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Abstract: The development of communication and multimedia technologies makes 
exchanging high-volume data in Vehicle to Vehicle (V2V) and Vehicle to Infrastructure (V2I) 
in real time possible and practical. Challenges are eminent in the streaming system in 
vehicular environments where the available network bandwidth fluctuates greatly, even from 
zero to full in a very short time. It is meaningful and valuable to research the adaptive 
streaming system in Intelligent Transport System (ITS). In this paper, we present an overview 
on the available technologies for adaptive streaming system in vehicular environment. We 
analyze the advantages and constraints of transport protocol, scalable coding, bandwidth 
estimation and delivery strategy that are critical to a vehicular communication system. We 
propose the PID (proportional-integral-derivative) control with IMC (Internal Model Control) 
design to meet the requirement of accurate and fast bandwidth estimation. Simulation results 
show that the IMC design has good performance and is suitable for bandwidth estimation and 
data delivery strategy. 
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INTRODUCTION 
 
The development of communication and multimedia technologies makes exchanging high-
volume data in Vehicle to Vehicle (V2V) and Vehicle to Infrastructure (V2I) in real time 
possible and practical.  Adaptive streaming system for vehicles becomes a hot research topic 
in Intelligent Transport System (ITS) [1-3]. 
 
In vehicular environments, both the vehicles and roadside devices in the infrastructure work 
as communication nodes.  The nodes communicate with each other to exchange safety 
warnings, traffic information and vehicle status in forms of text, voice, audio and even video.  
The cooperative approach makes vehicles more effective in avoiding accidents and traffic 
congestions.  In case where signals are good enough, high volume of real-time data such as 
high quality audio and/or live video can be delivered. 
 
Figure 1 illustrates the topology of a typical vehicular communication system.  As shown, the 
whole system consists of a group of vehicles and a backend server.  Essentially all the 
vehicles in the group have the capability of communicating to the neighbours.  Some vehicles 
can have more capacity to communicate with the backend server.  In a managed group, 
vehicles can also work as relays so as to pass the signals further.  
 
In a moving vehicle, especially the fast moving vehicle, the communication device may not 
be able to receive stable signals.  The distance between V2V or V2I changes along with the 
vehicles moving and thus the end-to-end wireless communication becomes unstable.  
Furthermore, the signals can be attenuated, absorbed or blocked by objects that cannot be 
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foreseen.  Therefore, the available network bandwidth in the vehicular environments can 
fluctuate greatly, even from zero to full in a very short time. 
 

 
Figure 1 Topology of a typical vehicular communication system. 

 
In a moving vehicle, especially the fast moving vehicle, the communication device may not 
be able to receive stable signals.  The distance between V2V or V2I changes along with the 
vehicles’ moving and thus the end-to-end wireless communication becomes unstable.  
Furthermore, the signals can be attenuated, absorbed or blocked by objects that cannot be 
foreseen.  The available network bandwidth in the vehicular environments can fluctuate 
greatly, even from full to zero in a very short time. 
 
In this paper, we present an overview on the available technologies for adaptive streaming 
system in vehicular environments.  We discuss and analyze the advantages and constraints of 
communication channel, transport protocol, scalable coding, bandwidth estimation and 
delivery strategy that are critical to vehicular communication system.   
 
The rest of the paper is organized as follows.  In Section 2, we present the available 
communication channels for vehicular communication system.  In Section 3, we discuss the 
key points of transport protocol.  In Section 4, we introduce and analyse the scalable 
multimedia codec, including scalable video coding and scalable audio coding.  In Section 5, 
we present and discuss the bandwidth estimation in streaming system and propose the PID 
controller with IMC design.  In Section 6, we present the simulation results for the bandwidth 
estimation algorithm.  Finally, conclusions are drawn in Section 7. 
 
  

COMMUNICATION CHANNELS 
 
Depending on situations, the following communication channels are independently or 
concurrently available in a vehicle: 2G, 3G, 4G, Satellite, Wifi, and Dedicated Short Range 
Communications (DSRC) etc. 
 



-3- 
 

The 2G technology is mainly used for delivering text message.  With the support of General 
Packet Radio Service (GPRS), theoretically the 2G system has a transfer speed of up to 
50Kbps.  In some applications the 2G technology is used for transferring audio or low quality 
video.  The 3G technology and 4G technology provide much faster transfer speed.  The 
maximum transfer speed of 3G is 3.1Mbps while that of 4G is 300Mbps.  To utilize 2G, 3G, 
4G and the variants, the user need to subscribe to a service provider for network connectivity.  
The cost usually increases with the increment of data volume that is consumed. 
 
The DSRC is a two-way short to medium range wireless communications capability that 
permits very high data transmission in communications based active safety applications.  The 
Federal Communications Commission (FCC) allocated 75 MHz of spectrum in the 5.9 GHz 
band for use by ITS vehicle safety and mobility applications.  Compared with 2G, 3G and 4G, 
DSRC has advantages on designated licensed bandwidth, fast network acquisition, low 
latency, high reliability, interoperability and data security etc.  There is no need to subscribe 
the service for DSRC connectivity and it saves cost. 
 
Wifi is similar and a complement to DSRC.  It has been used in wide range from hand phone 
desktop PC.  Satellite is usually used for localization and not for high-volume data transfer. 
 
 

TRANSPORT PROTOCOL 
 
The Transmission Control Protocol (TCP) and User Datagram Protocol (UDP) are two major 
transport protocols that are utilized in the communication systems in IP (Internet Protocol) 
network.  TCP is a reliable packet stream delivery protocol that guarantees that all bytes 
received will be identical with bytes sent and in the correct order.  Unlike TCP, UDP uses a 
simple transmission model with a minimum of protocol mechanism.  It has no handshaking 
dialogues, and thus exposes the unreliability of the underlying network protocol to the user's 
program.  There is no guarantee of delivery, ordering, or duplicate protection.  Compared with 
UDP, TCP favours reliability over timeliness while lacks features of efficiency and light-
weight. 
 

Real-time Transport Protocol 
 
The Real-time Transport Protocol (RTP) [17] is a typical instance of UDP-based transport 
protocol.  Strictly speaking, it is not true as RTP can also stand on TCP to move.  We treat 
RTP as the UDP-based protocol because in most situations it uses UDP to complete transport. 
RTP is designed for end-to-end real-time transfer of stream data. The protocol provides 
facilities for jitter compensation and detection of out of sequence arrival in data, which are 
common during transmissions on an IP network.  It also allows data transfer to multiple 
destinations through IP multicast.  RTP is regarded as the primary standard for audio and 
video transport in IP networks and is used with an associated profile and payload format. 
 
The loss of a packet in multimedia application may result in loss of a fraction of a second of 
audio or video data, which can be made unnoticeable with suitable error concealment 
algorithms.  Real-time streaming applications require timely delivery of information and can 
tolerate some packet loss to achieve this goal [11-14]. 
 
Considering the UDP’s features of timeliness, high efficiency and light weight, it is used to 
implement RTP.  UDP itself is not reliable in data delivery and provision of quality control 
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must be provided.  In RTP, the reliability is achieved by using the RTP Control Protocol 
(RTCP).  
 

HTTP Live Streaming 
 
Although RTP has seen wide application since was born, it faces embarrassments.  The 
UDP’s features of timeliness and etc. make it extensively used in the unmanaged high-volume 
data delivering systems, e.g., Peer to Peer (P2P) system.  The unmanaged feature of UDP 
packet has also made it be exploited by hackers to flood rubbish data.  To prevent the network 
being crowded by flood of rubbish data, a large number of routers and firewalls are set to drop 
the UDP packets.  Consequently, the RTP packets, essentially UDP packets, may not be able 
traverse a long course smoothly.  Even if one router or firewall on the way is set to blocking 
mode, the streaming stops. 
 
The HTTP packets, essentially TCP packets, are acceptable to almost all routers and firewalls 
in IP network.  The packets can travel to almost every corner of the Internet.  Hence, the 
HTTP-based transport protocol emerges as a new technology for data streaming.  Today's 
adaptive streaming technologies are almost exclusively based on HTTP and designed to work 
efficiently over large distributed HTTP networks. 
 
The adaptive streaming system works by detecting a user's bandwidth and CPU capacity in 
real time and adjusting the quality of a multimedia stream accordingly.  It requires the use of 
an encoder which can encode a single source video at multiple bit rates.  The client player 
switches between streaming the different encodings depending on available resources.  
 

Vehicular Streaming 
 
High volume of real-time data could be communicated between vehicles either in managed or 
unmanaged vehicle group.  Vehicles share real-time multimedia information for various kinds 
of purposes.  Here are some examples.  A front vehicle captures live video and streams the 
data to the rear ones for collision avoidance and/or danger alarm; a rear vehicle streams live 
surroundings to the front ones for update; drivers in different vehicles talk to each other to 
exchange live information; so on and so forth.  The examples indicate that there is a demand 
of real-time multimedia streaming between vehicles. 
 
Challenges are eminent in the streaming system in vehicular environments.  As discussed 
earlier, in a fast moving vehicle, the following may happen: 1) The communication device 
cannot receive stable signals; 2) The distance between V2V or V2I changes and the end-to-
end communication becomes unstable; and 3) The signals can be attenuated, absorbed or 
blocked by objects that cannot be foreseen.  Therefore, the available network bandwidth in the 
vehicular environments can fluctuate greatly, even from full to zero in a very short time. 
 
Compared with the wired Internet, however, the network topology of vehicular 
communication is much simpler.  No complicated router or firewall is required in the 
vehicular environment where DSRC or Wi-Fi is equipped.  Usually a packet needs only to 
jump one or two hops in the communication link to reach the destination.  Thus it is easier to 
supervise and control the communication and subsequently, the notorious problems in the 
wired domain, e.g., UDP packet blocking, disappear.  With the facts, we suggest that the 
streaming system in vehicular environments use the UDP based transport protocol. 
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SCALABLE CODING 
 

Scalability 
 
As described previously and in literatures [11-14], timeliness is a fundamental and critical 
requirement of a streaming system.  The highly fluctuating network bandwidth in vehicular 
communication makes the constant and smooth play of multimedia a challenging task in case 
of the audio or video is encoded in constant bit rate.  Research has shown that the network 
performance becomes poor if the network is overburden by data packets [4].  Ideal situation is 
that the delivery rate equals exactly the available unused bandwidth.  This brings up a 
requirement that the source multimedia to be encoded adaptively with real-time bit rates.  The 
scalable coding technologies, Scalable Video Coding (SVC) and MPEG-4 Scalable to 
Lossless (SLS), can meet the requirements. 
 
Audio does not always go with video: a song works well without any video information. Vice 
versa, video is not necessary to be accompanied by audio, e.g., silent surveillance is good 
enough in many real implementations.  The applications and markets of audio and video also 
differ.  It is natural for a person to listen to music in driving, but it will be crazy for him or her 
to watch movie along with the driving.  It is common for a person to listen to the same song 
for multiple times, but it is really rare for him or her to watch a same video clip for multiple 
times, except for special examination purpose.  The differences indicate that it is meaningful 
and useful to address the scalability of audio and video respectively. 
 

Scalable Video Coding 
 
SVC is the latest video coding standard which can simultaneously support multiple spatial, 
temporal and signal-to-noise-ratio (SNR) resolutions [10, 15].  A scalable video bit stream 
comprises the non-scalable base layer and one or more enhancement layers.  The base layer 
represents a low resolution version of the video, while additional enhancement layers further 
improve the spatial resolution, temporal frame rate, or video quality level.  During the 
transmission, the scalable video layers can be aggregated into a single transport stream, or be 
transported as multiple independent streams.  Figure 2 depicts an example of SVC containing 
2 temporal levels, 2 spatial levels, and 2 SNR levels.  As shown in the figure, the example 
consists of 8 cubes, or 8 levels of scalability.  

 
Figure 2 Pyramid-shaped cube model of SVC. 
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Scalable Audio Coding 
 
The audio correspondence is the so-called MPEG-4 scalable lossless (SLS), an audio coding 
standard released in June 2006 [11, 12, 16].  The SLS is used to generate scalable audio 
stream for streaming.  It allows the scale-up of a perceptually coded representation such as 
MPEG-4 AAC (Advanced Audio Coding) to a lossless representation with a wide range of 
intermediate bit rate representations.  It works well in modes either with or without AAC 
layer.  One major feature of SLS is that each SLS encoded audio frame can be partitioned into 
a series of data units (DUs) of different quality levels that can be sent separately to the 
decoder.  On decoder side, it is not necessary for the decoder to receive all the DUs in order to 
decode the audio.  The decoder is able to decode the DUs partially received to generate an 
audio with reduced quality so long as the base layer DUs are present.  The DU structure of 
SLS is illustrated in Figure 3, where x-axis is frame index and y-axis is the quality levels.  
According to the SLS coding standard, the size of DU could be as low as to one bit. 

 
Figure 3 DU structure of SLS. 

 
 

BANDWIDTH ESTIMATION 
 
Bandwidth estimation is the key component of an adaptive streaming system.  The data 
delivery strategy is directed exactly by the available unused bandwidth in real-time mode.  If 
the delivery rate is less than the available bandwidth, the resource is wasted.  If the rate is 
greater than the available bandwidth, however, retransmission will happen and the network 
oscillates, which renders the real transmission rate lower than the available bandwidth [4, 11]. 
It is another kind of bandwidth waste.  Hence, accurate bandwidth estimation is of particular 
importance to a scalable streaming system. 
 
More particularly, the bandwidth characterizes the amount of data that the network can 
transfer per unit of time.  The terms capacity, available bandwidth, and bulk transfer capacity 
(BTC) are usually used to describe the characters of a network’s bandwidth.  In the context, 
capacity characterizes the maximum possible bandwidth a link or path can deliver; available 
bandwidth denotes the maximum unused bandwidth at a link or path; and BTC describes the 
achievable throughput of the bulk transfer data connection, respectively.   
 
Among the various strategies, the most prominent techniques are variable packet size (VPS) 
probing, packet pair/train dispersion (PPTD), self-loading periodic streams (SLoPS), and 
trains of packet pairs (TOPP) [7, 9].  VPS estimates the capacity of individual hops, PPTD 
estimates end-to-end capacity, and SLoPS and TOPP estimate end-to-end available bandwidth, 
respectively.  The available bandwidth tools, either free or commercial, could also be put into 
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the following categories: per-hop capacity estimation, end-to-end capacity estimation, 
available bandwidth estimation, TCP throughput measurement, BTC measurement, and etc.  
For more details, the reader may refer to [7, 9]. 
 
In vehicular communication, the bandwidth estimation is more focused on the end-to-end 
domain than the router domain.  The streaming system requires an accurate estimate of the 
unused network bandwidth at the end-to-end link or path. 
 

Feedback Control 
 
From control point of view, the bandwidth estimation system is a tracking system.  The packet 
distributor or streaming server that puts efforts on tracking the real-time bandwidth and 
adjusting the delivery rate is the controller [5, 6].  Figure 4 illustrates the block diagram of the 
bandwidth estimation system.  As shown, the reference ( )r t  is the available unused bandwidth.  
Of course, the value is changing in vehicular communication.  The driving force ( )u t  is the 
delivery rate of data packets.  The system output ( )y t  is the transmission rate of the link or 
path and is fed back to the packet distributor.  The error ( ) ( ) ( )e t r t y t   reflects the 
difference between the available bandwidth and the transmission.  It is the error that drives the 
packet distributor to adjust the delivery rate adaptively.   It should be noted that the system 
output ( )y t  is not the real transmission rate.  The value of ( )y t  should reflect the saturation 
status of the connection also.  When congestion happens, ( )y t  is larger than the available 
bandwidth while the real transmission rate is smaller than the available bandwidth. 
 

 
Figure 4 Block diagram of the bandwidth estimation system. 

 
As a matter of fact, the packet delivery strategy in TCP protocol [4] and the variants can also 
be described by the block diagram illustrated in Figure 4.  TCP communication is a feedback 
control system, because the sender adjusts the packet delivery strategy with the real-time 
feedback of the network output. 
 
The HTTP-based adaptive streaming system is kind of feedback control system that consists 
of two loops, as shown in Figure 5: the outer loop is the streaming system where appropriate 
HTTP packets are prepared; the inner loop is the TCP communication system where TCP 
packets are delivered.  In both loops, the bandwidth information is fed back. 

 

 
Figure 5 Block diagram of HTTP-based streaming system. 
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Bandwidth Estimation in Vehicular Communication 

 
Convergence time and intrusiveness are the two key criteria in evaluating the quality of 
bandwidth estimation algorithm.  Convergence time denotes how fast the bandwidth estimator 
catches up the real bandwidth.  Intrusiveness means how much the conveying payload is 
affected by the estimator.  Smaller values mean better quality for both parameters.  Most of 
the early bandwidth estimation techniques providing accurate bandwidth measurement have 
the characters of long convergence times and high intrusiveness. 
 
When the underlying network includes a wireless channel, e.g., the vehicular communication 
system, fast and accurate bandwidth estimation becomes much more challenging.  Due to the 
reasons we described earlier, the wireless capacity and available bandwidth will be affected 
largely by the fluctuating wireless channel conditions.  The change of reception signal 
strength and bit error rates caused by path loss, signal fading and interference also produces 
uncertainty of the available network bandwidth. 
 
Algorithms that only estimate the network capacity are not good enough for scalable 
multimedia streaming systems in vehicular communication.  To reach smooth and constant 
play in the client side, the streaming system demands accurate and fast estimate on the 
available bandwidth. 

 
Delivery Strategy 

 
As presented earlier, due to the requirement on timeliness and the simple link topology, in 
vehicular communication system, we prefer UDP over TCP.  Hence we will use RTP to 
construct the streaming system.  The RTP utilizes the RTCP to give the provision of 
reliability.  RTCP gathers statistics for a media connection and information such as 
transmitted octet and packet counts, lost packet counts, jitter, and round-trip delay time (RTT).  
An application may use this information to control quality of service parameters, perhaps by 
limiting flow, or using a different codec.  
 
However, the RTCP protocol is not good enough to reflect the highly changing situations 
timely.  Improvements must be applied so that the RTCP can integrate the advanced rate 
control algorithms [18].  We propose a PID controller with the feature of IMC compensation 
[8]. 
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Figure 6 A simplified control model of bandwidth estimation system. 

 
The PID controller involves three separate constant parameters: the proportional, the integral 
and derivative values, denoted P, I, and D.  The values can be interpreted in terms of time: P 
depends on the present error, I on the accumulation of past errors, and D is a prediction of 
future errors, based on current rate of change.  The weighted sum of these three actions is 
used to adjust the delivery rate.  The IMC design provides a reasonable trade-off between 
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performance and robustness.  The main benefit of the IMC approach is the ability to directly 
specify the complementary sensitivity and sensitivity functions.  With the IMC design, the 
performance of the PID controller is improved.  Figure 6 illustrates the feedback control 
system of the end-to-end bandwidth estimation system, where the link is modelled as a first-
order inertia element and a delay element.   

 
 

Figure 7 Simulation of PID controller with and without IMC compensation. 
 
 

SIMULATION 
 
We did simulation and compared the performance of PID controllers with and without IMC 
design.  We assume that the transfer function of the compensation system identically matches 
the plant’s transfer function.  The simulation system is shown Figure 7.  In what follows, we 
call the PID controller without IMC compensation as traditional controller and the one with 
IMC compensation as proposed controller. 
 
We changed the value of pK  and kept the values of iK  and dK  and got results as shown in 

Figure 8, Figure 9 and Figure 10, respectively.  As found from the simulation results, even 
though the traditional controller may produce big overshoot, the proposed controller remains 
no overshoot.  In streaming system, overshoot means that the network bandwidth is over 
estimated and the data packets will be over delivered.  This subsequently makes packets lose 
and network congest.  Hence overshoot is not welcome in the streaming system.  In addition, 
the proposed controller has acceptable convergence time compared with the traditional 
controller.  Hence we conclude that the proposed controller has better performance over the 
traditional controller. 
 
It should be noted that the simulation results are obtained by assuming that that the 
compensation transfer function matches exactly the real network.  In real life, it is a 
challenging work to obtain the accurate transfer function of the plant.  Thus more research 
work needs to be done. 

 
 

CONCLUSIONS 
 

In this paper, we have presented an overview on the available technologies for adaptive 
streaming system in vehicular system.  We discussed and analyzed the advantages and 
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constraints of transport protocol, scalable coding, bandwidth estimation and delivery strategy 
that are critical to the vehicular communication system.  We have also analyzed the PID 
controller with IMC design.  Simulation results have shown that the proposed controller with 
IMC compensation has better performance than the traditional controller and is suitable for 
bandwidth estimation. 

 
Figure 8 Step response of the system with Kp=3.0, Ki=12.0, Kd=0.007. 

 

 
Figure 9 Step response of the system with Kp=2.0, Ki=12.0, Kd=0.007. 
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Figure 10 Step response of the system with Kp=1.5, Ki=12.0, Kd=0.007. 
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