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Abstract: - Layering techniques for video transmission are a promising way to satisfy receivers in heterogeneous 
environments. A number of receiver-initiated, sender-initiated, and hybrid protocols have been developed to transmit 
video in layers. These are supported in different ways by many CODECs. However, there is still a need to do a 
comparative study of various layering techniques to determine the best way. The study should include the effect of 
number of layers, bit rate and frame rate of each layer, available bandwidth and rate of packet drop on the perceptual 
quality of video. This paper examines some of these factors and describes our preliminary results. 
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1  Introduction 
With the development of multimedia applications, like 
video conferencing tools, distance education and 
media-on-demand, the current network is under stress 
that not only gives poor quality for these applications 
but also effects the performance of other applications, 
This is because: 
• The real time applications in general are less 

tolerant to the packet delays and losses. 
• They require higher bandwidth for sending a 

sequence of high quality images. 
• The real-time media are transmitted at a uniform 

rate to all the receivers in the network. Hence, the 
source must run at the bottleneck rate resulting in 
high-capacity links getting under-utilised; other-
wise, it will overload portions of the network 
having low bandwidth capacity. 

• The quality of media is normally sensitive to 
dropped packets. Retransmission of the lost packets 
is not a good solution, since, it may lead to NACK 
implosions and large-scale congestion. Also, 
retransmitted packets may arrive at the source after 
the time when they are required. 

These problems are of special concern for the develop-
ment of inexpensive desktop video conferencing tools, 
which are increasingly being used for distance educa-
tion and health care. In these applications, users 
located in geographically distant places are connected 
by links having varied bandwidth capacities. For these 
applications to become successful they should:  
• Be able to satisfy requirements of different types of 

users, a task that has become rather formidable with 
the proliferation of broadband on one hand and the 

wide spread use of mobile phones and Personal 
Digital Assistants (PDAs) on the other. 

• Be able to provide reliable, good quality video 
because the users tend to compare the quality of the 
video with that of TV broadcast.  

• Be affordable.  

Since these conditions are difficult to meet the 
acceptance of Internet-based conferencing tools has 
been rather restricted. This is due to, first, poor 
technology; and, second, the inability of the users to 
use the tools to their maximum potential. While the 
second problem can be improved with training, the 
first needs to be solved at a more fundamental level. 
 
In order to solve the problems associated with the 
reliable multicast of video within a heterogeneous 
environment a number of approaches have been 
suggested. These proposed approaches fall roughly 
into three categories: 
1. Using a network capable of resource reservation to 

provide performance guarantees. Examples of this 
approach are resource ReSerVation Protocol 
(RSVP) and ATM [1]. These have not yet been 
deployed on large scale because: 
a. It is expensive to reserve bandwidth and hence 

only part of the video can be sent by this way. 
The rest needs to be sent by best effort.  

b. It is difficult to accurately estimate the band-
width requirement for a particular application. 

2. Using repair schemes employing interpolation or 
redundant data. 

3. Using adaptive control techniques that can dy-
namically adjust the multimedia traffic characteris-
tics to meet the network’s current capabilities. 
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A good solution is to efficiently partition the video 
into base and enhancement layers. The most important 
data is sent in the base layers that can be accepted by 
all receivers, and the rest is in the enhancement layers. 
The layering approach combined with priority packet 
dropping should be able to satisfy the restricted users 
and provide good quality to the others. For this scheme 
to be really successful and be accepted by the end-
users, it is important that the division and transmission 
of video is not only based on the requirements of the 
network but also takes into consideration the 
psychological and physical performance of the human 
visual system. 
 
Since achieving total satisfaction for all users is next to 
impossible, there is a need to establish not only the 
optimal quality but also the minimum and the 
maximum media quality required by a particular group 
for a particular task. The minimum limit would be the 
one which would be acceptable to the users, and the 
upper limit would be the point of diminishing return 
wherein the increase in quality does not necessarily 
mean increase in user satisfaction [2]. 
 
 

2 An Overview of Issues in Layered 
Video Transmission 

 
2.1 Layered Transmission of Video 
A number of protocols have been proposed in order to 
send video in a number of layers. These protocols can 
be roughly divided into two main categories: sender-
initiated and receiver-initiated. In the sender-initiated 
approach the sender multicasts a single video stream 
whose quality is adjusted based on the feedback 
information from the receivers. In the receiver-
initiated approach the video signal is sent in a number 
of layers, where each stream uses a separate IP-
multicast group address. The base layer contains the 
basic information of the image, and the enhancement 
layers provide further refinement to the basic quality 
of the image. At the receiver end, the receiver can 
subscribe to one or more layers based on its capability. 
The combination of these layers forms the complete 
video. Since, both the schemes have their respective 
advantages and disadvantages there are certain hybrid 
approaches that combine the good points of the both. 

The classical receiver-initiated solution that has been 
proposed is the Receiver-driven Layered Multicast 
(RLM) approach [3]. RLM operates within the Internet 
protocol architecture and multicasts as best effort, 
multi-point packet delivery. In this approach the 
sender transmits the video at constant rate, and the 

receivers dynamically judge number of layers they can 
receive by carrying out “join experiments”. While 
RLM has been hailed as a milestone in improving the 
scalability of video transmission, it suffers from 
certain disadvantages: 
• Longer encoding and decoding time, 
• Larger buffers at the receiver, 
• Link congestion and inefficient convergence during 

join experiments, 
• Misunderstandings about information shared 

among receivers,  
• Unfair division of bandwidth among receivers. 

Some of the problems faced by RLM have been solved 
in the Layered Video Multicast with Retransmission 
(LVMR) protocol [4]. In this approach, video quality 
has been improved by intelligently retransmitting lost 
packets and by the receivers dynamically adjusting the 
video reception rate using a hierarchical approach.  
 
Multi-layered encoding alone cannot solve all the 
problems associated with the varying bandwidth 
constraints in multicast applications. Hybrid protocols 
like Source-Adaptive Multi-layered Multicast 
(SAMM) and Layered Multicast Control Protocol 
(LMCP) combine the strengths of sender-initiated and 
receiver initiated approaches [5,6]. Figure 1 is the 
generalised architecture for a hybrid layered video 
multicast. In these protocols, the sender sends the 
video in layers. The receiver accepts the layers 
depending upon its capacity and also sends a feedback 
to sender. Based on this feedback, the sender adjusts 
the number of layers and the transmission rate for each 
channel. The main advantages of these approaches are: 
• The sender sends only the controlled number of 

layers, and does not unnecessarily overload the 
network. 

• Transmission is more finely tuned to the require-
ments of the network.  

All these approaches work on the philosophy of “best 
effort”, wherein the delivery of packets is not 
guaranteed. Hence, due to congestion some packets 
may get dropped. This drop in packets is normally 
uniform which means that packets may get dropped 
from any layer. Since the base layer contains the more 
sensitive information, it is not a good idea to let a 
packet from the base layer drop to adjust to the 
available bandwidth. A better solution can be achieved 
by using a priority-based approach wherein the priority 
is given to a layer depending upon its utility. This 
priority dropping may be achieved by the Differenti-
ated Services (DiffServ) architecture. 
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These and many similar approaches may be good 
schemes for transmitting video in layers. But, the 
question that still needs to be answered is how the 
video should be partitioned. For this two aspects need 
to be considered: 
• The number of layers the video need to be divided 

into. With increase in the number of layers it is 
possible to satisfy greater heterogeneity in the 
network. On the other hand the increase in the 
number of layers would increase the network 
overheads and complexity of CODEC (COder-
DECoder). Hence, it is imperative that the number 
of layers be kept at a minimum.  

• The distribution of available bandwidth among the 
layers. The base layer normally contains the most 
useful information. Ideally the major share of the 
bandwidth should be allocated to it. On the other 
hand, if a large part of the bandwidth is given to 
one layer, the user would not have a strong reason 
to subscribe to enhancement layers. 

The most suitable way for partitioning the system 
should be judged based on the satisfaction of the users 
and the requirements of the network. To judge user 
satisfaction, tests should be carried out on the per-
ceived quality of video. The network “friendliness” of 
the layering technique can be judged based on: 
• Computational complexity of the CODEC, which 

determines the load on the sender and receivers. 
• Efficiency of the CODEC in terms of compression 

performance over a bandwidth spectrum. 
• The ability to satisfy greater heterogeneity. 

Since the division of video into layers is done at the 
CODEC level, understanding the CODEC is vital. 
 
2.2 Perceptual Quality of Video 
The perceptual quality of video can be judged either 
subjectively or objectively. Since it is the users who 

would ultimately decide the quality of video, the 
subjective tests are considered the “ultimate truth”. 
The most widely used methods for measuring the 
subjective quality of speech and video images have 
been standardised and recommended by the Interna-
tional Telecommunications Union (ITU). ITU-R and 
ITU-T recommendations address subjective assess-
ment of image quality over television systems and 
multimedia applications respectively. Almost all the 
subjective tests are time consuming and complex. This 
is because assessing the subjective perception of 
quality is a difficult task, since it is influenced by a 
number of factors like, frame rate, lighting, image size, 
movement, degree of synchronisation, and even clarity 
of audio. (In one experiment, subjects noted improve-
ment in video quality when actually only the audio 
quality had been improved!) [1]. 
 
Quality of media delivery can also be expressed in 
objective measurements (e.g., packet delay and loss). 
Normally, it is difficult to find any strong co-relation 
between the subjective and objective assessments. 
Popular simple distortion measures such as peak 
signal-to-noise ratio (PSNR) and root mean-square 
error (RMSE) do not correlate well with perceived 
quality. This is because these simple tests do not take 
into account the viewing conditions and the 
psychological and physical behaviour of human visual 
system. A general objective model should take into 
account the various aspects of visual information 
processing in the brain. These aspects include: 
• colour perception; 
• the response properties of neurons in the visual 

cortex; 
• temporal and spatial mechanisms; 
• spatial and temporal contrast sensitivity and pattern 

masking. 

A number of matrices based on a complex spatial and 
temporal model of the human visual system (HVS) 
have also been developed. While they are more 
general and accurate, evaluation is more complex [7]. 
 
2.3 Division Techniques for Video into 
Layers for Different CODECs 
The layering can be done inside the CODEC or as a 
post-processing filter at the system level. In the latter 
case, a simple technique is used in which a filter parses 
through the output stream and reads the header. 
Depending upon the type of layering required, the 
packets are directed to the appropriate multicast group. 
At the decoder, a multiplexer sequences video data 
from the different multicast groups and sends a stream 
to a decoder where it is decoded. 
 

 
Fig. 1: Generalised architecture for layered video 
multicast. 
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While some of the CODECs support layering others 
do not. Layered transmission is not supported by the 
H.261CODEC, but it can be done by modifying the 
CODEC or by adding a filter after CODEC. While the 
original H.263 does not support layering, the extended 
version of H.263 (H.263+ or H.263 Version 2) can 
support up to 15 layers. MPEG-2 supports layered 
representation but does not work efficiently at low bit 
rates because it relies on intra-frame updates to 
resynchronise the decoder in the presence of errors or 
packet loss.  
 
Layering of video data can be done by means of any of 
the following four layering techniques. The 
performance of these layering techniques depends 
upon the CODEC used.  
 
2.3.1 Temporal Layering 
In this technique, it is possible to separate layers into 
Intra (I), Predictive (P) and Bi-directional (B) video 
frames. I-frames can be independently decoded, while 
P-frames require I-frames, and B-frames generally 
require both I- and B-frames for decoding. During 
congestion, the order of preference for the drop is first 
B-, then P- and finally the I-frames.  
 
This type of layering is easiest to implement and intro-
duces almost no overhead because it can be done at the 
post-CODEC level by reading the header to identify 
the type of frame. The problem with its performance is 
poorest since there may be conditions where dropping 
B-frames may result in poorer performance than the 
dropping P-frames [8-10].  
 
2.3.2 Layering based on Data Partitioning (DP)  
In this technique, layering is performed by allocating 
data in the bit stream (motion vector information and 
Discrete Cosine Transform or DCT coefficients) to 
different layers. Those vectors and coefficients with 
higher importance can be directed to the base layer and 
the rest to the enhancement layers.  
 
After Temporal layering, partitioning based on DP is 
easiest to implement because it requires only a post-
processor filter. The efficiency of this method of 
layering is also high since only headers (namely, 
sequence, group of pictures, picture and slice headers) 
are included in all layers. Unfortunately, it provides 
lower performance than the Signal-to-Noise Ratio 
(SNR) and spatial layering. It has been seen for 
MPEG-2 the quality of picture increases through 4 
layers. Beyond this, there is not much increase. It has 
also been seen that even a small number of packet 
drops in base layer degrades the quality significantly 
while the quality falls almost linearly with the number 

of packets lost in the enhancement layers. Therefore, 
the base layer should be protected at the expense of the 
enhancement layers [9].  
 
2.3.3 Signal to Noise Ratio (SNR) Layering 
SNR layering is done at the CODEC level by encoding 
the video using a qualtizer scale Qb in order to 
generate a base layer, and then generating the 
enhancement layer by encoding the difference between 
the original video and the base layer using a quantizer 
scale Qe [9]. For more than two layers, the same 
process is applied recursively using additional 
quantizer scale parameters.  
 
In this type of layering the efficiency is rather low 
because the DCT coefficients are divided among the 
layers, and information for every DCT coefficient is 
included in all the layers. The efficiency falls rapidly 
with an increase in the number of layers, so it is not 
practical to have more than 2 layers. For SNR 
layering, the quality degrades linearly with the rate of 
packet loss in enhancement layer and drops rapidly 
when the data loss occurs in the base layer [9]. 
 
2.3.4 Spatial Layering 
This scalability provides the best performance, 
especially when network conditions are poor, but has 
the highest implementation complexity. Perceptual 
quality increases almost linearly with the increase in 
number of layers, and efficiency decreases almost 
linearly with the number of layers [10]. 
 
 

3 Our Work 
In the on-going work, we are determining how the 
video streams should be divided into layers to get the 
best perceptual quality. We are examining different 
network conditions in order to judge the suitability of 
video quality delivered by individual CODECs and 
layering procedures. 
 
3.2 Experimental Technique 
We carried out the study using a commercially 
available video conferencing tool – Marratech Pro. 
Marratech Pro has a number of features like real-time 
video, audio, shared application windows, whiteboard, 
chat and web-based presentations. To send and receive 
video it uses the Intra-H.261 CODEC, and the video is 
then packetized and sent through RTP streams. The 
user can directly adjust the frame rate (frames per 
second), the quality or “blockiness” of the image, and 
the overall bandwidth used [11].  
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First, we evaluated the video quality of the conferenc-
ing tool. The effect of frame rate and image quality on 
the perceived video quality was subjectively judged. 
Fifteen university employees, from three different 
departments, and having varied education level (2 
years college to Ph.D.) participated in the experiment. 
Subjects’ experience in use of video conferencing 
ranged from no experience, to more than 5-year’s. 
Subjects were asked to rate six video recordings (50 
seconds each). Audio was muted in the experiment.  
 
In the experiments the independent variables were 
frame rate (8 or 18 fps) and image quality (8 or 18 in 
arbitrary units). Bandwidth (128 kbps) and packet loss 
(1%) were kept constant throughout the experiments. 
Limited number of experiments were also carried out 
using high bandwidth (700 & 1024 kbps), frame rate 
(21 & 25 fps) and image quality (26 & 30). 
 
When the bandwidth was not a constraint, as expected, 
subjects preferred to have high frame rates and high 
image resolution. For limited bandwidth, users pre-
ferred high frame rates to high image quality. 
 
Next, we modified the conferencing tool at the system 
level to include a filter (a demultiplexer written in 
Java) after the CODEC. Figure 2 shows the 
architecture for video transmission. The sender sends 
the video stream to an Intra-H.261 CODEC. The 
encoded stream goes to a demultiplexer, where the 

header of the RTP packets is read. On the basis of 
macroblock address the demultiplexer partitions the 
stream and sends them to different multicast addresses. 
At the receiver end, the multiplexer combines all the 
accepted layers and sends them to the decoder.  
 
Figure 3 shows the effect of the layering technique on 
the quality of video. When only the base layer was 
received the quality was very poor compared to the 
quality of video when both all layers were received.  
 
 
3.3  Discussion 
Based on the preliminary investigation a generalised 
diagram (Figure 4) has been generated. It shows the 
effect of number of layers on various parameters. 
• Coding efficiency (ε): Can be defined as the ratio 

of the number of bits used by the non-layered coder 
to the number of bits used by the layered CODEC 
to achieve the same quality of picture. In some 
cases, the efficiency may fall drastically with the 
number of layers [9].  

• Coding complexity: Is the additional calculations 
that must be performed by the CODEC in order to 
partition the video into layers. Increasing 
complexity the coder and decoder would require 
additional time, resulting in poor video quality [9].  

• Ability to handle heterogeneity: Is the upper and 
lower limit of bandwidth that can be satisfied by 
the layered stream. By increase in the number of 
layers, it is possible to satisfy greater heterogeneity, 
but the range of bandwidth covered does not 
increase linearly with the number of layers [3]. 

• Perceptual quality of video: Normally increases 
with more layers, but the quality does not increase 
linearly. It is even possible that the quality may fall 
with an increase in number of layers because of 
increased complexity and inefficiency. This is 
especially true for layering based on SNR due to its 
bad scalability [8,9].  

The increase in the number of layers not only 
improves the quality but also increases complexity of 
the CODEC, and decreases CODEC efficiency. 
Therefore, increasing the number of layers follows the 
law of diminishing returns. Beyond a certain number, 
any further increase in the number of layers would 
make the overall quality worse. This optimum number 
depends upon the type of CODEC and the partitioning 
method. 
 

 
Fig.2: Architecture of the set-up used for the experi-
ments. (Demux = Demultiplexer, B-, E-Trans = Base 
and Enhancement Transport, Mux = Multiplexer) 

 
Base layer only Base + enhancement 

Fig. 3: Effect of layering on video based on 
macroblock address. 
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3.4 Future Work 
The main idea of the project is to develop best layering 
technique for inexpensive video conferencing tool 
suitable for general use in distance education and 
healthcare. In future, the effect of layering techniques, 
the number of layers and the frame rate and bit rate of 
each layer on the perceptual quality of video will be 
studied. From this investigation, a function will be 
developed to calculate the perceptual quality of video 
given the layering technique, number of layers, 
available bandwidth and its distribution among 
different layers, frame rate and bit rate of each layer.  
 
It is also assumed that for a video conferencing tools 
the head and the shoulders of a person are more 
important than the background. Therefore, the area of 
the frame containing the head and the shoulder should 
be given higher priority and be sent to the base layer. 
The rest of the image would be sent to an enhancement 
layer. Efforts are being made to divide the video into 
layers in a context dependent way using conditional 
replenishment where only the blocks that have 
changed are encoded and sent in succeeding frames. 
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Fig. 4: Schematic diagram showing the effect of layers 
on various parameters. 


