 19 bytes. The packet sizes and the bit rates obtained for different codecs with or without 
IP/UDP/RTP compression are summarized in Table 3. 

 
Codec GSM 6.10 G.723.1 G.729A G.722 

Frame size 
(bytes) 

32.5 20/24 10 160-120 

Frame period 
(ms) 

20 30 10 20 

Number of 
frames per IP 

1 1 3 1 
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packet 

Packet size with 
IP/UDP/RTP 
compression 
(bytes) 

51.5 39/43 49 179/139 

Packet period 
(ms) 

20 30 30 20 

IP bit rate (kbps) 29 16/17 18.57 80/64 

IP bit rate with 
IP/UDP/RTP 
compression 
(kbps) 

20.6 10.4/11.4 13 71.6/57.28 

Table 3: Size of VoIP packets for different codecs when IP/UDP Lite/CRTP are used  

2.1.1.1.2. Transmission of sound and music 

The Home Area Network can be useful for transmitting sound from a source (walkman, PC, CD/DVD reader) 
towards the chain of amplification or the loud-speakers. The audio signals are in general transmitted in SPDIF 
digital format. Without any compression, the necessary band-width is of 1.5Mbps for a stereo signal sampled 
with 44 kHz on 16 bits (CD format). More advanced systems such as DVD - audio or SACD authorizes the 
handling of more than two channels simultaneously at PCM format with a sampling rate of 192 Khz on 24 bits. 
Thus, the bit rate of a DVD-A (2 channels with 192kHz/24bits or 6 channels with 48 kHz/24bits, etc…) is of 
9.6Mbps.  

Audio compression can also be implemented in all these systems (MPEG, dolby, DTS, etc). However a highly 
reliable link is essential because these codecs are very sensitive to error and delay because they were not 
conceived for transmissions having an error rate of several percent. However, if such flows are considered, just 
like for the applications of diffusion of video, the buffer memories and the mechanisms of smoothing of the 
variation of encoded flows could be implemented. A CBR service associated with a fast ARQ scheme would 
allow one to cope with this requirement for low loss.  

2.1.1.2 Video applications with time constraints 

The applications identified under the name of "video applications" are typically: video diffusion, video 
conference systems, connection between screens and other audio-visual equipment such as DVD readers, video 
recorders, etc…. They have strong real-time constraints; however these constraints can vary several orders of 
magnitude according to applications. This will be detailed in next chapters. When flows are encoded, the codecs 
are generally based on mechanisms of optimized quantification and coding of entropy of the DCT type 
(MPEG/4) or using the discreet transform (H264) and on the estimation and the compensation of movement. The 
performance of these codecs is a function of the required quality and the type of images. For a given quality, 
flow at the codec output depends on the variability of the sequence which can have images with more or less 
details or dynamics. The flow is thus variable and this variability will strongly depend on the type of sequences 
or films. In addition, the greater the compression ratio of the encoding, the higher the variability of the flow. On 
the other hand, for a fixed band-width, the quality of the encoded and restored image will vary. 

Some codecs provide a flow control and a certain degree of resistance to error. The flow control allows the 
codecs to adapt the bit rate of the encoded flow to the state of the network. For example, if congestion appears in 
the network, the coder can reduce his flow (to the detriment of the quality). Resistance to error indicates the 
capacity of the decoder to deal with bit errors on encoded data in such a way that the images viewed by the user 
are only slightly affected.  

2.1.1.2.1. Video Diffusion 

When one considers video diffusion (video streaming), the use of a large buffer memory for an equivalent of 1 
second of diffusion can be set up easily on the receiver si7de, making it possible to eliminate the real-time 
constraint. It should be noted that if one separates audio and video flows during the transmission on the physical 
layer, one introduces a real-time constraint and one has to synchronize these flows on arrival. This parameter is 
called “lip-synch”. A de-synchronization can be awkward from 50 ms onwards. 



ICT-213311, OMEGA                                                                                                                                                                 3 November 2008 

D1.2 – Intermediate Requirements, Architecture & Topology Report Page 12 (40) 

On the other hand, the flow control cannot be applied on the coder side because the videos are not encoded “on-
line” but they are preliminarily encoded once and for all. This preliminary encoding is applied with several 
quality targets (low quality, medium quality, high quality) leading to the setting on line of several specimens of 
the same film in several more or less bulky files. The server then diffuses these contents by selecting the file 
whose size is suitable for the band-width available to this user. An element of flow smoothing can be used in 
order to reduce the differences between the peak and the average flow. 

Since flow is variable at the codec output, the implementation of a variable bit rate service could be seen as the 
most suitable means to convey the video diffusion traffic. However, it is difficult to characterize and thus to 
schedule a variable flow and it is often more practical to consider a resource allocation on the basis of a constant 
bit rate adjusted to the flow peak [2]. Only two parameters are then necessary to organize the scheduling of the 
packets of such a flow: the flow peak and the average rate that is used. These parameters which apply to the 
whole contents since it is already encoded can be easily obtained on the codec side at the time of the 
initialization of the transaction. The resource allocation on the basis of a constant bit rate service such as that 
defined above can lead to a waste of resources. In this case, it could be judicious to allocate resources only if 
packets are present, and if not, these resources can be used to transmit buffered elastic flows.  

In case of Video On Demand (VOD), the mechanisms of ARQ can be installed very advantageously to guarantee 
very low loss rates [3]. Flows associated with the video diffusion are carried by a protocol of the type RTP which 
needs a backward channel. The video is transmitted downstream and control information (start, pause, return, 
etc…) is sent upstream. The upstream traffic is thus very low in terms of band-width compared to the 
downstream traffic. 

The Multicast mode is used by operators to save bandwidth in the core network. In this case, the IGMP protocol 
(Internet Group Management Protocol) is implemented at user side to receive multicast flows. In this case, there 
is no backward channel. No repetition mechanism is possible, but it can be replaced by introducing redundancy 
by Forward Error Correction. 

2.1.1.2.2. Video Conference 

Concerning the video conference application, the images are encoded in real-time. The codecs employed are 
H.261, H.263, H.263+, H.26L, etc… A medium or low quality can be accepted by the user. However, as the 
band-width available will increase in the access network, the quality requirements will become stronger. It is 
probable that users will also accept the fact that both the comfort and quality will be different depending on the 
environment and the equipment used (mobile, video conference room). This tendency has already appeared. 
Indeed, today, generally, the necessary flows are about 128kbps (2 ISDN lines), to 2Mbps [7] for a projection on 
computer screens or television sets. But, new video conference services offered by the operators such as 
“Realmeet” which has been marketed by France Telecom [8] since December 2005 allow the projection of a real 
life size distant interlocutor, ensuring both eye contact and spatialization of the sound in connection with the 
position of the interlocutor (cf. Figure 1). This comfort is probably necessary for a significant development of the 
video conference applications. It should be noted that in this case, the necessary bit rates are then of 4Mbps by 
flow.  

In any case, since in particular the dynamics of the images is rather weak, the band-width necessary will be 
weaker than that for video diffusion. Flows are variable. The real-time constraints are heavy and similar to those 
of the voice, whereas the quantities of information (audio and video) to handle are much more important.  

In the same way as the audio codecs, the video codecs can resist a deterioration of the transported data (MPEG/4 
or H.264) and provide a control of the flows which are encoded "on-line" (contrary to the flow of video 
diffusion).  

 

Figure 1: The Realmeet video conference system by France Telecom 4Mbps by flow is necessary  
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When one considers the effect of these constraints on the management of a wireless link having to support this 
kind of flow, several questions arise:  

·  The ARQ-type mechanisms of error control are probably not necessary since the codecs can resist errors up 
to a rate of 10% (the mechanisms of ARQ can be effective up to 20%) and also because the link adaptation 
can be used.  

·  Is a CBR type service the most adapted to transport live video? Indeed, the cost of a CBR service for a 
wireless system is high in terms of resource wastage. This can be tempered by re-using this resource for 
other flows managed in an elastic way. Nevertheless, this solution is much more operable if the flow 
characteristics are precisely indicated at the time of the initialization of the session. This is the case for a 
flow of diffusion since the entirety of the contents is encoded as a preliminary. This is not however the case 
for flows of live video such as flows related to the video conference application.  

·  Since flows have a variable bit rate, a permanent and fast Medium Access Control (MAC) signalling must 
be set up in order to determine the state of the queues.  

·  The old packets must be eliminated at the transmitter level when congestions appear in the network.  

2.1.1.2.3. Case of uncompressed video 

It is considered possible to replace cables associated with the standard known under the name of DIGITAL 
Video Interfaces (DVI) [5] by a wireless link. The bit rates that have to be borne exceed several hundreds of 
Mbps [4]. The DVI Standard specifies a transmission of digital video signals to the inputs of the graphics boards, 
LCD or plasma screens. The data are coded by pixel. 30 bits are necessary to code and synchronize information 
for one pixel. The flows needed to constitute a video sequence then depend on the number of pixels. Some 
examples are presented in Table 4. It should be noted that the absence of any compression mechanism led to a 
flow which is constant with a given number of pixels. 
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Table 4: Necessary bandwidth to transmit non-compressed video 

 

Characteristics VGA SVGA XVGA SXVGA UXGA HDTV QXGA 

Number of horizontal pixels  640 800 1024 1280 1600 1920 2 048 

Number of vertical pixels 480 600 768 1024 1200 1080 1 536 

Total number of pixels 307 200 480 000 786 432 1 310 720 1 920 000 2073600 3 145 728 

No. of pixels for 16 colour bits  4 915 200 7 680 000 12 582 912 20 971 520 30 720 000 33177600 50 331 648 

No. of pixels for 24 colour bits 7 372 800 11 520 000 18 874 368 31 457 280 46 080 000 49766400 75 497 472 

No. of pixels for 32 colour bits 9 830 400 15 360 000 25 165 824 41 943 040 61 440 000 66 355 200 100 663 296 

25 frames/s – 16 colour bits (Mbps) 122.9 192.0 314.6 524.3 768.0 829.4 1 258.3 

25 frames/s – 24 colour bits (Mbps) 184.3 288.0 471.9 786.4 1 152.0 1 244.2 1 887.4 

25 frames/s – 32 colour bits (Mbps) 245.8 384.0 629.1 1 048.6 1 536.0 1 658.9 2 516.6 

25 frames/s - 16 colour bits (Mbps) 
(25% blanking)  154 240 393 655 960 1 037 1 573 
25 frames/s - 24 colour bits (Mbps) 
(25% blanking) 230 360 590 983 1 440 1 555 2 359 
25 frames/s - 32 colour bits (Mbps) 
(25% blanking) 

 
307 480 786 1 311 1 920 2 074 3 146 

25 frames/s - 16 colour bits (Mbps) 
(blanking + 8/10 DVI coding) 184 288 472 786 1 152 1 244 1 887 
25 frames/s - 24 colour bits (Mbps) 
(blanking + 8/10 DVI coding) 276 432 708 1 180 1 728 1 866 2 831 
25 frames/s - 32 colour bits (Mbps) 
(blanking + 8/10 DVI coding) 369 576 944 1 573 2 304 2 488 3 775 
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Typically, the DVI interface is able to transmit information for 165 mega-pixels per second with the PAL 
standard (25 images per second). For higher quality modes this equals a 3.3Gbps band-width.  

The HDMI standard [6] is an extension of the DVI standard which bears 8 audio flows in addition to the DVI 
video flow. This interface should supplant the DVI interface in the future. The target which one proposes to 
consider is HDTV resolution (1920x1080, 24 bits of colour, 25 frames/s). This requires an effective bit rate of 
1.87Gbps. Within the framework of cable replacement, it is not necessary to encapsulate DVI or HDVI traffic in 
transport and network protocols.  

2.1.1.3 Gaming 

The traffic generated by games is not well-known because of the diversity of the games and the recent 
development of on-line gaming. In [1], it is shown that the games require a good reactivity from the network 
(delay < 50 to 100 ms) and that the size of the packets be low (lower than 200 bytes generally). The necessary 
flows seldom exceed 100kbps and present a relative variation much weaker than video flows for example. Flows 
associated with the games are generally conveyed with UDP protocol. Low packet losses are easily tolerated. 
However the emergence of on-line video games could change the status quo and it would seem wise to offer a 
robust service with a significant band-width to anticipate this evolution.  

2.1.1.4 Data exchange and the TCP transport protocol 

2.1.1.4.1. The general framework 

The TCP transport protocol aims at conveying data in a reliable way (no error) thanks to a mechanism of 
acknowledgement and retransmission of the incorrect packets. The flows carried by TCP have the capacity to 
adapt to the band-width available by the means of a flow control. The latter is based amongst other things on the 
round trip time of the data and acknowledgement messages of TCP. In this context, TCP does not guarantee any 
delay for the exchanges. Thus, in the case of errors, the necessary retransmissions are started on the basis of a 
countdown, which initially expires at the end of 0,5 to 1s if the acknowledgement messages of TCP packets are 
not received before. The value of this temporization is doubled each time it expires. This causes an additional 
delay for the exchange. Moreover, at the limit of the retransmission countdown, the window of emission of TCP 
which makes possible the flow control is reduced by half. That reduces the bit rate offered and further increases 
the time of the data exchange. The consequences are dramatic on the transfer time of a file through a wireless 
link: a few incorrect packets induce several seconds of delay time; however the packet error rates over wireless 
links can reach a few percents. In order to avoid such delays, the errors of the wireless link must be invisible for 
TCP and an ARQ type mechanism of error control must always be envisaged on the link level, with a time-
constant much lower than the time-constants of TCP.  

The majority of “TCP” applications are asymmetrical: the data of the user are sent in a direction and the 
acknowledgements come from the reverse direction. Down-loading or file printing are typical “TCP” 
applications. This model can be generalized to a majority of client/server applications: requests are sent by the 
customer in a direction and the server answers returning data in the other direction.  

The messages of TCP data have a length of 1500 bytes. The messages of acknowledgement of TCP are short (64 
bytes) and their frequency is high (one message of acknowledgement for two packets of data). The bit rate 
corresponding to the transport of the acknowledgement messages is thus about 2% of the bit rate of the data. 

Therefore, these considerations show that besides a reliable channel for the routing of the data, it is necessary to 
have in the opposite direction reliable channels with low bit rates for TCP acknowledgement and signalling for 
the link control, even if the user traffic needs high bit rates in the same direction.  

2.1.1.4.2. File Downloading 

The application of remote downloading of video files has the same constraints as any other file downloading. In 
particular, the transferred data should not contain any errors. In addition the video files being very bulky (8-20 
Gigabytes for a film), the band-width must be sufficiently wide so that the transfer lasts as little time as possible. 
It should be noted that a band-width of 1Gbps would permit the remote loading of a video file in a few tens of 
seconds, and this would allow a provider to offer such services as Video On Demand or video purchase by 
Internet and would be sufficiently ergonomic for the user. 

The transport protocol for the file transfer is TCP, and is supported by the IP network protocol. As we have seen 
above, it is essential to take into consideration specific error control mechanisms (ARQ type) for the wireless 
link level. In addition, in order to have a maximum both of reactivity and of band-width available on the wireless 
link, we have to ensure that the flow of TCP messages is as fluid as possible (with little variation in the outward 
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and return time) so as not to bring about a brutal reduction of TCP traffic caused by an unexpected activation of 
the TCP mechanism of flow control. 

 

2.1.2 New Services and evolutions 

This chapter refers to similar prospective investigations reported in the public deliverable [9] of the "ALPHA" 
7th framework program Integrated Project. It mainly focuses on thin client applications that will require shorter 
latencies from the network and innovative video services that will require higher bit-rates. 

2.1.2.1 Client-Server and thin client applications 

Application-level network protocols as SMB (Server Message Block, introduced by IBM) or its derivate CIFS 
(Common Internet File System, by Microsoft) [10] are mainly used to provide shared access to files. They work 
through a P2P approach, where a client makes specific requests and the server responds accordingly. Since the 
Windows 2000 release, SMB and CIFS can be used over TCP/IP protocol. They make a heavy use of network 
bandwidth. Latency of the network will have a significant impact on their performance. 

With the advent of intelligent display systems, the thin client applications will become developed in offices or 
industrial environments and also penetrate the domestic world. Thin clients terminals can bring several 
advantages to consumers. As all applications are centrally managed by server administrators, the end user is 
released from configuration troubles and virus definition updates. It also releases the user from regular software 
and hardware updates. This is key to the further introduction (and multiplication) of computers in homes where 
the updating/managing/servicing of the customer's computer can be made from the outside for instance by its 
service provider. 

Bringing thin client computing functionalities on handheld devices is also making sense. Mobile devices as 
smart phones or PDA will have bigger screen sizes and higher resolutions in the future. With such kind of 
terminals, an advantage of thin client computing is the reduced power consumption of the handheld device. 
When applications are no longer executed on the device itself, the lifetime of its batteries is extended. Moreover, 
the increase of the band-width available for the wireless networks accelerated this development. 

The traffic generated by the client/server applications has been studied in detail in the literature. Concerning the 
X11 or Microsoft TSE applications, one can refer to [11] [12]. The results indicate that the necessary band-width 
depends on the activity of the user and the software used. For example, entering a “Word” document via the 
keyboard will consume 48kbps whereas the action of scrolling this document will induce a flood of data whose 
flow could reach 500kbps. Activities like navigation on Internet with several images and animations can produce 
floods up to 1.5Mbps if the cash memory of the client reaches saturation. In addition, flows are asymmetrical: 
the data from the client towards the server are sporadic and are induced by the movement or the click of a 
mouse, the striking of a character, etc…. They represent a limited volume of data. On the other hand, in the 
direction of server to client, the flows are heavier because of the transmission of the contents or the actualization 
of the contents (scrolling, switch from one window to another for example). The server processes the events and 
generates the resulting screen updates. The graphical data is sent to the client by means of a thin client protocol 
such as Windows RDP, Citrix ICA and VNC.  

The problem with current thin client protocols is the hampering presentation of multimedia applications [13]. 
However, recently a hybrid thin client protocol has been developed that allows executing all kind of applications, 
including multimedia and 3D-applications, with high quality [14]. 

The requirements for thin client computing depend on the type of application envisaged [15]. Three classes can 
be distinguished: office applications (e.g. text editor, e-mail program, etc.), browsing the internet and multimedia 
applications (e.g. video, 3D-game, etc.). However, for all applications the delay constraint is the most important. 
Indeed, the reaction on a user event can only be seen on the screen after at least one RTT. To guarantee high 
responsiveness of the application, the total delay must be kept within the predefined requirements of that type of 
application. 

Type of application Bit-rate Max end-to-end delay 

Office-applications VBR (average 100-500 kbps) 150 ms 

Browsing the internet VBR (average 2-4 Mbps) 150 ms 

Multimedia applications VBR-CBR (average 4-6 Mbps) 80 ms 

Table 5:  Requirements for different types of thin client applications 
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The requirements for packet loss in the downstream direction (i.e. from server to client) depend on the thin client 
protocol itself. When the thin client protocol sends incremental updates to the client, it is not acceptable to lose 
packets, since this would result in unpredictable results shown on the client’s device. When the updates are not 
incremental, small packet loss would be acceptable. Typically, office applications use incremental updates and 
thus do not allow any packet loss, while browsing or multimedia applications do not use incremental updates and 
small packet loss is thus allowed. 

Packet loss in the upstream direction (i.e. from client to server), for example a keystroke or mouseclick, is not 
tolerated. Indeed, it would be very annoying for the user to push a button twice before he can see the result on 
the screen.  

2.1.2.2 Innovative video services 

In the future, video services will evolve towards enriched display modes. The next sections are an overview of 
the last trends and R&D works in the fields of immersive TV, 3D TV and free view-point TV. We will mainly 
pay attention to the higher bandwidth that these coming services will require. 

2.1.2.2.1. Immersive TV 

Conventional TV systems, even the HDTV standard, cannot provide an immersive experience, due to the size 
limits of the nowadays available TV screens. A way to overcome the size limit is the use of projectors; however, 
in this case the number of pixels per inch is largely reduced, thus limiting the resolution of images and the 
feeling of reality of the viewer. 

An example of immersive view is the IMAX Dome/OMNIMAX cinema system developed in 1960 (see, for a 
brief introduction, [16]), where the images are projected on a dome that allowed the viewer to watch an image 
extending 180° from left to right, 110° above and 20° under the horizon; the equivalent resolution of such a view 
is roughly 10k times 7k pixels. 

It is possible then to propose a home solution comparable to the IMAX Dome, projecting the image on a “dome” 
that is roughly a quarter of the surface of a sphere. 

The surface that must be covered by the image is simply � R2 where R is the radius of the dome itself; taking as a 
reference a 61'' screen, which surface is approximately 1m2, it is possible to say that the previous formula 
represents the number of 61'' screens needed to “cover” the dome. 

Assuming for each screen a 1080p bit rate (H264, High Profile, level 4.2 [17]), the equivalent bit rate of a dome 
screen is shown in Table 6 for different values of the radius R: 

 
Radius R    [m] Equivalent 61'' screens Equivalent bit rate 

2 13 812.5 Mbps 

4 51 3187.5 Mbps 

6 114 7125 Mbps 

Table 6:  Estimated bandwidth occupation of a “dome” screen 

An approach similar to the dome one above mentioned, that makes use of a more classical flat screen instead of a 
dome for the projection, was proposed by Nippon H� s�  Ky� kai (NHK – Japan Broadcasting Corporation)  
introducing the Ultra HDTV (UHTV) in [18].  

The screen resolution of UHTV is 7680x4320 pixels (the format is progressive, not interlaced), 16 times bigger 
than a standard HDTV screen. The bit rate of the uncompressed images is 24Gbps: an experimental verification 
of optical transmission of an uncompressed signal was performed by NHK in 2006 [19]. More recently, in 2007, 
NHK developed a codec for both video and audio compression in order to squeeze the 24Gbps into 600Mbps 
[20]. According to NHK previsions, this solution will be suitable for broadcasting in 2025. 

A different approach, presented in recent years by HHI ([21]) as a short term solution for immersive TV, was 
similar to the previously described ones; the main difference is the substitution of the screen (or the dome) with a 
head-mounted display. 

With this configuration, two possible scenarios for broadcasting of events came to light: 

In the first scenario, it is possible to decrease dramatically the bandwidth requirements of the scheme allowing 
the user to receive only the signal concerning the part of the scene that he is looking at; this approach however 
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requires a head tracker for the evaluation of the viewer's position; moreover, a dedicated uplink between the user 
and the broadcaster is required to allow the tracking system to communicate with the broadcaster itself; finally, 
the signal to be transmitted to the user has to change accordingly to the user's head position, that can change in 
time and also from user to user. This solution then can possibly use the same amount of bandwidth used by 
HDTV (62.5Mbps defined by H264, High Profile, level 4.2 [17]) assuming that bandwidth usage of the uplink is 
almost negligible, but it requires a large amount of computation on the broadcaster's side (in the end, the term 
broadcast probably should not even used here). 

A different scenario requires that, even if head-mounted devices are used, all the data is broadcast to each user 
and the selection of which part of the scene is being watched is made locally (at the user's side). This eliminates 
the requirement for a dedicated uplink, and allows the transmission system to be again a genuine broadcast. The 
large amount of computation is done on the user's side. The bandwidth occupation is similar to the solutions 
presented previously for immersive TV based on domes or screens. 

This last case is the one presented by HHI in [21].  

In Table 7: 7 are summarised the bandwidth requirements for service described above, taking as a reference the 
standard H264, High Profile, level 4.2 [17]:  

Service Reference 
resolution 

Compression Max 
Bandwidth 
[Mbps] 

Notes Reference 

Immersive TV  

“dome” screen 1080p H264, HP, 4.2 See Table 6 Function of the 
radius 

 

Ultra HDTV  4320p uncompressed 24000 Not 
standardized 

[18, 19] 

Ultra HDTV 4230p Compressed for 
broadcast 

600 Not 
standardized 

[18, 20] 

Head mounted 
devices 

1080p H264, HP, 4.2 62.5 + uplink Processed by 
the broadcaster 

 

Head mounted 
devices 

1080p H264, HP, 4.2 Similar to 
“dome screen” 
or Ultra HDTV 

Processed by 
the user 

[21] 

Table 7: Recap on estimated maximum bandwidth allocation for immersive TV 

2.1.2.2.2. 3D TV 

In the recent past, the interest for 3D application has strongly increased, leading to different projects sponsored 
by the European Community: among the others, ATTEST (a project of the 5th  framework program [22]), 
coordinated by Philips, aimed to develop a complete broadcast chain for 3D content, and 3DTV (a project of the 
6th  framework program [23, 24]) led by Bilkent Universitesi (Turkey) which is a Network of Excellence aiming 
to cover all the topics concerning 3D TV in an integrated manner. 

In 7th framework program, a large number of projects will deal with topics related to innovative TV services 
(mainly 3D). 

Among the others, the 3D4YOU project [25], coordinated by Philips, will focus on 3D TV; beside this one, the 
HELIUM3D project [26] led by De Montfort University, aim to develop a technology suited for an auto 
stereoscopic display with no limitation to the number of users; to achieve this results, a pupil position tracker 
will be used. 

The project REAL 3D [27] is focused on a real 3D transmission based on dynamic holography; this, as reported 
in [28], is the ultimate frontier of 3DTV, and it is definitely inserted in a long term scenario. 

Stereoscopic TV is a way to provide the final user a system that is capable to recreate the perception of the depth 
of the images (perception of depth is a consequence of binocular vision in human beings), thus achieving the 
goal of allowing 3D vision of 2D images. 

A possible way to do so is via the Pulfrich effect [29] in which an optical illusion of depth is achieved via well 
defined camera movements and providing the user a special pair of glasses (with one lens darker than the other). 
The only pro of such a technique is the bandwidth required is the same of a normal TV broadcast. The cons are 
wide and many (mainly, low image quality and restricted application range – no still images). 

The proper stereoscopic techniques are intended to provide different images to each eye of the viewer, thus 
obtaining a replica of what actually happens in binocular (that is naturally 3D) vision. 
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A large amount of research work [30, 31, 32, 33] was developed by RAI (Radio Televisione Italiana, the public 
Italian television company); in the past, several projects funded by the European Community, focused on 
stereoscopic television, such as COST 230 [34], DISTIMA [35], MIRAGE [36]. 

Recently, commercial solutions capable of achieving stereoscopic vision appeared on the market: a first solution, 
based on the Digital Micro-mirror Device (DMD) by Texas Instruments, consists in an LCD monitor/TV 
developed by Samsung [32, 37] that is capable of alternatively showing the two different images (left eye / right 
eye) that are needed for stereoscopic vision via a tilting mirror. With such a technique, a device that alternatively 
covers the user's eye, properly synchronized with the display, is needed (passive or active shutter glasses). 

A second solution, proposed by Philips [38], is based on an auto stereoscopic monitor [31]; this device is 
covered with a set of cylindrical lens that are designed to irradiated the light emerging from the screen in 
different directions, thus the images that hit the eyes of the viewer are different. With this technology, no head 
mounted devices are needed for the correct stereoscopic vision (since the name auto stereoscopic). 

Considerations about bandwidth occupation required by such techniques: in each case, the screen is assumed to 
be 1080p (1920x1080 pixels, progressive – the so called full HD – see, for instance [39]) and the video is coded 
via H264 [40, 41]. 

Pulfrich effect: does not require additional bandwidth, thus 62.5Mbps (high profile, level 4.2 – for a recap on 
different profiles and levels, see [17]) 

Pure Stereoscopic: to keep the format progressive, a double frame frequency is needed, thus 300 Mbps (high 
profile, level 5.1 [17]). If the field sequential technique is used, it is possible to work at a single frame frequency, 
thus again at 62.5Mbps. This is the solution achievable with the nowadays technology, but can lead to 
undesirable flicker effects. 

Auto stereoscopic: also in this case a single frame contains all the information needed for the stereoscopic view; 
in order to generate the required image, several techniques can be used, with different bandwidth requirements. 
If the stereoscopic image is generated prior to broadcast, then the required bandwidth will not increase: 
62.5Mbps (high profile, level 4.2 [17]).  This however does not allow the viewer to willingly switch between the 
3D vision and the classical 2D vision. In order to do so, both the images (the left-eye and the right-eye ones) 
need to be transmitted and processed by the viewing device. Again, in order to keep the format progressive a 
doubling in the frame frequency is needed, thus 300Mbps (high profile, level 5.1 [17]). 

A different approach, developed by Philips and called '2D-plus-Z' (see [38]) consists in the transmission of a 
single 2D image plus a gray-scale image of the same dimension containing the mapping of the depth of the 3D 
desired image; also in this case, the viewing device should be capable of performing the required processing. 
This technique is convenient in terms of bandwidth occupation, due to the fact that the transmission of the depth 
map only increase the bit rate of about 5-20%. 

As a last remark on the auto stereoscopic technique, it is important to stress that the equivalent resolution of the 
images shown is intrinsically lower than the screen resolution, due to the fact that a single “point” is no longer 
related to a single pixel, but to a group of pixels (in order to generate the required views). In order to keep the 
resolution comparable with the HDTV standard, a higher resolution is needed (roughly speaking, 9 times larger), 
so Ultra HDTV and proper compression techniques would be required. 

2.1.2.2.3. Free view-point TV 

Another innovative service that can be offered in the field of Home TV, is the possibility to select the users 
viewpoint of a show (this applies in a most natural way to live events). 

This approach differs from the immersive TV: in that case, in fact, the viewer's position inside the scene is fixed, 
with just the possibility of watching at a different part of the screen.  

Such a service is, to provide few examples, the aim of the DTI-iview project promoted by BBC (British 
Broadcasting Corporation) [42, 43, 44, 45] and of the IVVV project by Heinrich-Hertz Institute (HHI) [21]. 

 



ICT-213311, OMEGA  3 November 2008 

 D1. 2 – Intermediate Requirements, Architecture and Topology Report Page 20 (40) 

 

 
Figure 2 : Concept of the free viewpoint TV service as proposed by HHI in [21] 

For this kind of services, even if it is largely different from the immersive TV via head-mounted devices 
discussed in the previous chapter, in terms of bandwidth occupation similar considerations can be made: in this 
case, in fact, the users is allowed to select the desired view point that in principle is similar to the previous case 
in which the user was able to “look around” at the picture, and the same scenarios emerge: in the first one, again, 
the viewpoint is communicated by the user to the broadcaster via a dedicated uplink, and the broadcaster in turn 
sends the appropriate view to the user; the computational effort is done by the broadcaster, the bandwidth 
requirement is modest (62.5Mbps in downstream, plus the small uplink channel). 

In the second one, the broadcaster transmits all the required information and the elaboration of the required 
view-point is made locally at the user's side. In this case, the bandwidth allocation could be many times larger 
than the previous case. To provide an example, in [18] a set of 15 cameras is devoted to the representation of a 
single portion of the scene (in this case, a football field), thus the maximum required bandwidth assuming that 
each camera broadcasts an 1080p stream, is 15*62.5=937.5Mbps. 

An approach suggested by HHI in [21] for lower the bandwidth requirements for live events (i.e., for situations 
with a well defined and stable background, such a stage, or a stadium) is to prerecord and pre-broadcast the data 
concerning the structure, in order to allow the user to locally download a part of the data required for the 
elaboration not in real time, thus relaxing the bandwidth allocation (the real-time data will concern only the 
“non-static” part of the event, such as players or actors). 

2.1.2.2.4. Recap on estimated bandwidth requirements 

For simplicity, estimations of rough bandwidth for 3D TV and free view point TV are reported in Erreur ! 
Source du renvoi introuvable.. 
 

Service Reference 
resolution 

Compression Max Bandwidth 
[Mbps] 

Notes Reference 

3D TV  

Pulfrich effect 1080p H264, HP, 4.2 62.5 Optical illusion [29] 

Stereoscopic 1080p H264, HP, 4.2 300 (62.5) Progressive (field 
sequential) 

[31, 32, 37] 

Auto 
stereoscopic 

1080p H264, HP, 4.2 300 
(62.5+5/20%) 

Progressive ('2D-plus-
Z') 

[31, 38] 

Free view-point TV  

Iview 1080p H264, HP, 4.2 62.5 + uplink Processed by the 
broadcaster 

[42] 

Iview 1080p H264, HP, 4.2 937.5 Processed by user; 15 
cameras for partial 
scene coverage 

[42, 43, 44, 
45] 

IVVV 1080p H264, HP, 4.2 Not defined Dependence on 
different factors 

[21] 

Table 8:  Recap on estimated maximum bandwidth allocation 
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2.2 Constraints on the Flow Profiles for QoS provisioning   

2.2.1 Key parameters for determining quality of service (QoS) 

Any radio, optical wireless or power line system must be able to provide communications with an acceptable 
Quality of Service (QoS), and several of the parameters that determine this are described in the following 
sections. 

2.2.1.1 Latency Time  

The latency time defines the total time information takes to cross a network. Typically, average and most 
importantly maximum timescales are specified for different network loadings (typically 30%, 50% and 70%).  

2.2.1.2 Jitter  

Jitter is variation of timing interval between parts of a signal that should be a fixed time apart. Jitter can lead to 
errors in data recovery. It is usually measured in the UI (or Unit Interval) which measures the jitter in terms of 
fraction of the ideal period of the clock, although absolute units can also be used. Three measures of jitter are 
usually specified; jitter tolerance, jitter transfer and jitter generation. 

2.2.1.3 Available bit rate 

Several types of bit-rate are generally defined: 

-  Real bit-rate: value of bit-rate including all the protocol used in the transmission. 

-  Net bit-rate: value of bit-rate defined as useful for the application, for example the IP layer for an all 
IP network. 

-  Peak bit-rate: maximum bit-rate possible by the transmission device over a short period. 

-  Rising bit-rate (Upload): value of bit-rate coming from the user device to the network.  

-  Descending bit-rate (Download): value of bit-rate coming from the network to the user device.   

2.2.1.4 Data loss and errors 

The Bit Error Rate (BER) and Packet Error Rate (PER) specify the proportion of bits and packets that are in 
error, respectively. 

2.2.1.5 Availability 

This parameter defines the percentage of time during which the device works correctly. For example, for devices 
within the core telecommunications network 99,999% availability are usually specified or 5 minutes of 
disconnection per year. 

2.2.2 Example of QoS criteria: the Home Gateway Initiative 

The primary goal of the Home Gateway initiative (HGI) is to define QoS strategies in the Home Gateway as well 
as to specify Home Gateway Requirements.  
Home networks are by extension part of an enlarged scope of the HGI. HGI is giving recommendations on QoS 
mapping in the Home Network. HGI recommends a per class approach, more precisely it recommends the 
following mapping table for dispatching the packets into the 4 prioritized queues that are implemented at the 
interface of the two main existing technologies of the Home Network, namely WiFi and PLC. 
In Table 9 the red cross on Ethernet column means that HGI does not recommend the use of the pbit in the Home 
Network as IEEE802.1q standard is not implemented by default in most of equipments. Thus the use of the pbit 
would lead to operational issues.  
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Table 9: Classes of service recommended by HGI 
 

2.2.3 Constraints in terms of bit rates 

The bit rates generated by the applications on the Home Area Networks differ largely according to various types 
of applications. Thus as we saw previously, the replacement of cable requires 1 to 1.8 Gbps, the high definition 
video diffusion induces variable bit rates whose peaks reach several tens of Mbps (until 50Mbps), future 
enriched TV services could require some hundred Mbps, whereas the VoIP flows do not ask for more than few 
tens of kbps. 

The bit rates can be constant (replacement of cables, VoIP) or variable (encoded flows, flows carried by TCP). 
The dispersion of variability according to different types of variable flows is large, including for a given type of 
application. For example, for the diffusion of an encoded video by a MPEG2 codec, the bit rate can vary from a 
factor two or as little as ten percent according to the film. 

The flows can also evolve according to the network conditions. It is the case when the applications are carried by 
TCP or at the time of the implementation of some codecs like the codecs MPEG4 or H.264. 

2.2.4 Constraints in terms of error rate 

The applications of the Home Area Networks often use the TCP transport protocol which does not resist to high 
error rates (BER ~ 10-5). Consequently, the installation of a control of the errors at the link level is imperative 
(ARQ, modes with different levels of channel coding, FEC, etc…). Nevertheless, these mechanisms introduce an 
extra cost which must be taken into account in the analysis of the requirements of the applications. This extra 
cost varies with time because the error rate varies with time.   

2.2.5 Constraints in terms of delay and jitter 

Here again, the constraints are very variable. The jitter relating to DVI flows should not exceed a few hundreds 
of microseconds. The transmission delay times of the packets for the applications with real-time constraints such 
as video conference or the voice should not exceed 100ms, knowing that the Home Area Network can be only 
one part of the line. 

The access control must have dynamics compatible with these requirements. In particular, the framing, 
signalling, scheduling, related to these flows must be able to be implemented with time-constants of the same 
order or even lower. 
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2.2.6 Constraints on the coverage and the degree of mobility 

The transmission coverage and the degree of mobility strongly depend of the service and the type of terminal 
that is used. Voice services require an integral mobility throughout the house. At the opposite, replacement of 
cable implies a short range fixed connection. 

 

2.3 Requirements 

2.3.1 Prioritization among services in the network 

In OMEGA we consider like in Table 9 for HGI, 4 service classes that are linked to the flow profiles described 
in details below. They are listed in order of priority:  
 
1. Conferencing: These services are of high value and can comprise audio, video and eventually file transfer. 

2. Streaming: audio and or video (Video on demand). 

3. Less sensitive traffic: This service class is linked for instance to gaming applications. This is the lower class 
for which a QoS should be guaranteed.  

4. Best Effort: This is typically the web browsing or file downloading on the internet. The usage of Best Effort 
services is free for the user. The flows associated to these services should not interrupt any other chargeable 
service. 

Moreover we consider a default Class, Emergency services: these services have the highest priority in the 
network. They are mostly based on sensor alerts but can integrate audio and or video to enrich the alert. All 
applications in the network should be able to stop to let these services work. 

These classes of services should be used to identify the different flows to be conveyed in the Home Network. 
This concerns: intra-Home Network flows, flows from the WAN to the Home Network as well to flows from the 
Home Network to the WAN. 

2.3.2 Summary Tables 

The following table summarizes the characteristic of flows for each profile that has been defined above and 
provides the coverage and mobility required for the implied transmission systems.  

PROFILE TYPE CARACTERISTICS OF THE FLOWS COVERAGE & 
MOBILITY 

Web navigation ·  VBR flow, from a few kbps to 1.5Mbps 

VBR reverse flow for TCP ACK less than 
4% of data 

Nomad within home = works 
in all the rooms but no 
mobility  

Voice over IP ·  2 up and down CBR flows of a few tens 
of kbps 

·  Strong delay constraints around 10 to 
100 ms 

Integral mobility throughout 
the house 

Downloading  

(of video files) 

·  VBR flow, smoothed enough to prevent 
TCP from congestion. Bandwidth as 
high as possible to have a transfer time 
of few seconds (1 Gbps to transfer a 
film in 10 s) 

·  VBR reverse flow for TCP ACK less 
than 4% of data  

·  Signalling flow for fast ARQ to 
guarantee an excellent quality 

Nomad within home 

Audio and video 
diffusion 

·  CBR flow with peak data rate used for 
admission control : 2 to 50 Mbps for 

Nomad within home 



ICT-213311, OMEGA  3 November 2008 

 D1. 2 – Intermediate Requirements, Architecture and Topology Report Page 24 (40) 

 

video and a few kbps for audio 

·  Reverse CBR or VBR flow with a low 
data rate (~kbps) for RTP signalling (in 
case of VOD) 

·  Signalling flow for fast ARQ to 
guarantee the quality in case of unicast 
or FEC insertion in case of multicast 

Video conference ·  2 flows from 128 kbps up to 10 Mbps 

·  Delay constraints < 10 to 100 ms 

·  No ARQ, errors controlled at the 
application level 

Nomad or mobile within 
home depending on the 
terminal used 

Gaming ·  Flows a bit rates < 100 kbps 

·  Delay Constraint <50ms 

·  Jitter < 1ms 

Nomad within home / 
mobility depending on the 
terminal used 

Replacement of 
cable 

·  A flow towards the video display 
system (a few hundred Mbps to 1.88 
Gbps) or the audio listening system 
(~1.5-9.6 Mbps)  

·  Jitter lower than a few hundreds of µs  

·  No ARQ, channel coding or 
source/channel coding 

One single room 

 

Table 10: Characteristic of flows for each standard profile type 

The following table recaps for the defined profile, arranged in a priority order, the end-to-end performances that 
have to be provided by the network.  

 
Service Class Application Degree of 

Symmetry 
Average Bit 
rate 

Peak rate 

Delay Jitter Packet 
loss 

Emergency  Sensors 
flows 
(alarms) 

One-way Some kbps 
(max) 

Should be 
real time 

 Critical 
criterion 

Voice over 
IP 

Two-way 2 CBR flows, 
some 10 kbps 

Real time 
constraint < 
10 to 100 
ms 

<20 
ms 

<10-3 Conferencing 

Video-
conference 

Two-way 2 flows from 
128 kbps to 4 
Mbps 

20 to 30 ms 

 

<10 
ms 

<10-5 

Streaming Audio and 
video 
diffusion 

One-way CBR flow, 
some kbps in 
audio, from 2 
to 50 Mbps or 
600 Mbps in 
the future for 
video 

Video-
audio 
syncro 
constraints 
<400 ms 

 <10-5 
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3D Facial 
Animation 
(MPEG-4 
3D) 

One-way < 50Kbps Audio-3D 
synchro 
<300ms 

  

Less Sensitive 
Traffic 

Gaming Two-way 
(asymmetric) 

Flow < 100 
kbps 

<50 ms <1 ms <10-3 

Web 
navigation 

Two-way 
(asymmetric) 

Variable from 
some kbps to 
1,5Mbps 

   Best Efforts 

Downloadin
g (of files) 

Two-way 
(asymmetric) 

VBR flow up 
to the Gbps  

   

Other Replacement 
of cable 

One-way Mono-
directional 
flow 1Gbps or 
more 

<400 ms <1 ms  

 

 Table 11:  Summary table giving network performances for the flow profiles
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3 Reference Network Architecture  

3.1 Evolution of the standards of architecture for home networking 

This section describes the evolution of the trends in architecture of home networking during the ten last years  
through standardization as well as practical implementations. 

3.1.1 The ITU model 

The first elaboration of models of home networking date back to the nineties, with the ITU-T efforts to 
standardize recommendations for digital subscriber lines. ITU-T 995.1 [46] for instance introduces in 1999 the 
following entities : 

- the NT1, terminating the access digital section of the broadband connection 

- the NT2, terminating the transport protocol for user traffic. It may implement switching/routing 
functions 

- the Terminal Adapter (TA), adapting the transport protocol to the specific requirements of a user 
terminal 

- the User Terminal, providing an interface for the user 

These entities are interconnected by interfaces (R, S, T, U) defined by the following representation :  

 

 

R 
 T 

Access 
link 

NT1 NT2 User 
Terminal 

U 

Terminal 
Adapter 

S 

 

Figure 3: The ITU-T 995.1 architecture for home networking 

 

3.1.2 The DSL Forum model 

In 2004, the DSL Forum defined in TR-094 [47] requirements and capabilities that a home network should 
provide to take advantage of the full capabilities of the multi services broadband access. That document 
introduces in particular the following entities : 

- The B-NT (Broadband Network Termination) 

- The Routing Gateway 

- The Premises Distribution (client infrastructure) 

- The FPD (Functional Processing Device), which is a component of  the home network that processes 
voice, video or data for its intended application 

- The EUT (End User Terminal) 
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These entities are interconnected by interfaces (R, TCN, TPDN, U) defined by the following representation : 

  

R TPDN 

Access 
link 

 TCN 

B-NT EUT 
 

U 

Premises 
Distribution 

Routing 
Gateway 

FPD 

 

Figure 4: The DSL Forum TR-094 architecture for home networking 

 

The R interface is the type of interface that the FPD should support in order to provide connectivity to the EUT. 

The TCN interface defines the interface between the Routing Gateway and the various premises distribution 
technologies. 

The TPDN interface is physically discernable when the B-NT and Routing Gateway are implemented in separate 
devices  : it is practically limited to a point to point layer 1+2 connection. 

The U interface is represented here in making abstraction of a possible splitter. 

Some entities of these representations can be merged in a single equipment, for instance the EUT and the FPD, 
or the Routing Gateway and the B-NT. 

 

3.1.3 The triple play model 

 

The triple play model was adopted by the operators around 2004 in order to launch commercial offers based on 
three service components: the Internet, the conversational (VoIP, videophony) and the TV services. These offers 
were often based on a residential gateway with physical ports each dedicated to a specific service, which allows 
to simplify the implementation. The following figure gives an example (hybrid between the bridged model and 
the routed model) of such a gateway: 
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VC Internet, VoIP

VC Videophony

Routing/NAT

LAN
Ethernet

WAN
ATM

DHCP PPP

Bridge

CPE

VC Digital TV, VoD

Analog PhoneAnalog Phone

 

Figure 5:   The hybrid bridged/routed triple play architecture 

 

 

Such an option leads naturally to an organization of the home network where a given technology is dedicated to 
a given service. In a longer term prospect, that architecture will likely evolve to a more flexible configuration, 
based on a full-routed solution, which would avoid the separation between the services and the constraint to 
connect each device to a given port, as showed on the following figure: 

 

VC Internet, VoIP

VC Visio

VC Digital TV, VoD

Routing/NAT

LAN
Ethernet

WAN
ATM

DHCP PPP

IGMP SNOOPING

CPEAnalog PhoneAnalog Phone

 

 

Figure 6:  The full-routed triple play architecture 

 

3.1.4  The multiplay approach 

That approach was developed in 2007 within the European Project MUSE [48]. Focused on the residential 
gateway, the multiplay approach (http://www.ist-muse.org/Documents/WinterSchool2007/3-
Residential_Gateways_for_Multi-play_Services_V03_printable.pps) incorporates many more functionalities 
than the triple play gateway : it copes with FMC IP and the IMS architecture, supports multiple NSP network 
accesses, integrates co-located hotspot, multiple user types, extended QoS as well as advanced authentication 
and IP configuration mechanisms. It may contain terminal adapters and signalling converters for legacy devices. 
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3.1.5 The HGI approach 

The Home Gateway Initiative provides recommendations on a combination of home networking technologies 
that should typically be implemented in the home gateway 
(http://www.hOMEGAtewayinitiative.org/publis/HGI_V1.01_Residential.pdf) : IEEE 802.11a/b/g and n Draft 2, 
100BaseT Ethernet, and USB1.1/2.0 slave and USB 2.0 host. Other technologies (e.g. PLT or HPNA) and 
further infrastructure devices may be required, but these will be external to the Home Gateway. That 
combination is a compromise between the requirements of an ideal LAN technology and the actual features of 
the available technologies. The HGI architecture takes into account the gateway routed model as well as the 
hybrid model with separate physical networks, as described in section 4.3.3.  

 

3.2 Architecture for the OMEGA network 

3.2.1 Goals of the Architecture Reference Model (ARM) 

 

The OMEGA Architecture Reference Model (ARM) should fulfil the following conditions : 

- It should be elaborated in the continuation of models already elaborated in standardization, and 
currently used in the domain of home networking architecture 

- It should provide a good comprehension of the bounds of the OMEGA network 

- It should clarify the internal and external interfaces of the OMEGA network 

- It should take into account the organization of the OMEGA network entities in the form of a 
mesh network, as highlighted by the WP5/WP6 works 

 

3.2.2 The OMEGA architecture model 

Leaning on the combination of different heterogeneous telecommunication technologies, the OMEGA Network 
achieves the interconnection of devices (or nodes) which have in common the Inter-MAC functionality and may 
have also additional functionalities among the following ones: 

- OMEGA Gateway (boundary element between the Gbps home network and the access network) 

- OMEGA End Device (user terminal device, where traffic can leave or enter the Gbps home network) 

It was also highlighted that the OMEGA network should provide interfaces in order to interconnect to legacy 
devices or other networks (non OMEGA devices in general), inducing an additional functionality which consists 
in translating the not Inter-MAC frames provided by the legacy device into Inter-MAC frames : that 
functionality is named here OMEGA Legacy Device Adapter (OLDA). Therefore the OLDA can act as an 
OMEGA proxy for non OMEGA devices. 

In the case of the OMEGA network, each OMEGA device (or node) may have one or several interfaces (based 
on a 'no new wires' broadband technology) in order to connect to its neighbours. All these interfaces have in 
common the fact to be compliant with the Inter-MAC framework. All of them can be named by the same term : 
the �  interface. 

As such the OMEGA network is organized in the form of a mesh architecture bringing in the advantages of 
multi-path capabilities for traffic reconfiguration. 

 

This leads to the following preliminary OMEGA Architecture Reference Model (a final detailed description will 
be provided in D6.1): 
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Figure 7: The OMEGA Architecture Reference Model 

 

The model shows the interconnection of the different OMEGA components (common OMEGA device 
functionalities, end devices, gateway and legacy device adapter) through the functional multi-technology 
interface � . It should be considered more like a functional representation of the OMEGA network than like an 
organic one (with clear separation between 'boxes'), since a real OMEGA device can cumulate several of  the 
functionalities shown on the figure.  

Thus the OMEGA network, as constituted of OMEGA devices, presents two natural external interfaces, the first 
one between the legacy device and the OMEGA Legacy Device Adapter (S interface), and the second one 
between the access network and the OMEGA gateway (U interface). 

It is noticeable that from the point of view of the Inter-MAC framework none of the OMEGA devices occupies a 
privileged place. Actually the OMEGA network constitutes one single domain managed in an overall way by the 
Inter-MAC framework. It is also noticeable that the OMEGA architecture does not require an explicit separation 
between domains attached to the different segments of technologies. 

4 Topology and Operational Report 

In this section we consider two typical home network scenarios and discuss about possible topologies behind the 
services provided to the users. Moreover we provide additional details on the important operations to be 
performed in the network such as subscription, installation and maintenance.   

4.1 Usage Scenario: Evening in family home 

The usage scenario presented below is taken from [49]. An example of network topology is associated to the 
scenario.  

4.1.1 Scenario Description 

In the evening, Peter programmed the recording of a HDTV documentary about the Formula One season on the 
domestic server.  

Gwenaël welcomes his friend Bob to show him the videos that he recorded with his father during their last 
holiday in Provence. Peter has just finished editing these videos, which are located on the NAS in the Basement. 
The boys will view the holiday images on Gwenael's laptop.  

Jane who had just started to watch the documentary in the living room will continue to watch it on the screen 
located in her room.  

Peter spends the evening working on the restoration of his collector's car in the garage, while listening to his 
favourite pieces of music on his HiFi.  
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Elodie is on the telephone with a friend. She flits between the living room, where she comes and her bedroom, 
where she goes to find more privacy when speaking to her friend.  

4.1.2 Flows 

Five simultaneous flows are involved in this scenario:  
 
1. Recording of an HDTV program (Peter) 

2. Self-produced video streaming (Boys: Gwenaël & Bob) 

3. HDTV Streaming (Jane) 

4. Streaming of music (Peter) 

5. VoIP flow (Elodie) 

 
Flow Type Max distance (m) Walls or floors 

passed through 
Bit rate (Mbps) 

HDTV streaming (1) WAN-LAN 5 0 20 

Video streaming (2) LAN-LAN 8 2 50 

HDTV streaming (3) WAN-LAN 8 2 20 

Music streaming 
(multi-channel) (4) 

LAN-LAN 25 1 (0.1 - 5)  

VoIP (5) WAN-LAN 10 1 0.03-0.1 

Table 12:  Summary table of the flows of the family scenario 

4.1.3 Devices involved 

In order to provide the services for this scenario, the following devices are involved, either acting as end devices 
or as network extenders 

- 1 Network-Attached Storage (NAS) in the basement, acting as OED (OMEGA End Device) 

- 2 High Definition Television sets (HDTV) in the living room and in a bedroom, acting as one as 
OMEGA Extender and the other as LD (Legacy Devices) 

- 1 Music player (HiFi) in the garage, acting as LD (Legacy Devices) 

- 1 Laptop in the a room, acting as LD 

- 1 Digital Video Camera in the home office, 

- 1 IP Phone moving in the house, acting as OED 

- At least 1 network extender (not acting to render a service). 

- 1 Home Gateway, acting as OG (OMEGA Gateway)  

 

 

4.1.4 Network Topology 

This is an example of network topology behind this scenario. A clearer definition of the network extenders will 
be presented in [50] in December 2008. 
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Figure 8: Example of a network topology for scenario usage scenario “Evening in family home” 

The paths selected for the flows are indicative. A path reselection is necessary in the following cases: 

- Location change of devices, such as the mobile phone of Elodie, 

- Change of device for service rendering, such as the TV set for Jane. 

4.1.5 Technical parameters 

The technologies involved in this scenario are represented as example in Figure 8: 

- The HDTV stream is recorded on the NAS and is transmitted over PLC from the Gateway. 

- The video is transmitted through PLC from the NAS to Gwenaël's room then a VLC link is used for the 
connection to its laptop. 

- The HDTV stream is transmitted via PLC from the gateway to the living room then to Jane's room, the 
last connectivity is UWB, 

- The same technologies are involved to transmit the music from the NAS in the basement to the Music 
Player in  the garage, 

- At the beginning of the story, the VoIP is directly transmitted from the Home Gateway to the IP phone 
via a Wifi link. Another Wifi access point in the home (if any) may be selected if the bedroom is too far 
from the Gateway to provide the service. 

 

4.2 Usage Scenario: Multi-Home communication 

The usage scenario presented below is taken from [49]. An example of network topology is associated to the 
scenario.  

4.2.1 Scenario Description 

As every Tuesday night, Jane establishes a video conference with their elder parents, who live in another city, to 
put them up-to-date with the last family news. She and her daughter Elodie start the HDVideo conference from 
the living-room large screen but as Jane is a little busy today she needs to move freely at home. 
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However, it won’t stop her from being connected to the HDVideo conference. While Elodie stays in the living 
room Jane keeps connected via her mobile phone even when she needs to go out in garden. 
 
She even keeps connected when she needs to move beyond the home network coverage for doing some tasks in 
the neighbourhood. 
 
When she gets home and she enters her bedroom the audio conference to her mobile phone stops and redirects to 
the large screen in it. 
 
The live HDVideo stream is directly transferred to and stored on the Omega content server. 
 
When the video conference is over, the family will be to authorize their relatives to access the available videos 
on the Omega content server. 

4.2.2 Flows 

1. HDVideo conference between the HG and the living room large screen 

2. Audio conference between the HG and mobile phone 

3. HDVideo conference between the HG and the bedroom screen 

4. HDVideo stream transferring between the HG and the NAS server 

5. HDVideo streaming between the NAS server and the HG 

 

Flow Type Max distance 
(m)* 

Walls or floors 
passed 
through 

Bit rate (Mbps) 

HDVideo conference  WAN-LAN 6 0 50 

Audio conference  WAN-LAN 10 2 0.2 

HDVideo conference WAN-LAN 12 3 50 

HDVideo transferring WAN-LAN 6 0 50 

HDVideo streaming LAN-WAN 6 0 50 

Table 13:  Summary table of the flows of the multi-home scenario 

 

4.2.3 Devices involved 

In order to provide the services for this scenario, the following devices are involved, either acting as end devices 
or as network extenders 

- 1 Network-Attached Storage (NAS) in the basement, acting as OED (OMEGA End Device). 

- 2 High Definition Television sets (HDTV) in the living room and in a bedroom, acting as LD (Legacy 
Devices). 

- 1 IP Phone moving in and outside the house, acting as OED. 

- At least 1 network extender (not acting to render a service). 

- 2 Home Gateway, acting as OG (OMEGA Gateway) , one for the family house and another one from a 
neighbour. 

4.2.4 Network Topology 

This is an example of network topology behind this scenario. A clearer definition of the network extenders will 
be presented in [50] in December 2008 

                                                      
* Maximum distance only applies to wireless and optical technologies 
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Figure 9: Example of a network topology for usage scenario “Multi-Home communication” 

The paths selected for the flows are indicative. A path reselection is necessary in the following cases: 

- Location change of devices within the house coverage, such as the mobile phone of Jane when is moves 
within the house (flow 2a - UWB) and outside the house in the garden (flow 2b - WiFi). 

- Location change of devices when moving outside the house coverage: flow 2b to flow 2c. 

- Change of device for service rendering, from flow 1 to flow 2 when Jane switches from the HDTV in 
the living room to her IP phone (A/V to just Audio); and flow 2 to flow 3, when Jane performs session 
mobility from her IP phone to her HDTV set in her bedroom (Audio to A/V). 

4.2.5 Technical parameters 

The technologies involved in this scenario are represented as example in Figure 9: 

- The HD video conference is established through the OG and access network via PLC and adapted to 
UWB via an OE. (Flow 1) 

- Jane decides to join the video conference via her IP phone just for the audio channel. When moving 
within the home walls several path selections may come into play assuring the best QoS (Flow 2a) 

- When Jane moves to the garden and a path selection is performed switching to WiFi (Flow 2b) 

- When Jane moves beyond the home network coverage, the path selection is done via an external OG via 
WiFi. It is under further agreement by WP6 how residential OGs will communicate (FTTH, WiMAX?) 
(Flow 2c) 

- When Jane arrives to her bedroom, a session mobility is performed seamlessly from her IP phone to the 
HDTV set establishing the new flow 3 (flow 2a to flow 3) through an OE. 

- The OG manages the bidirectional video conference flows so they can be stored in the NAS server via 
PLC and the OE (flow 4) 

- Later on, the recorded video files are retrieved from the access network (flow 5) 

 

Although a definitive definition of Continuity of Services terminology will be provided by WP6 during the 
upcoming months, the current scenario is an example of three features the OMEGA network should cover:  
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- Intra-home continuity of services: covered by flow 3. Here the client, not the terminal, is mobile. It 
usually implies session mobility. 

- Intra-home management of handovers: covered by flows 2a and 2b. Here the terminal is mobile. It 
usually implies a new path selection because of physical access switching. 

- Inter-home continuity: covered by flow 2c. Here, the terminal moves beyond the home network 
coverage and connects to external residential OG. 

4.3 Multi-Home scenario: installing, operating & updating the network 

In this section we derive from technical point of view the steps to be performed by a user in order to experience 
the Multi-Home scenario described in section 4.2 above. These network centric use cases aim to better 
understand the list of functionalities needed in the OMEGA network as well as the role of the Internet Service 
Provider. 

4.3.1 Subscription to OMEGA 

�  Jane internet access has recently been boosted to 100Mbps symmetric fiber-to-the-home access. 

�  On top of her access subscription, she has been proposed by her ISP to enjoy the new ultra broadband 
bundle of services 

�  Given the numerous services which will be made possible, and to a better discovery of them, Jane 
subscribed to an "a la carte" subscription – or pay per activation of a given service, on any devices at 
home 

�  A informal dialogue with the ISP in the shop, so called "in shop diagnosis "made possible to rapidly 
discovered that : 

o List the possible targeted devices and their locations for the subscribed services 

o The possible combination  of simultaneous services may degrade the quality of the paid 
services on her home network, 

o The suggestion of modular installation of OMEGA extenders to enhance this quality 

�  Next, a commercial offer is provided to Jane in order to assess the balance between the upgradeability 
of her home network and the new experience she may enjoy, 

�  Some provisional locations for the installation of these extenders is also simulated by the ISP and the 
choice between Do it Yourself (DIY) or Installation Assistance is explained to her; The installation CD 
for the device devoted for the Home manager is also given to her; 

4.3.2 OMEGA Network Installation 

�  Jane internet access has recently subscribed to UBB "a la carte" services, 

�  Thanks to the "in-shop diagnosis", she has decided to buy 3 more OMEGA devices to extend her 
network with DIY option, 

�  Indeed, instead of simply buying 3 more devices for the home coverage, she bought an HD set (HD 
camera + stereo phones, OMEGA inside) for HD video conference and 2 extenders, 

�  Jane unpacked the devices, install and plug them in the predefined rooms, 

�  A green LED indicates her that the devices are OK. Implicitly, the OMEGA devices enter the 
"discovery mode" 

�  Then, she runs the installation CD in her home manager (lap top) 

�  When completed, she runs the following routines : 

o Discovery of the 3 OMEGA devices 

o Discovery of the multimedia network 

�  1- [She is then prompted to enter the keys to the home manager so that the OMEGA devices are trusted 
elements of her home network] OR 2-[push button association] 
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�  Then, she is asked to set the QoS policy as "Automatic". If not, she may configure the priority of her 
LAN or WAN flows as her desires. 

4.3.3 OMEGA Network operation: Case 1 

�  Jane has recently installed her OMEGA home network, 

�  As every Tuesday night, Jane establishes a video conference (see multi homing scenario) 

�  She has ticked the possibility to be notified on one of her screen the need of a maintenance, 

�  It happens that today, during her video conference, she experienced some cutting in and out of the 
video, then, an alarm was triggered assessing that her QoS policy was not fulfilled several times, 

�  Getting to her home manager, a new QoS policy is proposed to and accepted by her 

�  In a parallel way, these alarms have been reported and analysed by the remote Supervisor of the ISP. 

�  Remotely and automatically, an in depth inspection will be run during the next night in an automated 
way by the Supervisor to assess the quality of her network by means of setting up simultaneous and 
concurrent flows as alerted the day before; furthermore, even limit tests have been performed to assess 
the ultimate robustness of the network. 

�  The diagnosis concludes that an extender ahs to be moved (or added) 

4.3.4 OMEGA Network operation: Case 2 

�  Jane has recently installed her OMEGA home network, 

�  As every Tuesday night, Jane establishes a video conference (see multi homing scenario) 

�  She has ticked the possibility to be notified on one of her screens the need of a maintenance. It happens 
that today, during her video conference, she experienced some cutting in and out of the video, then, an 
alarm was triggered assessing that her QoS policy was not fulfilled several times. Getting to her home 
manager, a new QoS policy is proposed to and accepted by her 

�  In a parallel way, these alarms have been reported and analysed by the remote Supervisor of the ISP. 
Remotely and automatically, an in depth inspection will be run during the next night in an automated 
way by the Supervisor to assess the quality of her network by means of setting up simultaneous and 
concurrent flows as alerted the day before; furthermore, even limit tests have been performed to assess 
the ultimate robustness of the network. 

�  The diagnosis concludes that the TV is out of range and proposes to 1- move the closest OMEGA 
device or 2- install a new extender 

4.3.5 OMEGA Network Extension 

�  Jane has recently experienced some faults in her network and the on line diagnosis has recommended to  

�  Move the OMEGA device to the HDTV, 

o She has now access to the signal quality of the extender by means of the install mode ( eg 3 
second push button) 

o By some means, she is informed of the signal strength : 

�  The device's led is blinking faster when the signal is stronger, 

�  OR, there is a bar graph in the home manager, 

�  OR, there is a sequence of bips in the head phones, up to a final constant  tone at 
optimal signal, (similar to auto radar) 

o She disables the "installation mode" of the extender and enters it in the "service mode" 

�  Installation of an new extender 

o See "OMEGA network installation", section 4.3.2. 
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5 Conclusion  

 

This document puts forward several services and applications behind the scenarios described in [49]. The 
requirements they induce in terms of quality of service or their implication on the lower layers are discussed. 
Service classes and standard flow profiles are, therefore, defined. 

The conclusions of this analysis are that OMEGA network should allow flow exchanges at peak bit rates 
equivalent to those of Gbps-Ethernet connections. Moreover, the connectivity technologies (radio, power line, 
wireless optics) to be developed have to offer low jitter and latencies to be able to support some specific 
applications (video conferencing, etc).  

From the network architecture and topology point of view it can be concluded that it is also necessary to analyse, 
not just static QoS requirements, but also dynamic QoS requirements that come into play in a nomadic 
environment as the future home network will be. Path selections or handover minimum delays, for example, are 
critical parameters that need to be taken into account. More detailed dynamic QoS requirements will be provided 
in later deliverable. Moreover in this document we also depict some network-centric use cases related to 
important operations to be performed in the network such as its installation or its extension. 

The requirements assessed in this document will be used as part of the framework to fix the technical constraints 
for the PHY and MAC layers of the connectivity technologies to be operated in the future Ultra Broadband 
Home Area Network. This document will be used as a basis for technical assessments to be done in the course of 
the OMEGA project. 
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