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ABSTRACT

This paper addresses the important issues of error control
for video transmission over 3G. Based on the time-varying
wireless channel conditions and the essential defects of the
traditional hybrid ARQ for real-time service, the architec-
ture of the channel-adaptive hybrid ARQ/FEC is presented,
moreover an algorithm for encoder is given to automatically
adjust the parity data length and the maximum number of re-
transmissions. The experimental studies show that the trans-
mission efficiency of the proposed algorithm increased 13%
than the traditional hybrid ARQ.

1. INTRODUCTION

The explosive development of the video coding technique
and the wireless communications, especially the third gen-
eration (3G) wireless network with up to 384 kbps outdoor
and 2 Mbps indoor bandwidth for multimedia services, makes
it reasonable for delivering video over the wireless channel
[1].

Video transmission in wireless network is limited by the
bandwidth in network, the capability of the battery in the
mobile device, and particularly the high error rate. To cope
with the errors during the multimedia transmission, lots of
approaches are proposed. As is known, automatic retrans-
mission request (ARQ) and forward error correction (FEC)
are two basic error control mechanisms. For real-time ap-
plications with strict delay requirements, FEC recovers lost
information by adding redundant information. ARQ, the
closed-loop error control technique has been shown to be
more effective than FEC, however, introduces additional de-
lay. A hybrid ARQ scheme proposed in [2] can achieve both
delay bound and rate effectiveness by limiting the number
of retransmissions. However, wireless channel is dynami-
cally time varying caused by fading, interference, shadow-
ing, path loss and so forth. These widely varying error con-
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ditions limit the effectiveness of classic FEC, since a worst-
case design would lead to a prohibitive amount of redun-
dancy [3]. An adaptive technique was proposed in [4], to
adapt the parity data length according to the wireless chan-
nel condition. However, there are several essential fatal dis-
advantages in this method so that it doesn’t work well for
the time varying wireless channel.

To address the aforementioned issues, this paper pro-
posed a novel error control scheme of the channel-adaptive
hybrid ARQ/FEC for video transmission over 3G network,
which based on the received simple feedback messages neg-
ative acknowledgment (NACK) and positive acknowledg-
ment (ACK) from the decoder, statistically estimates the bit
error rate for wireless channel, and adaptive optimizes the
parity data length to get the tradeoff between the error cor-
rection and network traffic efficiency.

The rest of this paper is organized as follows. Next sec-
tion explains traditional hybrid ARQ/FEC and its defects.
Section III gives the proposed algorithms in detail and con-
ducts theoretical performance analysis. Simulation experi-
ments are explained in section IV. Section V concludes the
paper and suggests future works.

2. TRADITIONAL HYBRID ARQ/FEC

Video transmission in wireless environments is a challeng-
ing task. The bit-error rate is high and varies with the wire-
less environments. In order to deal with high error rate in
wireless networks, error control techniques has been em-
ployed in many ways [5]. Two basic approaches FEC and
ARQ are considered.

For the popular FEC techniques, if the original message
length is K, then after adding extra parity data of length R,
the codeword is of length N. Obviously, when N is given,
the larger the value of R, the more errors it would correct.
On the other hand, parity data introduces more traffic to the
limited network bandwidth. So choosing an appropriated R
to trade-off error correction and network traffic should be
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considered carefully.
In order to decrease the packet error rate, the ARQ mech-

anism is combined with FEC together. For the real-time
streaming and conversational services, the number of re-
transmission times is limited. The bigger the maximum
number of retransmissions is, the smaller the packet error
rate is, but the more power the mobile device uses for the
same fragment of video, vice versa. So the ideal number of
retransmissions should be a value fit for the capability of the
user in the delay bound.

For applications, when the wireless environments are
relatively stable, the bit-error rate is also close to some given
value in some interval. For every given value, there is an op-
timized value of R for the error control coding. At the mean
time, the maximum number of retransmission times is re-
lated to the round-trip time (RTT) and the playback delay,
and the RTT between the server and the mobile device is
time-varying with the user location and other wireless en-
vironments. So the maximum number of retransmission
times is also different with time varying. However, the gen-
eral hybrid ARQ/FEC techniques designs the value of R and
the maximum number of retransmission times for the worst
case and doesn’t change any more so that exists several es-
sential fatal disadvantages:

• The value of R is fixed and designed for the worst
wireless environments. If the wireless channel con-
ditions are better than the worst case for a relatively
long interval, there would be a waste for the limited
bandwidth.

• The maximum number of retransmission times is fixed
a priori, and furthermore the average number of re-
transmissions is not controllable.

On the other hand, there are some potential information
in the feedback messages, which haven’t been used. Those
are, the statistical packet error rate in the feedback message
series of ACK and NACK, and the round-trip time of some
feedback message at that time. To cope with the above is-
sue, we introduce a channel-adaptive hybrid ARQ/FEC er-
ror control scheme as follows.

3. CHANNEL-ADAPTIVE HYBRID ARQ/FEC

For video transmission over 3G, there is no agreeable stan-
dard model for the underlying wireless link, mainly due to
the highly time-varying and non-stationary nature of wire-
less networks. It involves fast channel fading and slow chan-
nel fading, as well as the mobility pattern, the location of
the mobile node, and so on. But in all cases, the wireless
link can just be modeled as an error generator, so the bit
error rate (BER) is the main parameter we considered for
the wireless channel. For a general video service, there are

three parts should be take into account, which are the en-
coder, the channel and the decoder. Fig. 1 shows the block
diagram of a channel-adaptive hybrid ARQ/FEC. The main
work is focus on the encoder. The decoder doesn’t have to
change much and just send the simple feedback messages
ACK and NACK identifying if the packet received recently
has an error.

3.1. Architecture of the error control scheme

In encoder, if the newest RTT is appropriate, the scheme is
going to work.

First, statistically calculate the PER. The PER is a sta-
tistical average value in this case, shows that how many
packets have an error in transmission in a period of time.
Because the PER should be close to reflect it as much as
possible, two kinds of cases should be treated differently.
One is the stable state, the other is the temporary state.

In stable state, the wireless environment is relatively sta-
ble, and then the PER is relatively stable, thereby the feed-
back messages of much more packets can be used to calcu-
late the PER. A general method is that whenever receive a
new feedback message then put it into the calculation to get
a new PER. However, when the total number of the mes-
sages is too huge, it would get to memory saturation so that
any new message would not work for the statistical average
value of PER. So the hits for Stat. must be limited to some
finite quantity, which is the so-called finite memory method.
When a new message is received, it replaces the oldest one
to get the newest PER. How to set the hits, that depends,
such as the mobile pattern.

In temporary state, the method mentioned above doesn’t
work well, just because the new message that comes re-
cently bring up the new information of the wireless channel,
and so it should be given a bigger weight to play a more im-
portant role in the calculation of the PER. An iterative forgot
factor is used to cope with that issue in this algorithm.

In order to switch the state between the two given con-
ditions fluently, a predictive mechanism is badly needed. It
is an available way that uses the local statistic value of the
PER as a threshold value. When the local statistic value is
abnormal, it shows that the wireless environment has varied
because of some factors outside, and then it would switch
the current state to change the error control strategy. Fur-
thermore, there are two temporary states according to the
different threshold value, one is the up-temporary state that
shows the wireless channel is getting worse and the PER be-
comes bigger, and the other is the down-temporary state that
shows the channel is getting better and the PER becomes
smaller. For these two temporary states, the threshold val-
ues to switch the temporary state to the stable state are also
different.

Second, estimate the BER. The statistical average value
of the PER has been got, however what the BER needed
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Fig. 1. A functional block diagram for channel-adaptive hybrid ARQ/FEC.

here is an instantaneous value. We can only get the approxi-
mate value of the BER in the wireless channel through their
relation at that time and the accuracy depends on the strat-
egy that the PER is calculated. And because of the round
trip time all the data used are the past time, there is also a
delay for the BER.

Third, Optimize R. Based on the BER, the optimized
value of R is got easily, which is the smallest one that meets
the demand of the object PER. However, sometimes the op-
timized R is not the real R what we want because of the
delay. The method of the predictive control is used to adjust
R to the optimized value at that time.

3.2. Formulation of the Algorithm and Performance Anal-
ysis

In order to explains the above algorithm in detail and ana-
lyze it clearly, the formulation expressions would be given
in this subsection. Let ber and per represent the bit error
probability in the channel and the packet error probability
separately, let N represents the number of the length in the
packet, and let r represents the length of the parity data in
one packet. Then it is thought the packet has an error when
the number of the error bits in one packet is bigger than
r/2 , and then sends the NACK message to the encoder. If
the number of retransmissions is not exceed the maximum
retransmission limit the decoder would wait for the retrans-
mission, else some error concealment would be done in the
decoder, which is not took into account in this paper. When
the ber is given, the per would be got by the following equa-
tion.

per = 1−
r/2∑

i=0

Ci
Nberi(1− ber)N−i (1)

And then, the optimized ropt could be gained through
the relations (2).

ropt = min{r|per ≤ perobj} (2)

where perobj represents the expected value of the system
depended on the capability of the mobile terminal, which
could be used to control the average number of retransmis-
sions.

During the video transmission over 3G, the encoder cal-
culates the statistical average value of the packet error rate
based on the feedback messages from the decoder, which
is represented by perobs . For the stable state, the finite
memory method is adopted to observe the perobs

perobs(n− rttn) =
1
S

S−1∑

i=0

m(n− rttn− i) (3)

where n represents the current moment of the packet being
compressed, rttn represents the number of packets trans-
mitted within the round trip time, S represents the total
number of the sampled packets, and m(i) represents the
feedback message of the packet transmitted at the ith mo-
ment, the value of 1 and 0 represent the message NACK and
ACK. And the equation (3) is also used as the state switcher
where S is replaced by much smaller number s, which indi-
cates the sensitivity to the channel conditions variety. When
the local statistical value is out of the range that set before,
the state would be switched. Let tshsu, tshus, tshsd and
tshds represent the threshold value of different states sepa-
rately.

For the temporary state, the technique of the iterative
forgot factor would be used to calculate the perobs

perobs(n− rttn) = (perobs(n− rttn− 1)× β+
1
sm(n− rttn))× 1

1+β

(4)

And the first value would be set as

perobs(n− rttn) = (perobs(n− rttn− s)× βs+
1
s

s−1∑
i=0

m(n− rttn− i)βi)× 1−β
1−βs+1

(5)



where β is a decay factor within 0.95 1, and the value of β
decides the pace of tracing the varied berobs in the channel.

Based on the perobs that has been observed, we can get
the berobs by using numerical technique through the equa-
tion (1). Furthermore, we can get the optimized ropt(n −
rttn) of the packet transmitted at the (n− rttn)th moment
through the equation (2).

For the stable state, the ber is relatively stable, and then
it could be thought that the ropt(n − rttn) is still the op-
timized value of r at the current time. However, for the
temporary state with the varied ber , the delay has to be
taken into account, so an adjustment should be added into
the value of r(n) .

r(n) = ropt(n− rttn)+ (ropt(n− rttn)− r(n− rttn))/2
(6)

In order to reflect the effect of retransmission on the sys-
tem, we define a transmission efficiency parameter for radio
unit as the ratio unit as the ratio of the actual useful data and
the total number of data transmitted.

γ =

np∑
i=1,ti≤tmax

(N −Ri)

Nnp + N
∑
i=1

npti
(7)

where np represents the total number of the packets that
need transmit, ti represents the number of retransmissions
for the ith packet, tmax represents the maximum number of
retransmissions, N represents the data length in one packet,
and Ri represents the parity data length in the ith packet.

4. SIMULATION

Some common test conditions for wireless video services
have been presented in [6]. Two of them for packet-switched
streaming services over 3G are given in Table I. It is as-
sumed that the wireless environment varied between the pat-
tern 1 and the pattern 2. So the ber changes the value be-
tween 2.9e-3 and 9.3e-3.

Table 1. Bit-error patterns
No. Bit rate Length BER Mobile Speed
1 64 kbit/s 60 s 9.3e-3 3 km/h
2 64 kbit/s 60 s 2.9e-3 3 km/h

We simulated the proposed algorithm and choose the pa-
rameters as follows. N = 255bytes, np = 6000, tmax = 5,
S = 1000, s = 100, β = 0.95, perobj = 0.05, tshsu =
2.5perobj, tshus = perobj, tshsd = 0, tshds = 2perobj.

According to the given varied trend of BER and the def-
inition in this paper, the actual optimized value of R would
change between 20bytes and 50bytes.
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Fig. 2. The number of retransmissions and The parity data
length for every packet.

The number of retransmissions and the parity data length
for every packet is shown in Fig. 2(a), (b), separately. The
average value of R is 34.96, the average times for retrans-
mission is 0.043 and the transmission efficiency γ is 0.8670.
While the γ for traditional hybrid ARQ is 0.7656.

5. CONCLUSION

We proposed an error resilient video transmission archi-
tecture of channel-adaptive hybrid ARQ/FEC over 3G net-
work. Theoretical performance analysis and simulation re-
sults demonstrate the effectiveness of the proposed algo-
rithm. Future research is needed with issues such as more
accurate error models for wireless channel and predictive
control techniques for delay.
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[3] B. Girod and N. Fäber, ”Feedback-based error control
for mobile video transmission,” IEEE Proceedings, vol.
87, pp. 1707-1723, October 1999.

[4] G. Ding, and H. Ghafoor, ”Error resilient video trans-
mission over wireless networks”, IEEE Workshop on
Software Technologies for Future Embedded Systems,
Hokkaido, Japan, pp. 31-34, May 15-16, 2003.

[5] Y. Wang and Q.-F. Zhu, ”Error control and concealment
for video communication: A review”, Proc. IEEE, vol.
86, pp. 974-997, May 1998.

[6] T. Stockhammer, M. M. Hannuksela, and T. Wiegand,
”H.264/AVC in wireless environments”, IEEE Trans.
Circuits Syst. Video Technol., vol. 13, pp. 657-673, July
2003.


	Index
	ICME 2005

	Conference Info
	Welcome Messages
	Venue Access
	Committees
	Sponsors
	Tutorials

	Sessions
	Wednesday, 6 July, 2005
	WedAmOR1-Action recognition
	WedAmOR2-Video conference applications
	WedAmOR3-Video indexing
	WedAmOR4-Concealment &amp; information recovery
	WedAmPO1-Posters on Human machine interface, interactio ...
	WedAmOR5-Face detection &amp; tracking
	WedAmOR6-Video conferencing &amp; interaction
	WedAmOR7-Audio &amp; video segmentation
	WedAmOR8-Security
	WedPmOR1-Video streaming
	WedPmOR2-Music
	WedPmOR3-H.264
	WedPmSS1-E-meetings &amp; e-learning
	WedPmPO1-Posters on Content analysis and compressed dom ...
	WedPmOR4-Wireless multimedia streaming
	WedPmOR5-Audio processing &amp; analysis
	WedPmOR6-Authentication, protection &amp; DRM
	WedPmSS2-E-meetings &amp; e-learning -cntd-

	Thursday, 7 July, 2005
	ThuAmOR1-3D
	ThuAmOR2-Video classification
	ThuAmOR3-Watermarking 1
	ThuAmSS1-Emotion detection
	ThuAmNT1-Expo
	ThuAmOR4-Multidimensional signal processing
	ThuAmOR5-Feature extraction
	ThuAmOR6-Coding
	ThuAmSS2-Emotion detection -cntd-
	ThuPmOR1-Home video analysis
	ThuPmOR2-Interactive retrieval &amp; annotation
	ThuPmOR3-Multimedia hardware and software design
	ThuPmSS1-Enterprise streaming
	ThuPmNT1-Expo -cntd-
	ThuPmOR4-Faces
	ThuPmOR5-Audio event detection
	ThuPmOR6-Multimedia systems analysis
	ThuPmOR7-Media conversion
	ThuPmPS2-Keynote Gopal Pingali, IBM Research, &quot;Ele ...

	Friday, 8 July, 2005
	FriAmOR1-Annotation &amp; ontologies
	FriAmOR2-Interfaces for multimedia
	FriAmOR3-Hardware
	FriAmOR4-Motion estimation
	FriAmPO1-Posters on Architectures, security, systems &a ...
	FriAmOR5-Machine learning
	FriAmOR6-Multimedia traffic management
	FriAmOR7-CBIR
	FriAmOR8-Compression
	FriPmOR1-Speech processing &amp; analysis
	FriPmSS1-Sports
	FriPmOR2-Hypermedia &amp; internet
	FriPmOR3-Transcoding
	FriPmPO1-Posters on Applications, authoring &amp; editi ...
	FriPmOR4-Multimedia communication &amp; networking
	FriPmOR5-Watermarking 2
	FriPmSS2-Sports -cntd-
	FriPmOR6-Shape retrieval


	Authors
	All authors
	A
	B
	C
	D
	E
	F
	G
	H
	I
	J
	K
	L
	M
	N
	O
	P
	Q
	R
	S
	T
	U
	V
	W
	X
	Y
	Z

	Papers
	Papers by Session
	All papers
	Papers by Topic

	Topics
	1 SIGNAL PROCESSING FOR MEDIA INTEGRATION
	1-CDOM Compressed Domain Processing
	1-CONV Media Conversion
	1-CPRS Media Compression
	1-ENCR Watermarking, Encryption and Data Hiding
	1-FILT Media Filtering and Enhancement
	1-JMEP Joint Media Processing
	1-PROC 3-D Processing
	1-SYNC Synchronization
	1-TCOD Transcoding of Compressed Multimedia Objects
	2 COMPONENTS AND TECHNOLOGIES FOR MULTIMEDIA SYSTEMS
	2-ALAR Algorithms/Architectures
	2-CIRC Low-Power Digital and Analog Circuits for Multim ...
	2-DISP Display Technology for Multimedia
	2-EXTN Signal and Data Processors for Multimedia Extens ...
	2-HDSO Hardware/Software Codesign
	2-PARA Parallel Architectures and Design Techniques
	2-PRES 3-D Presentation
	3 HUMAN-MACHINE INTERFACE AND INTERACTION
	3-AGNT Intelligent and Life-Like Agents
	3-CAMM Context-aware Multimedia
	3-CONT Presentation of Content in Multimedia Sessions
	3-DIAL Dialogue and Interactive Systems
	3-INTF User Interfaces
	3-MODA Multimodal Interaction
	3-QUAL Perceptual Quality and Human Factors
	3-VRAR Virtual Reality and Augmented Reality
	4 MULTIMEDIA CONTENT MANAGEMENT AND DELIVERY
	4-ANSY Content Analysis and Synthesis
	4-AUTH Authoring and Editing
	4-COMO Multimedia Content Modeling
	4-DESC Multimedia Content Descriptors
	4-DLIB Digital Libraries
	4-FEAT Feature Extraction and Representation
	4-KEEP Multimedia Indexing, Searching, Retrieving, Quer ...
	4-KNOW Content Recognition and Understanding
	4-MINI Multimedia Mining
	4-MMDB Multimedia Databases
	4-PERS Personalized Multimedia
	4-SEGM Image and Video Segmentation for Interactive Ser ...
	4-STRY Video Summaries and Storyboards
	5 MULTIMEDIA COMMUNICATION AND NETWORKING
	5-APDM Multimedia Authentication, Content Protection an ...
	5-BEEP Multimedia Traffic Management
	5-HIDE Error Concealment and Information Recovery
	5-QOSV Quality of Service
	5-SEND Transport Protocols
	5-STRM Multimedia Streaming
	5-WRLS Wireless Multimedia Communication
	6 SYSTEM INTEGRATION
	6-MMMR Multimedia Middleware
	6-OPTI System Optimization and Packaging
	6-SYSS Operating System Support for Multimedia
	6-WORK System Performance
	7 APPLICATIONS
	7-AMBI Ambient Intelligence
	7-CONF Videoconferencing and Collaboration Environment
	7-CONS Consumer Electronics and Entertainment
	7-EDUC Education and e-learning
	7-SECR Security
	7-STAN Multimedia Standards
	7-WEBS WWW, Hypermedia and Internet, Internet II

	Search
	Help
	Browsing the Conference Content
	The Search Functionality
	Acrobat Query Language
	Using the Acrobat Reader
	Configuration and Limitations

	Copyright
	About
	Current paper
	Presentation session
	Abstract
	Authors
	Yihui Jin
	Qionghai Dai
	Jianwei Wen



