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This paper proposes an error resilient coding scheme that employs distributed video
coding tools. A bitstream, produced by any standard motion-compensated predictive
codec (MPEG-x, H.26x), is sent over an error-prone channel. In addition, a Wyner–Ziv
encoded auxiliary bitstream is sent as redundant information to serve as a forward error
correction code. At the decoder side, error concealed reconstructed frames are used as
side information by the Wyner–Ziv decoder, and the corrected frame is used as a
reference by future frames, thus reducing drift. We explicitly target the problem of rate
allocation at the encoder side, by estimating the channel induced distortion in the
transform domain. Rate adaptivity is achieved at the frame, subband and bitplane
granularity. Experimental results conducted over a simulated error-prone channel reveal
that the proposed scheme has comparable or better performance than a scheme where
forward error correction codes are used. Moreover the proposed solution shows good
performance when compared to a scheme that uses the intra-macroblock refresh
procedure.
& 2008 Published by Elsevier B.V.
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1. Introduction
The transmission of coded bitstreams through noisy
channels is a very challenging task. The error control in
video coding is further complicated by the predictive
nature of modern video coders [34]. If the encoder and the
decoder are out of synchronization, e.g., because of packet
losses, current errors will propagate along the time,
corrupting the future correctly received data.
In a video streaming scenario, encoded bitstreams are
sent to multiple receivers over a packet switched network; when the network does not provide any QoS, the
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encoded data is protected by adding some redundancy
bits to ensure correct decoding even if some packets are
lost during transmission. This method is known as
forward error protection (FEP) and exploits techniques
provided by research in the channel coding ﬁeld.
In this paper, we propose a FEP coding scheme that
employs an auxiliary redundant stream encoded according to a Wyner–Ziv (WZ) video coding approach, to
protect a primary stream encoded with any motioncompensated predictive (MCP) codec. We work in the
transform domain, by protecting the most signiﬁcant
bitplanes of the discrete cosine transform (DCT) coefﬁcients. We use LDPC codes to compute the syndrome bits
of the auxiliary stream. In order to allocate the appropriate number of syndrome bits, we introduce a modiﬁed
version of the ROPE algorithm (recursive optimal per-pixel
estimate of end-to-end distortion) [42], that works
in the DCT domain. The proposed EDDD algorithm
(expected distortion of decoded DCT coefﬁcients) provides
an estimate of the channel induced distortion for
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each frame and DCT subband. This information is then
used to determine the number of syndrome bits to
be produced by the WZ encoder. At the receiver, the
primary stream is decoded and motion-compensated
error concealment is applied. The concealed reconstructed
frame is used as side information by the WZ decoder,
which performs LDPC decoding based on the received
syndrome bits. We also show how prior information that
can be obtained at the decoder, based on the observed
error pattern, can be used to efﬁciently help LDPC
decoding.
In order to assess the performance of the proposed
scheme in comparison with well established error
protection schemes, we compare the proposed solution
with one where FEC codes are used. Moreover, we
consider the use of the intra-macroblock refresh procedure provided as a non-normative tool in the standard
H.264/AVC [10]. Experimental results show that the
proposed scheme has comparable or better performance,
especially at high packet loss probability, than a scheme
using FEC codes. One possible advantage of the proposed
solution, is that it naturally allows for rate adaptivity and
unequal error protection (UEP) achieved at the frame, DCT
band and bitplane granularity. In addition, the proposed
scheme outperforms the use of an intra-macroblock
refresh procedure. The latter requires to be applied either
at encoding time, or to transcode a pre-encoded bitstream
to perform mode switching. Conversely, in our scheme, we
consider a pre-encoded sequence and simply add WZ bits
for protection, maintaining the original bitstream unaltered. Also, the proposed scheme is independent from the
actual codec adopted for the primary stream, provided
that the ROPE algorithm is properly adjusted to work with
the desired codec [39].
The remainder of the paper is organized as follows: in
Section 2 we thoroughly review the state-of-the-art in
error resilient video coding based on distributed video
coding principles. Section 3 introduces the system
architecture proposed in this paper. Section 4 illustrates
the channel induced distortion estimation algorithm
adopted in our scheme. Sections 5 and 6 consider,
respectively, WZ encoding and decoding, including the
rate allocation algorithm adopted at the encoder. Section 7
presents some experimental results obtained with real
video sequences and compares the proposed scheme with
two other schemes: the ﬁrst one uses FEC codes, while the
second one performs error resilient transcoding by means
of intra-macroblock refresh. Finally, Section 8 concludes
the paper.

2. Related work
Most of the literature on distributed video coding has
addressed the problem of light encoding complexity, by
shifting the computationally intensive task of motion
estimation from the encoder to the decoder. Nevertheless,
distributed video coding principles have been extensively
applied in the ﬁeld of robust video transmission over
unreliable channels. One of the earliest examples is given
by the PRISM coding framework [22], which simulta-

neously achieves light encoding complexity and robustness to channel losses. In PRISM, each block is encoded
without the deterministic knowledge of its motioncompensated predictor, that is made available at the
decoder side only. Therefore, the encoder determines
the number of cosets to be encoded based on an estimate
of the statistical correlation between the block to be
encoded and its motion-compensated predictor [15,21].
If the predictor obtained at the decoder is within the
noise margin for the number of encoded cosets, the
block is successfully decoded. The underlying idea is
that, by adjusting the number of cosets based on the
expected correlation channel, decoding is successfully
achieved even if the motion compensated predictor is
noisy, e.g., due to packet losses affecting the reference
frame. When video transmission suffers from packet
losses, a signiﬁcant gain is shown with respect to
H:263 þ protected with forward error correction (FEC)
techniques and/or intra-macroblock refresh [21,20].
This is primarily due to the lack of the prediction loop
that characterizes conventional MCP codecs. Therefore,
the PRISM coding framework allows to mitigate the
effect of drift, which arises when the encoder and the
decoder are out of sync, e.g., because of packet losses.
These results were extended to a fully scalable video
coding scheme in [17,30,31], which is shown to be
robust to losses that affect both the enhancement
and the base layer. This is due to the fact that the
correlation channel that characterizes the dependency
between different scalability layers is captured at the
encoder in a statistical, rather than deterministic, way. In
[20,16] it is shown that there is an intrinsic trade-off
between complexity and robustness. In other words, by
shifting part of the computational burden from the
encoder to the decoder, it is possible to increase the
robustness of the system. Experimental results consider
both the ‘‘uplink’’ (light encoding complexity) and ‘‘downlink’’ (light decoding complexity) versions of the PRISM
codec, showing that the former is highly robust, while the
latter matches the coding efﬁciency of H.263+ in a
noiseless scenario. Also based on the PRISM framework,
robust multi-view video coding has been recently proposed in [40,41].
Despite PRISM, most of the distributed video coding
schemes that focus on error resilience try to increase the
robustness of standard encoded video by adding redundant information encoded according to distributed video
coding principles. One of the ﬁrst works along this
direction is presented in [28], where auxiliary data is
encoded only for some frames, denoted as ‘‘peg’’ frames, in
order to stop drift propagation at the decoder. The idea is
to achieve the robustness of intra-refresh frames, without
the rate overhead due to intra-frame coding. This is
accomplished by periodically transmitting a small amount
of additional information, termed coset information, to the
decoder. The coset information is capable of correcting
errors even if the encoder does not have a precise
knowledge of which packets will be lost. In [28] LDPC
codes are applied to bitplanes of DCT coefﬁcients to
compute parity bits that are used as coset information. In
[38], a layered WZ video coding framework similar to ﬁne
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granularity scalability (FGS) coding is proposed, in the
sense that it treats the standard coded video as the base
layer and generates an embedded bitstream as the
enhancement layer. However, the key difference between
conventional FGS and [38] is that, instead of coding the
difference between the original video and the base layer
reconstruction, the enhancement layer is generated
‘‘blindly’’, without knowing the base layer. Therefore, the
stringent requirement of FGS coding that the base layer is
always available losslessly at the decoder/receiver can be
loosened, since an error-concealed version of the base
layer can still be used in the joint WZ decoder. Therefore,
besides providing SNR scalability, the scheme proposed in
[38] is robust with respect to channel losses. Neither [28]
nor [38] give explicit indication about how to allocate the
redundancy bits across bitplanes and/or DCT coefﬁcients.
Although the encoder does not know the exact realization
of the reconstructed frame, it can try to characterize the
effect of channel errors (i.e., packet losses) in statistical
terms, in order to perform optimal bit allocation. This idea
has been pursued in [18,19,8], where a PRISM-like
auxiliary stream is encoded for FEP, and rate-allocation
is performed at the encoder by exploiting the information
provided by the ROPE algorithm. The latter is able to
estimate the distortion expected at the decoder due to
packet losses. While [18] uses a rather coarse distortion
estimation algorithm, a more accurate solution is proposed in [8].
Distributed video coding has been applied to errorresilient MPEG-2 video broadcasting in [24,25], where a
systematic lossy source channel coding framework (SLEP,
systematic lossy error protection) is proposed. An MPEG-2
video bitstream is transmitted over an error-prone
channel without error protection. In addition, a supplementary bitstream is generated using distributed
video coding tools, which consists of a coarsely quantized
video bitstream obtained using a conventional hybrid
video coder, applying Reed–Solomon codes, and transmitting only the parity symbols. In the event of channel
errors, the decoder decodes these parity symbols
using the error-prone conventionally decoded MPEG-2
video sequence as side information. The SLEP scheme has
also been extended to the H.264/AVC video coding
standard [26]. The redundant slices feature can be used
to generate redundant video descriptions on which Reed
Solomon Slepian–Wolf coding can be applied. Using
ﬂexible macroblock ordering (FMO), a region-of interest
(ROI) can be selected in each video frame. The SLEP
scheme can be applied preferentially on the ROI,
while allowing the less important background to be
protected by conventional decoder-based error concealment schemes. Based on the SLEP framework, the scheme
proposed in [13] performs UEP assigning different
amounts of parity bits between motion information and
transform coefﬁcients. This work has been further
improved in [14] where the number of parity bits for
both motion information and transform coefﬁcients is
adaptively tuned based on the content of each frame. The
parity bitrate adaptation is made comparing the sum of
absolute differences (SAD) of each frame with some
experimentally obtained thresholds. This approach shares
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some similarities with the one presented in this paper,
since they both use WZ coding in the transform domain to
protect the primary video bitstream. With respect to [14],
we propose a more sophisticated rate allocation algorithm, based on the estimated induced channel distortion.
Therefore, we provide a ﬁner granularity in performing
UEP, not only at the frame level, but also at the subband
and bitplane level.
The WZ video codec described in [9] has been
extensively studied in the literature, especially when
targeting low encoding complexity and multi-view coding.
In this codec scheme, a feedback channel is used in order to
obtain the rate ﬂexibility in adapting to the changing
statistics between the side information and the frame to be
encoded. The error resilient properties of an improved
version of the same codec [4] have been recently
investigated in [32,23]. In [32] the key frames are encoded
with an H.264/AVC encoder enabling the FMO tool and
using the concealment algorithms implemented in the
decoder reference software. Channel redundancy is added
to the key frames bitstream by the means of Reed–Solomon
codes, while the parity bits relative to the WZ frames are
supposed to be sent unprotected. The reported results
suggest that, at low-to-medium packet loss rates (PLRs)
(typically p10%), a conventional H.264/AVC bitstream
protected with Reed–Solomon codes outperforms the WZ
codec. Conversely, at higher PLRs (i.e., X15%), the WZ
codec gives better performance, especially at high bitrates.
The work in [23] considers packet losses afﬂicting both the
key frame and the WZ frames. Experimental results show
that the codec in [4] is highly sensitive to errors in the key
frames, while it provides graceful degradation when WZ
packets get lost.
Distributed video coding principles have also been
applied in the area of robust image coding. As an example,
[6] proposes an algorithm that exploits turbo codes for
sources with memory. This way, it is possible to take into
account the statistical dependency within and across
bitplanes, conventionally addressed by context based
arithmetic coding in JPEG2000. The scheme is shown to
be highly robust when bitwise errors affect the bitstream.

3. Error resilient scheme architecture
The overall architecture of the proposed error resilient
scheme is depicted in Fig. 1. The operations performed,
respectively, at the transmitter and at the receiver side are
summarized in Algorithms 1 and 2.
Algorithm 1. Operations performed at the transmitter side
Require: Coded bitstream
Require n ¼ 0
1: for each frame X n do
2:
Decode X n up to spatial domain
3:
Use the reconstructed frame X^ n , the motion vectors and the mode
decisions to estimate the auxiliary bitstream rate of j-th bitplane of
the l-th DCT subband: Rl;j
n
4:

Calculate the syndrome bits for X^ n
Send the coded data and syndrome bits packets through the noisy
channel
6:
n¼nþ1
7: end for
5:
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Fig. 1. Block diagram of the proposed error resilient scheme. Refer to Algorithms 1 and 2.

Algorithm 2. Operations performed at the receiver side
Require n ¼ 0
1: for each frame X n do
2:
Decode the received packets
3:
Apply the error tracking algorithm to produce the binary map BMn
4:
if at least one packet of the current frame has been lost then
5:
Apply motion-compensated error concealment
6:
end if
7:
if at least one block in the binary map is ﬂagged as ‘‘noisy’’ or
‘‘potentially noisy’’ then
8:
Feed the concealed frame X~ n and the binary map BMn into the
Wyner–Ziv decoder
Use the received syndrome bits to correct X~ n into X 0n
Insert X 0n into the reference frame buffer of the motioncompensated predictive decoder
11:
end if
12:
n¼nþ1
13: end for
9:

10:

The rate estimator module comprises two sub-modules: the channel induced distortion estimation and the
rate allocation. The former provides the expected distortion D̄b;l
n due to channel losses for each DCT coefﬁcient l in
each block b in frame n. The WZ encoder works in the DCT
domain and it is similar to the one described in [1],
although LDPC codes are used instead of turbo codes. The
reconstructed frame X^ n is divided into blocks of size 8  8
pixels and the DCT transform is applied to these blocks.
The transform coefﬁcients are grouped together to form
subbands. Each subband is then quantized and the
corresponding bitplanes are independently coded using
an LDPC encoder. Experimental evidence shows that
channel noise can be well approximated by means of a

Laplacian distribution. Exploiting the Laplacian model, the
rate Rl;j
n of the j-th bitplane of the l-th DCT subband can be
obtained as described in Section 5. A packet switched
network is assumed, characterized by a PLR equal to p.
At the receiver side the MCP decoder decodes the
correctly received packets. If any packet has been dropped,
the decoder applies the error concealment algorithm over
lost data to produce the frame X~ n . At the same time, the
error tracking (ET) module ﬂags the concealed blocks as
‘‘noisy’’ while those blocks that depend (e.g., by motion
compensation) on concealed data in previous frames as
‘‘potentially noisy’’. These ﬂags are organized into the
Binary Map BMn . Finally, the WZ decoder works in the
transform domain and uses the received syndrome bits as
well as the prior information of the binary map BMn to
reconstruct a cleaner version of the frame, X 0n , where
the concealed frame X~ n serves as side information (see
Section 6).
We emphasize that the proposed error resilient
scheme is independent from the speciﬁc MCP codec used
to encode the bitstream. Only the rate allocation algorithm needs to be adjusted to the speciﬁc codec adopted.
In Section 7 we provide experimental results obtained by
encoding the primary stream with the H.264/AVC [37]
video codec.

4. End-to-end distortion estimation at the encoder
side
In order to optimally allocate bits in the redundant WZ
coded stream, the encoder needs to compute an estimate
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of the channel induced distortion in the DCT domain.
This section illustrates the distortion estimation algorithm
adopted in our scheme. The algorithm performs a
sequence of two steps:
(1) Channel induced distortion estimation in the pixel
domain.
(2) Transformation of the channel induced distortion
from the pixel to the DCT domain.
The estimate provided in the pixel domain is computed
by means of the ROPE algorithm, whilst for the estimate in
the DCT domain the proposed EDDD (expected distortion of
DCT coefﬁcients) algorithm is used. Since EDDD represents
an extension of the ROPE algorithm, Section 4.1 brieﬂy
reviews the pixel-domain version of ROPE [42]. Section 4.2
describes how to compute the channel induced distortion
in the DCT domain with the EDDD algorithm.
4.1. Overview of the ROPE algorithm
Let f n and f^ n denote, respectively, the original and the
reconstructed luminance (or chrominance) component of
a pixel at spatial location i in the n-th frame at the encoder
i
side, and let f~ n denote the corresponding pixel at the
receiver side. Assuming the mean square error (MSE) as
distortion measure, the end-to-end distortion, due to both
quantization and channel losses, at spatial location i in
frame n is given by
i

i
i
i
dn ¼ ðf n  f~ n Þ2 .

i

(1)

Supposing a packet-switched based network, the value
provided by Eq. (1) depends on the PLR at which
the channel drops transmitted packets and also on the
concealment strategy employed at the decoder side. The
work in [42] proposes a recursive method (ROPE) to
estimate the decoder side distortion due to quantization,
error propagation and error concealment in the spatial
domain. The algorithm is designed to operate over
motion-compensated hybrid predictive codecs, including
MPEG-x and H.26x codecs [27]. In these video coding
schemes, each frame is partitioned into 16  16 pixel
blocks called macroblocks (MBs). Each MB can be intra or
inter coded. Coded MBs are gathered in packets, each
comprising a constant number of MBs, and transmitted
through the channel. With this setting, the PLR equals the
pixel loss rate.
At the decoder side, the packets are decoded. If some of
these packets have been dropped, the concealment
algorithm is applied. The PLR and the concealment
algorithm are the only a priori knowledge that the ROPE
algorithm needs to know in order to provide the decoder
distortion estimate.
The ROPE algorithm is now brieﬂy summarized,
distinguishing between intra and inter coded MBs. In the
following, a simple error concealment strategy is assumed: the motion vector (MV) of a missing MB is
replaced by the one of the above MB. If the MB above is
missing too, the MV is set to zero. The pixels pointed by
the concealed MV replace the pixels of the lost MB.
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Below we brieﬂy summarize the ROPE algorithm as
described in [42]:
(1) Preliminaries: Since the loss pattern is known only at
i
the decoder side, the quantity f~ n is characterized as a
i
random variable; the distortion dn is the expectation
over all possible channel realizations:
dn ¼ E½ðf n  f~ n Þ2 .
i

i

i

(2)

Developing Eq. (2), we can highlight the dependency
i
of dn from the ﬁrst and the second order moments of
i
the random variable f~ n :
i
i
i
i
i
i
dn ¼ E½ðf n  f~ n Þ2  ¼ ðf n Þ2  2  f n  E½f~ n 
i
þ E½ðf~ Þ2 .

(3)

n

The ROPE equations provide a recursive formulation to
i
calculate the ﬁrst and the second order moment of f~ n .
The PLR is denoted by p.
(2) End-to-end distortion in intra coded MBs: The considered MB can be either correctly received or lost.
Furthermore, in this case the MB can be concealed in
two ways: with a concealed MV, if the MB above has
been correctly received, or with a zero MV, if the MB
above has been lost too. More precisely:
(a) If the MB to be decoded has been correctly
i
i
received, f~ n ¼ f^ n with probability ð1  pÞ.
(b) If the MB to be decoded is lost, but00 the MB above
i
i
00
has been correctly received, f~ n ¼ f~ n1 , where i is
the pixel location pointed by the concealed MV.
The probability is the product between the
probability of the event of loosing the MB being
decoded, p, and the probability of receiving the
above MB, ð1  pÞ. Thus the overall probability of
this event is pð1  pÞ.
(c) If both the MB to be decoded and the one above
i
i
have been lost, f~ n ¼ f~ n1 with probability p2.
Combining these three cases, the recursive equations
i
for the ﬁrst and the second order moments of f~ n can
be derived:
i00

E½f~ n  ¼ ð1  pÞ  ðf^ n Þ þ pð1  pÞ  E½f~ n1 
i
þ p2  E½f~

i

i

(4)

n1

00

i
i
i
E½ðf~ n Þ2  ¼ ð1  pÞ  ðf^ n Þ2 þ pð1  pÞ  E½ðf~ n1 Þ2 
i
þ p2  E½ðf~
Þ2 .
n1

(5)

(3) End-to-end distortion in inter coded MBs: As for intra
coded MBs, an inter-macroblock can be received or
lost, and if this is the case, its concealment can be
done either with the concealed or with the zero MV.
With reference to the intra-macroblock case, the only
difference is when the MB data is actually received
(with probability ð1  pÞ). Received data consist of the
quantized prediction error e^ and the MV that points to
the pixel location i0 . Therefore, the reconstructed
pixel
i
i0
at the decoder is given by f~ n ¼ e^ in þ f~ n1. It is possible
to derive the recursive equations for the ﬁrst and the

Author's personal copy
ARTICLE IN PRESS
396

R. Bernardini et al. / Signal Processing: Image Communication 23 (2008) 391–403
i
second order moments of f~ n :

the ﬁrst order moment of F~ b;l
n , is given by

i0

E½f~ n  ¼ ð1  pÞ  ðe^ in þ E½f~ n1 Þ þ pð1  pÞ
i

i00
E½f~ n1 

þ p2 

i
E½f~ n1 ,

2

(6)

0

E½F~ b;l
n  ¼

B
X

b;r
T l ðrÞ  E½f~ n ,

(10)

r¼1

while the second order moment is

i
i
E½ðf~ n Þ2  ¼ ð1  pÞ  E½ðe^ in þ f~ n1 Þ2 
00

i
þ pð1  pÞ  E½ðf~ n1 Þ2 
i
þ p2  E½ðf~
Þ2 

2

2
E½ðF~ b;l
n Þ  ¼

n1

b;r
b;s
2
 E½f~ n   E½f~ n Þ þ ðE½F~ b;l
n Þ .

0

i
þ 2  e^ in  E½f~ n1 Þ
00

n1

b;r b;s
T l ðrÞ  T l ðsÞ  ðE½f~ n f~ n 

r¼1 s¼1

0

i
¼ ð1  pÞ  ððe^ in Þ2 þ E½ðf~ n1 Þ2 

i
þ pð1  pÞ  E½ðf~ n1 Þ2 
i
þ p2  E½ðf~
Þ2 .

2

B X
B
X

(7)

In order to handle MVs with sub-pixel precision, the
extension of ROPE described in [3] has been integrated
into the system.

(11)

In order to compute (11), we need to provide an estimate
h
i
b;r b;s
of E f~ n f~ n , where r and s denote two arbitrary pixels
within a B  B block. Instead of keeping track of all the
b;r b;s
B2 ðB2  1Þ=2 correlation terms E½f~ n f~ n  between any pair
of pixels ðr; sÞ, only 2BðB  1Þ terms, when r and s are
adjacent pixels, are estimated by means of the following
recursive equations analogous to (4) and (6), respectively,
for the intra and inter coded MBs:

4.2. The distortion estimate in the DCT domain
r s

In the proposed scheme, WZ coding is applied in the
DCT domain. In order to perform optimal bit allocation,
the end-to-end distortion needs to be estimated in the
transform domain. In [19], the recursive equations of
ROPE (4)–(7) are applied directly in the DCT domain. The
main issue with this approach regards how to relate
coefﬁcients at time n with those at time n  1 by motion
compensation. In [19] MVs are coarsely quantized with a
step size equal to the MB size. The predictor for the
current MB is matched with its nearest MB in the
reference frame. This approximation leads to a signiﬁcant
loss of accuracy [7].
In this work, we adopt an extension of ROPE in the DCT
domain previously proposed by the same authors [7],
(EDDD—expected distortion of DCT coefﬁcients). The
basic idea consists of running ROPE with sub-pixel
accuracy in the spatial domain. Then, the end-to-end
distortion is translated from the spatial to the DCT
domain. Let F~ b;l
n denote the l-th coefﬁcient of the b-th
DCT block in frame n, l ¼ 1; . . . ; B2 , b ¼ 1; . . . ; N b , where B is
the DCT block size and N b ¼ N=B2 is the number of DCT
blocks in a frame with N pixels. Due to channel losses, F~ b;l

r0

s0

E½f~ n f~ n  ¼ ð1  pÞ  ðf^ n f^ n Þ þ pð1  pÞ  E½f~ n1 f~ n1 
r
s
f~
þ p2  E½f~
,
r s

n1 n1

r0

(12)

s0

E½f~ n f~ n  ¼ ð1  pÞ  E½ðe^ rn þ f~ n1 Þðe^ sn þ f~ n1 Þ
r00 ~ s00
f
Þ
þ pð1  pÞ  E½ðf~
r s

n1 n1

r
s
þ p2  E½ðf~ n1 f~ n1 Þ
s0
r0
¼ ð1  pÞ  ðe^ rn e^ sn þ e^ rn E½f~ n1  þ e^ sn E½f~ n1 
r0
s0
r 00 ~ s00
f~
f
Þ þ pð1  pÞ  E½f~

þ E½f~

þp

2

n1 n1
r
s
 E½f~ n1 f~ n1 ,

n1 n1

(13)

where r 0 (s0 ) denotes the pixel location in frame n  1
referenced by the received MVs, while r 00 (s00 ) the one
referenced by the concealed MVs.
In order to
(11), we need to provide an
h compute
i
r s
estimate of E f~ n f~ n also when r and s are not adjacent
pixels, as illustrated in Fig. 2. To address this issue, we

n

is considered as a random variable. In fact, it is a linear
combination of random variables, each representing a
pixel value inside a DCT block. As in the spatial domain,
the ﬁrst and second order moments are needed to
calculate Db;l
n :

r

b;l
~ b;l 2
Db;l
n ¼ E½ðF n  F n Þ 

¼

2
ðF b;l
n Þ

2

F b;l
n

~ b;l 2
 E½F~ b;l
n  þ E½ðF n Þ .

ρρrs,1
rs
(8)

Let T l , l ¼ 1; . . . ; B2 , denote the l-th 2D-DCT basis function
applied to a block of size B  B. Since the DCT is a linear
transform:
2

F~ b;l
n

¼

B
X
r¼1

T l ðrÞ 

b;r
f~ n ,

(9)

ρρrs,2
rs

s

ρab ρbc

a

b

c

ρrs =

ρrs,1 + ρrs,2

2

Fig. 2. Computation of correlation terms between non-adjacent pixels r
and s.
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Fig. 3. The rate estimator module.

adopt the following relationship:
E½f~ n1 f~ n1   mr ms
r
s
) E½f~ n1 f~ n1 
sr ss
¼ rrs  sr ss þ mr ms ,
r

s

rrs ¼

(14)

where m represents the mean and s the standard deviation
of a reconstructed pixel, obtained with ROPE. The term rrs
is the correlation coefﬁcient between pixels r and s; its
value is estimated assuming a ﬁrst order autoregressive
model between any pair of adjacent pixels r 1 and r 2 :
r1
r2
f~ n1
¼ rr1 r2  f~ n1
þ w1 ,

(15)

where w1 denotes the white noise term. Thus, rrs is given
as the average of the products of the correlation
coefﬁcients corresponding to the pixels lying on the paths
rrs;1 and rrs;2 as shown in Fig. 2.
The ROPE–EDDD algorithm allows to compute the endto-end distortion due to quantization, packet losses and
error propagation, i.e.,
b;l
~ b;l 2
Db;l
n ¼ E½ðF n  F n Þ .

(16)

Instead, in this work we are interested in estimating the
distortion between the noiseless and noisy reconstructed
coefﬁcients at the decoder, i.e.,
^ b;l ~ b;l 2
D̄b;l
n ¼ E½ðF n  F n Þ ,

(17)

in order to determine the rate allocation in the auxiliary
stream.
By replacing F b;l
with F^ b;l
in (8), D̄b;l
is readily
n
n
n
computed. We notice that in this case we do not need to
have access to the original frames X n , but only to the
noiseless reconstructed frames X^ n . In case the proposed
technique is not applied at encoding time, the cost of
doing this is that the video sequence needs to be
completely decoded at the transmitter end in order to
run ROPE–EDDD. Fig. 3 shows that the channel distortion
estimation module receives in input the reconstructed
frame at time n, X^ n , the MVs and the mode decisions for
this frame, the network PLR p and the knowledge of the
error concealment algorithm adopted at the decoder.
5. WZ encoding and channel rate allocation
The WZ encoder is similar to the one presented in [1].
A block representation of the WZ encoder is shown in
Fig. 4. To generate the WZ bitstream, the reconstructed
frame X^ n is partitioned into blocks of dimension B  B

with B ¼ 8 (we will denote the generic block with b); over
these blocks the DCT transform is applied. The transform
coefﬁcients are then grouped together to form the
^ 2;l
^ Nb ;l
coefﬁcients subbands F^ ln ¼ ½F^ 1;l
n ; F n ; . . . ; F n , where l
denotes the subband number and Nb is the number of
transform coefﬁcients in each subband. Each subband F^ ln
is then quantized using the same midtread scalar
quantizer with step d and the corresponding bitplanes
are independently coded using an LDPC encoder.
The quantizer step d is determined based on
the dynamic range of DCT coefﬁcients, which is equal to
½2048; þ2048 for a 8  8 DCT and on the target number
of bitplanes J to be encoded, d ¼ 2  2048=2J . We use
regular rate-adaptive LDPC accumulated codes [33] with
degree three source node distribution. We transmit the
syndrome bits relative to the ﬁrst 16 DCT subbands, while
the systematic bits are discarded. We start encoding the
most signiﬁcant bitplane. Then, encoding proceeds with
the remaining bitplanes. The encoder also transmits the
average distortion computed by the rate estimator module,
i.e., D̄ln ,since it is exploited by the turbo decoder, as
explained in the next section.
Since there is no feedback channel available, the
encoder needs to estimate the number of syndrome bits
for each bitplane j of subband l in frame n. In order to
simplify the notation, in the following we discard the
frame index n and the subband index l, denoting X ¼ F^ ln
and Y ¼ F~ ln , respectively, as the source and the side
information. Also, we assume the following additive noise
model:
Y ¼ X þ Z,

(18)

where X and Z are assumed statistically independent. The
distribution of the reconstructed DCT coefﬁcients X can be
well approximated by a Laplacian distribution [12]
pX ðxÞ ¼

ax ax jxj
e
,
2

(19)

where the parameter ax is related
pﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃto the subband
coefﬁcient variance s2x by ax ¼ 2=s2x . Let s2z denote
the average distortion obtained from the ROPE–EDDD
estimate for the current DCT subband in the current
frame
s2z ¼

Nb
1 X
b
D̄ .
N b b¼1

(20)

In our experiments, we veriﬁed that also the distribution
of the correlation noise Z can be modeled by a Laplacian

Author's personal copy
ARTICLE IN PRESS
398

R. Bernardini et al. / Signal Processing: Image Communication 23 (2008) 391–403

B×B
Block Partitioning

X̂ n

DCT

Fˆnb,l

Uniform
Quantizer (δ)

bitplane 1
bitplane 2

Extract
Bitplanes

LDPC
Encoder

bitplane J

Parity
bits

Fig. 4. Block diagram of the WZ encoder.
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Fig. 5. Laplacian ﬁtting of the correlation noise in the DCT domain. (a) DC coefﬁcient and (b) AC coefﬁcient number 10 in zig-zag scanning order.

pﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃ
distribution pZ ðzÞ with parameter az ¼ 2=s2z . As an
example, Fig. 5 illustrates the ﬁtting of the Laplacian
model on the correlation noise for two DCT coefﬁcients in
a sample frame of the Foreman sequence affected by
errors.
The rate allocation algorithm receives in input the
source variance s2x , the correlation noise variance s2z , the
quantization step size d and the number of bitplanes to be
encoded J and returns the average number of bits needed
to decode each bitplane Rj ; j ¼ 1; . . . ; J. The Shannon’s
lower bound on the number of bits is given by
Rj XHðxj jY; xj1 ; xj2 ; . . . ; x1 Þ

ðbits/sampleÞ,

(21)

where xj denotes the j-th bitplane of the source X. In
fact, as detailed in the next section, LDPC decoding of
bitplane j exploits the knowledge of the real-valued
side information Y as well as previously decoded
bitplanes xj1 ; xj2 ; . . . ; x1 . The value of Rj from Eq. (21)
can be readily computed by numerical integration.
In fact, the expression of the entropy in (21) can be
written as
j

j1

Hðx jY; x

;x

j2

j1

2
X

pðqÞHðxj jY; Q ¼ qÞ

q¼1
j1

¼

2
X
q¼1

pðqÞ

Z

þ1

pYjq ðyÞHðxj jY ¼ y; Q ¼ qÞ dy,

Hðxj jY ¼ y; Q ¼ qÞ
¼ p0 log2 p0  ð1  p0 Þ log2 ð1  p0 Þ,

(22)

1

where Q denotes the quantization bin index obtained
decoding up to bitplane j  1. The value of Hðxj jY ¼ y; Q ¼
qÞ represents the entropy of the binary source xj when the
side information assumes the speciﬁc value y and the

(23)

and
p0 ¼ Prfxj ¼ 0jY ¼ y; Q ¼ qg
R ðLq þUq Þ=2
pX ðxÞpZ ðx  yÞ dx
L
,
¼ qRU
q
Lq pX ðxÞpZ ðx  yÞ dx

(24)

where Lq and U q are the lower and upper thresholds of the
quantization bin q. Since pZ ðÞ is Laplacian, the value of
(23) can be computed analytically.
The expression pYjq ðyÞ in (22) represents the marginal
distribution of Y, conditioned on X 2 q, and it can be
obtained, according to the additive correlation model (18),
from the knowledge of the joint distribution pXY ðx; yÞ ¼
pX ðxÞpZ ðx  yÞ, i.e.,
R Uq
Lq

pXY ðx; yÞ dx

pYjq ðyÞ ¼ R U
q
Lq

1

;...;x Þ

¼ Hðxj jY; Q Þ ¼

source X is known to be within quantization bin q, i.e.,

pX ðxÞ dx

R Uq
¼

Lq

pX ðxÞpZ ðx  yÞ dx
.
R Uq
Lq pX ðxÞ dx

(25)

Finally, Eq. (22) can be evaluated by means of numerical
integration over y.
As explained in the experimental results section, we
will consider QCIF video sequences with 8  8 DCT,
resulting in non-ideal channel codes with a ﬁnite
sequence length (Nb ¼ 396). Because of this non-ideality,
the lower bound in (21) is not attained. Indeed, a rate
overhead of approximately DR ¼ 0:1 (bit/sample) is
introduced. This value has been determined experimentally and it achieves a good balance between the rate
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overhead and the probability of successful decoding.
Therefore, the rate allocation algorithm presented here
outputs Rj ¼ Hðxj jY; xj1 ; xj2 ; . . . ; x1 Þ þ DR. Also, note that
the baseline version of the ROPE algorithm, as brieﬂy
summarized in Section 4.1, considers only basic coding
tools, such as intra/inter coding modes. Instead, the stateof-the-art H.264/AVC video coding standard provides
more advanced tools, including intra-prediction, deblocking ﬁlter, etc. In addition, different non-normative solutions can be adopted at the decoder side concerning the
motion-compensated concealment algorithm. Unlike the
work in [39], which explicitly models the effect of intraprediction and deblocking, here we apply the extension of
the baseline version of ROPE [3], in order to simplify the
distortion estimation procedure. We noticed that this
slightly over-estimates the distortion measured at the
decoder: this is mostly due to the fact that the concealment algorithm adopted in our simulations [29] is much
more sophisticated than the one assumed by the baseline
ROPE at the encoder. To take this into account, we correct
the distortion provided by ROPE–EDDD for the l-th DCT
coefﬁcient by a factor al o1. The values of al are
empirically determined on the basis of training data.
Simulations over a large amount of data show that these
coefﬁcients can be assumed as independent with respect
to the considered video sequence. Finally, we have veriﬁed
in our simulations that the effect of neglecting intraprediction and deblocking is negligible and it can be taken
into consideration in the parameter al.

6. WZ decoding
At the receiver, the concealed reconstructed frame X~ n
(see Fig. 1) is used by the WZ decoder as side information.
At this side the actual error pattern is known exactly,
therefore an ET module uses this information to determine which blocks might be affected by errors. Apart from
the blocks belonging to lost slices, also those blocks that
depend on previously corrupted blocks are ﬂagged as
‘‘potentially noisy’’. The error tracker produces, for each
frame, a binary map BMn that indicates if the reconstructed block at the decoder might differ from the
corresponding one at the encoder. The algorithm is similar
to the one presented in [5], with the important difference
that in our case ET is performed at the decoder only. The
LDPC decoder can take advantage from this information
by adaptively setting the conditional probability to 1 for
those coefﬁcients that are certainly correct. This means
that the LDPC decoder totally trusts the side information
in these cases. For the other coefﬁcients (i.e., the noisy and
potentially noisy ones) the conditional probabilities are
calculated using (24).
The WZ decoder (see Fig. 6) takes the concealed frame
X~ n , partitions it into blocks of dimension B  B and
transforms it using a block-based DCT. The transform
coefﬁcients are then grouped together to form the side
l
information subbands F~ n . The received syndrome bits are
l
l
used to ‘‘correct’’ each coefﬁcient F~ n into F 0n . LDPC
decoding is applied at the bitplane level, starting from
the most signiﬁcant bitplane of each subband. In the
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Fig. 6. Block diagram of the WZ decoder.

proposed system, the LDPC decoder exploits the received
distortions estimated at the encoder D̄ln in order to
describe the correlation statistics between F^ b;l
n and the
b;l
side information F~ n . Therefore, adaptivity is guaranteed
both at subband and frame level. After LDPC decoding,
some residual errors might occur if the number of
received syndrome bits is not sufﬁcient for the exact
reconstruction of every bitplane. Error detection at the
LDPC decoder is performed by comparing the received
syndrome bits with a syndrome generated from the
decoded bitplane. In this case, if decoding of bitplane j
fails, reconstruction is based on bitplanes 1; . . . ; j  1 only.
As before, by denoting with q the quantization bin index
obtained decoding up to bitplane j  1, optimal reconstruction is obtained by computing the centroid of the
quantization interval ðLq ; U q Þ exploiting the Laplacian
model
E½XjX 2 ðLq ; U q Þ; Y ¼ F~ b;l
n 
R Uq
~ b;l
L x pX ðxÞpZ ðx  F n Þ dx
,
¼ RqU
q
~ b;l
Lq pX ðxÞpZ ðx  F n Þ dx

(26)

where pZ ðzÞ has been deﬁned in the previous section,
parameterized by the received distortion estimate D̄ln . In
evaluating (26), we need the knowledge of s2x , which is not
directly available at the decoder. Assuming the statistical
independence between X and Z and the additive noise
model (18), we obtain s2x ¼ s2y  s2z . In the previous
expression s2y is estimated from the received DCT
coefﬁcients and s2z ¼ D̄ln as before.
Finally, the inverse-DCT is performed by the WZ
decoder and the reconstructed frame X 0 ðnÞ is copied into
the buffer of the MCP decoder, to serve as reference frame
at time n þ 1. In this way, the amount of drift propagated
to successive frames is reduced.
7. Experimental results
We carried out several experiments in order to validate
the proposed scheme. First, we present the source coding
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Table 1
Source coding conditions for the test video sequences
Sequence name

Spatial resolution

Rate (kbps)

Frame rate (Hz)

GOP length

Number of frames

Average PSNR all frames (dB)

Foreman
Soccer
Coastguard

QCIF
QCIF
QCIF

128
128
128

15
15
15

15
15
15

150
150
150

35.5
33.5
31.9

conditions and the network packetization strategy. Second, the comparison setup is brieﬂy discussed and ﬁnally
the experimental results are reported and commented.

Table 2
Additional WZ bitrate (in % of the main stream rate) sent to protect the
primary stream
Additional WZ bitrate (%)

7.1. Source coding conditions and packetization issues

 Maximum number of reference frames: 1.
 MB partitions for motion estimation: enabled.
 Rate-distortion optimization: high complexity mode



[11].
Early skip detection mode decision: enabled.
Motion estimation algorithm: enhanced predictive
zonal search (EPZS).

Each frame is coded using nine slices, each consisting of
11 MBs. In order to improve the efﬁciency of the decoder
error concealment algorithm, the FMO tool has been
enabled using the dispersed MB to slice group mapping,
with two slice groups, as described in [37]. We have used
the error concealment algorithm implemented in the
H.264/AVC decoder reference software [29]. The packetization follows the speciﬁcations of the real-time transfer
protocol (RTP) [36] where each packet contains a coded
slice. Finally, the considered PLRs are 3%, 5%, 10%, 20% and
the loss patterns have been generated according to [35].

PLR ¼ 3%

PLR ¼ 5%

PLR ¼ 10%

PLR ¼ 20%

Foreman
Soccer
Coastguard

18
20
19

20
22
25

28
27
28

32
29
32

36
34
PSNR [dB]

In our simulations three QCIF video sequences, namely
Foreman, Soccer and Coastguard, are compressed using the
H.264/AVC reference software (JM13.2) encoder with baseline proﬁle [11]. The source coding parameters for all these
video sequences are listed in Table 1. As for the H.264/AVC
encoder the following parameters have been used:

Sequence name

32
30
28
H.264/AVC concealment only
H.264/AVC with FEC protection
H.264/AVC with adaptive intra refresh
H.264/AVC with Wyner−Ziv protection

26
24
0

2

4

6

8

10

12

14

16

18

20

Packet loss rate [%]
Fig. 7. PSNR vs. PLR for the Foreman sequence.

The FEC scheme adopts ðN; KÞ Reed–Solomon channel
codes. In this case the number of data slices, i.e., K, is ﬁxed
and set equal to 9, while the number of redundant slices,
i.e., ðN  KÞ is chosen to have the same total bitrate of the
proposed WZ scheme.

7.2. Comparison setup
The proposed scheme has been compared with other
widely adopted error resiliency tools: adaptive MB intra
refresh and FEC by means of Reed–Solomon codes.
As for adaptive intra-refresh, the MBs are selected on
the basis of the channel induced distortion estimate
provided by the ROPE algorithm (see Section 4.1). In this
setup, for each inter-coded frame, its MBs are sorted in
descending order according to expected distortion, and
the ﬁrst M MBs are chosen to be intra coded. The number
M is determined in order to spend the same average rate
required by the proposed scheme. We notice that this
technique can be applied also at transcoding time. In this
scenario, the transcoder encodes the MBs selected on the
basis of the ROPE estimate as intra, whilst, for those MBs
that were originally inter coded, it exploits the existing
MVs allowing computational savings.

7.3. Experimental results and discussion
We simulated the transmission of the test sequences
by averaging the PSNR values obtained over 30 channel
realizations. For all the experiments, we protected the
ﬁrst six bitplanes (i.e., J ¼ 6, see Section 5) and the ﬁrst
sixteen DCT subbands in diagonal scanning order (i.e.,
l ¼ 1; . . . ; 16, see Section 5). The corresponding rate overhead due to the encoding of the auxiliary WZ stream is
indicated in Table 2, expressed as a percentage of the main
stream bitrate (128 kbps).
Figs. 7–9 show the performance of the proposed scheme
in terms of robustness to packet losses compared with
adaptive intra-refresh and FECs. We notice that for low
values of PLR (3–5%) the proposed scheme achieves the
same performance as a FEC based scheme. This is expected,
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H.264/AVC with Wyner−Ziv protection

30
25
20

H.264/AVC concealment only
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Fig. 11. PSNR tracks for the Soccer sequence when the PLR is equal to
20%.

Fig. 8. PSNR vs. PLR for the Soccer sequence.
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Fig. 12. PSNR tracks for the Coastguard sequence when the PLR is equal
to 20%.

H.264/AVC concealment only
H.264/AVC with FEC protection
H.264/AVC with adaptive intra refresh
H.264/AVC with Wyner−Ziv protection

40

0

Frame number

Fig. 9. PSNR vs. PLR for the Coastguard sequence.

45

20

125

150

Fig. 10. PSNR tracks for the Foreman sequence when the PLR is equal to
20%.

since FECs are particularly efﬁcient at low PLR, when up to
N  K packet losses per frame can be perfectly recovered. As
the PLR increases (10–20%), the proposed scheme outperforms a FEC based scheme by up to 3.2 dB for the Soccer
sequence at 20% PLR. We can justify this behavior observing
that the performance of FEC codes rapidly degrades once
the error correction capability is exceeded. Conversely, the

proposed scheme exhibits a more graceful degradation and
reduces the effect of drift propagation: this is demonstrated
by temporal PSNR tracks of Figs. 10–12.
The proposed WZ scheme outperforms adaptive intrarefresh at all PLRs. At 3% PLR, the average coding gain is
about 1.35 dB for the Foreman sequence and increases to
up to 2.76 dB at 20% PLR.
Visual quality inspection of the reconstructed sequences
conﬁrms the objective quality measurements. As an
example, Fig. 13 illustrates the 104-th frame of the
Coastguard sequence, which is the last frame within its
GOP. In this case, adaptive intra refresh is unable to cope
with drift propagation. FECs provide a better result,
recovering most of the details of the moving object. We
notice that the proposed WZ scheme signiﬁcantly reduces
the effect of drift, preserving the details in the picture, both
in the moving object and in the background.

8. Conclusions
In this paper, we propose a video coding scheme where
an auxiliary bitstream encoded according to distributed
source coding principles is used to correct errors introduced by packet losses and improve the quality of the
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Fig. 13. Subjective image quality evaluation for the 104-th frame of the Coastguard sequence when the PLR is equal to 20% (concealment only) (adaptive
intra refresh) (FEC protection) (Wyner–Ziv protection).

reconstructed frames. Experimental results reveal that the
proposed scheme has comparable or better performance
than more conventional solutions based on FEC codes or
adaptive intra-macroblock refresh. The novelty and the
advantages of the proposed scheme concern three central
facts: ﬁrst, the channel redundancy can be added over an
already coded bitstream, only requiring local decoding for
the calculation of the channel induced distortion estimate; second, since the syndrome bit rates are allocated at
the transmitter side, the proposed scheme does not use a
feedback channel and thus it can satisfy low end-to-end
delay requirements; third, since the proposed scheme
does not require the original video data to perform UEP, it
is particularly suitable for real video coding applications.
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