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ABSTRACT

Multiple Description Coding (MDC) has proven to be a pow-
erful tool for joint source/channel coding applications. In-
deed, MDC offers the possibility of controlling easily the
amount of redundancy introduced in the transmitted sig-
nal while maintaining good quality decoding even when the
channel is noiseless. However, to our knowledge, few work
have been dedicated to the tuning of the redundancy param-
eter according to the channel noise level. Moreover, in case
of non stationary channel a solution must be found to adapt
automatically the amount of redundancy in order to maintain
transmission quality.

In this paper, we propose a MDC method that estimates
the amount of source redundancy that must be dispatched be-
tween the different descriptors according to the channel state.
This method includes a wavelet transform and an optimal bit
allocation process of the binary ressources across the differ-
ent descriptors and the different wavelet subbands. It takes
into account the knowledge of the channel impulse response
which is time variable and reflects accurately the propaga-
tion conditions encountered in a real environment. We fo-
cus on radio frequency wireless transmission. The proposed
method is well suited for wideband mobile communications
where the channel can be modeled as a superposition of a dis-
crete number of paths. Simulations of the proposed MDC for
different number of descriptions and redundancies are per-
formed giving very encouraging results compared with other
state-of-the-art MDC.

1. INTRODUCTION

Recent advances in wireless communications have made pos-
sible the transmission of multimedia content over wireless
channels. The Wireless channels are known to be error
prone what seriously deteriorates the quality of the transmit-
ted signals. In such conditions robust compression schemes
are very important especially for transmission at low bit
rates. Therefore, it is important to devise encoding/decoding
schemes that can make the compressed bitstream resilient to
transmission errors. It is also necessary to design proper in-
terfacing mechanisms between the codec and the network, so
that the codec can adjust its operations based on the network
conditions.

To make the compressed bitstream resilient to transmis-
sion errors one must add redundancy to the stream, so that
it is possible to detect and correct errors. Typically, this is
done at the channel by using Forward Error Correction codes
(FEC). However, it is known the difficulty of FEC in dealing
with variable channels presenting bursts.

An other solution is to use Multiple Description Coders
(MDC). A MDC dispatch the redundancy between different
descriptions of the same source and permits quality scala-
bility since each description correctly received improves the
decoder performance. Also, MDC does not require priori-
tized transmission, as each description is independently de-
codable. Some MD methods exploits the natural correlation
between symbols for reconstruction. These explicit redun-
dancy techniques have the additional advantage of providing
very simple mechanisms for adaptation to changing network
conditions. The key observation is that the level of redun-
dancy can be selected by determining the number of times
a given sample is transmitted, and how many bits should be
used for each of the redundant representations.

The proposed method is based on the Multiple Descrip-
tion Bit Allocation algorithm presented in [1]. This wavelet-
based method exploits the channel capacity to compute the
amount of explicit redundancy to be dispatched between two
different transmission channels (or equivalently two descrip-
tors). The channel capacity reflects long term behavior of
the channel. This measure is thus not sufficient when chan-
nels are highly non-stationary as for wireless communication
systems. Moreover, for wideband mobile communications,
where the channel can be modeled as the superposition of a
discrete number of paths [2] it is necessary to generalize the
proposed MDC to M channels (with M > 2).

In this paper we propose a generalization of the method
proposed in [1] to M channels with different noise charac-
teristics. The paper is organized as follows. In section 2
we presents the global scheme of Multi-channel coding. The
proposed MD allocation for M channels is developed in sec-
tion 3. Then, in section 4 we propose a solution to estimate
the amount of redundancy to dispatch accross the different
descriptors based on the estimation of the impulse response
of the channel. Finally, section 5 presents some first simula-
tion results and section 6 concludes the paper.

2. MULTI-CHANNEL ADAPTIVE ALLOCATION

In the proposed method, explicit redundancy is introduced
so that each sample of the input signal is transmitted more
than once and coded with different accuracy levels. More
precisely, a Discrete Wavelet Transform (DWT) is first per-
formed on input signal and then, the resulting wavelet co-
efficients are repeated in the several descriptions of the MD
coder. The main idea is that, when a group of coefficients is
finely coded in one description it will be coarsely coded in
the others.
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Figure 1: Complete Coding Scheme

The proposed coding scheme is presented in figure 1. We
can divide our problem in two main steps:
MD Bit Allocation The goal of this step is to find, for a

given redundancy between the descriptions, the combi-
nation of scalar quantizers across the various wavelet co-
efficient subbands that will produce the minimum total
central distortion while satisfying the side bit rate con-
straints. For this purpose we generalize the method pre-
sented in [1] to M channels. This generalization is de-
scribed in (section 3). It is important since it permits to
construct a multi-channel adaptive allocation codec. This
proposed codec is well suited for wideband mobile com-
munications where the channel can be modeled as the
superposition of a discrete number of paths [2].

rN Estimation We pretend to take into account the time
varying error behavior of fading radio channels. We re-
member that an rN estimation was proposed in [1] that
uses channel capacity. Such estimation may not be ade-
quate to capture short term changes in the channel. An rN
estimation adapted to radio frequency is thus presented in
4.

3. PROPOSED MD BIT ALLOCATION

For a system considering N subbands of a wavelet decompo-
sition, we minimize the central distortion D0 for a total bit
rate RT . Then, the purpose of the bit allocation for a MD
scheme is to determine the optimal sets of quantization steps
{qi, j}, i = 1, ...,N for descriptions j = 1, ...,M. The parame-
ter RT is given for the bit allocation (Fig. 1).

Th proposed bit allocation problem can be expressed as:

(P)

{

min D0 ({qi,1, ...,qi,M})

Constraints f (R j) 6 0
(1)

Where R j, j = 1, ...,M, is defined in equation (2) and
f (x) = x− RT

M for all x ∈ R.

R j =
N

å
i=1

aiRi, j (qi, j) , for all j ∈ {1, ...,M}. (2)

The parameter ai in equation (2) is the size of the subband

(i) divided by the size of the input source and Ri, j(qi, j), is the
output bit rate in bits per sample for the ith subband.

These bit allocation problem is a constrained problem
which can be solved by introducing the Lagrange operators.
The Lagrangian functional for the constrained optimization
problem is given by equation (3), where l j is the Lagrangian
parameter.

J ({qi,1, ...,qi,M}) = D0 +
M

å
j=1

l j f (R j). (3)

For a source with generalized Gaussian distribution [3],
the central distortion, D0 in equation (3) can be written as
presented in equation (4).

D0 =
N

å
i=1

Diwis2
i,0Di,0 ({qi,1, ...,qi,M}) . (4)

The s 2
i,0Di,0({qi, j}) is the central Mean Square Error (MSE)

for the ith subband in the case of a Generalized Gaussian
distribution, wi are the weights used to take into account
the nonorthogonality of filter bank [4] and Di is a perceptual
weighting. For the calcul of the central distortion of a sub-
band i, Di,0 ({qi, j}) we propose equation (5) where rN j is the
redundancy parameter associated to the redundant subbands.

Di,0 ({qi,1, ...,qi,M}) =
1

s2
i,0

M

å
j=1
j 6=L

rN j s
2
i, jDi, j(qi, j)+

1
s2

i,0
s2

i,LDi,L(qi,L) (5)

where L is the description where subband i is finely coded,
while its coarsely coded (with a factor rN j ) in the other de-
scriptions. Note that the redundancy parameter domain is
[0,1]. The rN = 0 is used when the channel is noiseless and
the rN = 1 is used when a very noisy channel is expected.

The Lagrangian functional (3) can be rewritten as in
equation (6).



J ({qi,1, ...,qi,M}) =
N

å
i=1

Diwis2
i,0Di,0 ({qi,1, ...,qi,M}) (6)

+
M

å
j=1

l j

(

N

å
i=1

aiRi, j (qi, j)−RT /M

)

The solution of (6) is obtained when























¶J ({qi,1, ...,qi,M})

¶qi, j
= 0, for all j = 1, ...,M

¶J ( qi,1, ...,qi,M})

¶l j
= 0 for all j = 1, ...,M.

(7)

The derivative in l j is presented in equation (8).

¶J ( qi,1, ...,qi,M})

¶l j
=

N

å
i=1

aiRi, j (qi, j)−RT /M (8)

The derivative in qi, j is

¶J ({qi,1, ...,qi,M})

¶qi, j
= Diwis2

i,0
¶Di,0 ({qi,1, ...,qi,M})

¶qi, j
+

l jai
¶Ri, j (qi, j)

¶qi, j
(9)

where
¶Di,0 ({qi,1, ...,qi,M})

¶qi, j
can be calculated from equa-

tion (5) as

¶Di,0 ({qi,1, ...,qi,M})

¶qi, j
=

1
s2

i,0

M

å
j=1
j 6=L

rN j s
2
i, j

¶Di, j(qi, j)

¶qi, j
+

1
s2

i,0

s2
i,L

¶Di,L(qi,L)

¶qi, j
(10)

We can simplify equation (10) as presented in equation
(11) where Ci, j is defined in equation (12).

¶Di,0 ({qi,1, ...,qi,M})

¶qi, j
=

1
s2

i,0

Ci, js2
i, j

¶Di, j(qi, j)

¶qi, j
(11)

Ci, j =

{ 1, if j = L

rN j , otherwise.
(12)

Using equation (11) we can rewrite derivative in qi, j
(equation (9)) as

¶J ({qi,1, ...,qi,M})

¶qi, j
= DiwiCi, js2

i, j
¶Di, j(qi, j)

¶qi, j
+

l jai
¶Ri, j (qi, j)

¶qi, j
(13)

Thus, we have

DiwiCi, js2
i, j

¶Di, j(qi, j)

¶qi, j
+l jai

¶Ri, j (qi, j)

¶qi, j
= 0 ⇔

¶Di, j(qi, j)

¶Ri, j (qi, j)
=

−l jai

DiwiCi, js2
i, j

(14)

Finally,using equations (8) and (14) the system (7) can be
rewrite as system (15).

It can be showed that the solution of this allocation
problem is given by solving the system (15) which has
M×(N +1) equations and M×(N +1) unknowns. The solu-
tion provides the optimal sets of quantization steps {qi,1},...,
{qi,M}, for a given sequence of redundancy parameters
rN j , j = 1, ...,M.



















































































¶Di,1

¶Ri,1
(qi,1) =

−l1ai

Diwis2
i,1Ci,1

...

¶Di,M

¶Ri,M
(qi,M) =

−lMai

Diwis2
i,MCi,M

åN
i=1 aiRi,1(qi,1)−RT /M = 0

...

åN
i=1 aiRi,M(qi,M)−RT /M = 0

(15)

The s 2
i, jDi, j(qi, j), j = 1, ...,M are the MSE for the ith

subband in the case of a Generalized Gaussian distribution.
Note that by using bit allocation to determine the level of

redundancy, not only the encoder can adjust itself in a simple
manner, but in addition the decoder can handle packets with
different levels of redundancy without requiring any signifi-
cant changes to its structure.

The main problem of this bit allocation is to choose in-
termediate redundancies, and implicitly intermediate values
of rN j parameter. Remember that we want the amount of
redundancy, i.e., the importance of the redundant subbands,
to depend on the channel characteristics. For this purpose,
in the next section we propose a method to compute the rN
parameter using channel impulse response.

4. RN ESTIMATION FOR ERROR CONTROL

The rN estimation is proposed here to take into account the
time varying behavior of the fading radio channels.

The presented method uses the channel impulse response
(CIR) to adapts to radio frequency wireless transmissions.
The CIR is time variable and accurately reflects the propaga-
tion conditions encountered in real environment.

We propose to compute the matrix channels Hk(t), k =
0, ...,W for the W radio channels, as detailed in [5] for
CDMA systems or in [6] for OFDM systems. These matrices
are computed from

H = (hT
1 ,hT

2 , ...,hT
W ), (16)

where

hw = (h1,w,h2,w, ...,hK,w), w = 1, ...,W (17)



are the channel impulse response of finite order K. Note that
the vector channels hw, w = 1, ...,W have different and time
variant transmission qualities, resulting from the characteris-
tics of the frequency selective wireless fading channel. We
conclude that this channel information should be used when
developing joint source channel coders for wireless transmis-
sions. We present in the following how we use this informa-
tion for the redundancy estimation of our multiple descrip-
tion coder.

A good measure of a matrix energy is given by the Frobe-
nius norm of the matrix

H+
k (t) =

(

HH
k (t)Hk(t)

)−1
HH

k (t), (18)

where [ ]H denotes complex conjugate transpose. So, the
smaller the Frobenius norm is, the better transmission quality
the corresponding channel is expected to provide [6].

We propose to use this norm to estimate the values
rNk ,k = 1, ...,W as presented in equation (19)

rNk = ||H+
k ||F =

√

trace(H+
k (H+

k )H). (19)

At the receiver, a channel behavior estimation is obtained
adaptively from a periodic training or pilot signal. This infor-
mation is sent back to the transmitter, so the transmitter can
use this information to compute the redundancy parameter to
optimally allocate the available vector channels.

5. SIMULATIONS

For 1 bpp central bit rate and 512×512 Lena image, central
PSNR vs. side PSNR is plotted in Fig. 2 and Fig. 3 for
various values of rN between 0 and 1.

We compare our application with the best Multiple De-
scription Coding techniques we know to date that are pre-
sented in [7, 8].

Results for different number of descriptions will be pre-
sented in the final version.
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Figure 2: Side PSNR vs Central PSNR. Comparison of the
proposed method with the method in[8]

6. CONCLUSIONS

We present an MDC method for M channels where the re-
dundancy estimation applied to each description is estimated
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Figure 3: Side PSNR vs Central PSNR. Comparison of the
proposed method with the method in[7]

on the channel information. The descriptions redundancy is
thus estimated using the channel impulse response, charac-
terized by Frobenius norm metrics based on channel estima-
tion at receiver. This information is sent back periodically to
the transmitter.
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