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Abstract

In this work, we analyze the effect of packet loss caused by channel errors on the decoded video
quality at the receiver end, and propose an analytic channel distortion model. Coupled with the
source coding rate-distortion (R-D) model developed in our previous work [1], a low-complexity
end-to-end R-D model is developed for packet video coding and transmission over wireless
network. This end-to-end R-D model enables us to develop an optimal joint source-channel bit
allocation and rate control algorithm. The proposed algorithm is able to choose appropriate
coding parameters for the source and channel encoders, which results in significantly improved

video presentation quality at the receiver end.

I. Introduction

With the increasing bandwidth in the third generation (3G) mobile networks and growing demand
for visual communication, packet video transmission over wireless network becomes possible and
has received much attention during the past few years. Due to the limited bandwidth of the wire-
less channels, video signals need to be highly compressed using some very efficient video coding
algorithms, such as H.263 [2] and MPEG-4 [3]. On the other hand, due to the error-prone nature of
wireless channels, error control techniques such as forward error correction (FEC) and automatic
repeat request (ARQ) are desired to add controlled redundancy to ensure reliable video transmis-
sion. Because of stringent delay constraint for real-time video transmission, it is often considered
more beneficial to apply FEC than to use ARQ.

In a FEC-based video transmission system, one of the key problems is joint source-channel
rate control. Given channel conditions, such as transmission bandwidth and channel bit error rate
(BER), the encoder needs to find out the optimal bandwidth allocation between source coding
and channel coding so that the overall video quality degradation at the receiver end is minimized.
Note that an end-to-end video coding and transmission system consists of two major components:
source coding and network transmission. Correspondingly, the picture distortion at the receiver



end is mainly caused by quantization errors in source coding and channel errors (or packet loss)
in network transmission. These two types of distortion are called “source distortion” and “channel
distortion”, respectively. The source distortion analysis involves the modeling of the complex
encoding process. In channel distortion analysis, we need to model the video transmission related
operations, such as bits stream packetization, transmission errors, channel coding and decoding,
video decoding, error concealment, etc.

A. Related Works

For a given source coding bit rate Rg, to estimate the corresponding source distortion D, we
need to model and analyze the R-D behavior of the video encoder. Due to the large variation in
the characteristics of input videos and sophisticated data representation schemes employed by the
coding algorithm, accurate modeling and control of the R-D behavior of the video encoder remains
a challenging problem. In the literature, operational R-D estimation is often used, where the R-D
curve is constructed from actual R-D measurements [4, 5]. To reduce the computational complexity,
in MPEG-4 VM7 [6] and H.263 TMNS [7] rate control algorithms, the coding statistics of previous
frames or macroblocks (MBs) are employed to estimate the R-D model parameters for the current
frame or MB.

Standard video coding, such as H.263 and MPEG-4, employ a motion compensation based
discrete cosine transform (MC-DCT) coding scheme. While motion compensation significantly
improves the coding efficiency, it also causes error propagation when transmission errors occur,
which may significantly degrade the picture quality at the receiver end. In channel distortion
analysis, we need to model this inter-frame error propagation. In addition, the channel distortion
analysis also needs to consider the specific source/channel decoding schemes, packetization method,
patterns of the channel errors, error concealment, etc. Several approaches for channel distortion
estimation have been proposed in the literature [8, 9]. To analyze the video transmission over
lossy channel, a heuristic approach is introduced in [8], where the channel distortion formula is
derived based on a leaking filtering model of the video decoder. An experimental approach using
statistical simulation of the video decoder at the encoder side is employed in [9] to estimate the
channel distortion under error concealment. Such scheme involves potentially high computational
complexity and implementation cost, which is prohibited in wireless video communication.

B. Proposed Work

In this paper, based on the statistical analysis of the inter-frame error propagation, error conceal-
ment, and channel decoding, we develop an analytic formula for the channel distortion. Coupled
with the accurate and robust source R-D models developed in our previous work [1], a joint source-
channel rate control scheme is proposed for wireless video coding and transmission. This end-to-end
R-D analysis framework can be applied to any standard DCT-based motion-compensated video cod-
ing scheme and any video sequence. The simulations show that the optimal joint source-channel
rate control can achieve up to 1.5 dB PSNR gain, comparing with the conventional threshold-based
scheme.



The rest of the paper is organized as follows. Section II reviews the source R-D models and
rate control algorithm developed in our previous work [1]. The channel distortion model and the
adaptive estimation scheme are presented in Section III. In Section IV, based on the source and
channel R-D models, we propose an optimal joint source-channel bit rate allocation and control
algorithm. The experimental results are presented in Section V. Some concluding remarks are given
in Section VI.

II. R-D Analysis of Source Coding

In our previous work [1], we have developed a robust and accurate R-D model for DCT-based video
coding. Specifically, in this model, we consider the source coding bit rate R; and distortion D, as
functions of p defined to be the percentage of zeros among the quantized DCT coefficients. This
consideration is based on the following observation. In the classical R-D analysis, Rs and Dg are
treated as functions of the quantization parameter (or step size) q. We notice that in standard
DCT-based video coding p monotonically increases with ¢. (In other words, the increase of ¢ will
typically result in more zeros among the quantized DCT coefficients.) This implies that there is a
one-to-one mapping between p and g. Therefore, mathematically, Rs; and Dy are also function of
p. We observe that, in the p domain, the R-D functions have unique behavior. Specifically, Rs has
a linear relationship with p. Mathematically, we have

Rs(p) =0-(1—p)+ Cp, (1)

where 6 is a constant, and C), represents the number of bits for header information and motion
vectors which do not depend on the quantization step size. In the p-domain, we have also developed
the following source distortion model,

Dy(p) = o™ (177), (2)

where o2 is the variance of the source data and « is a constant. Our extensive experimental results
in [1] have shown that the above R-D models are very accurate. Based on the rate model (1), a
linear rate control algorithm has also been developed, with which we can control the video encoder
to achieve the target bit rate accurately and robustly. A detailed treatment of these R-D models
and corresponding rate control algorithm can be found in [1].

III. Channel Distortion Analysis

In wireless video transmission, channel coding is used to correct bit errors in the compressed
video data stream. Due to channel error mismatch and the limited error correction capacity of
the channel decoder, bits errors often still exist even after error correction. When a corrupted
codeword cannot be correctly decoded, the video decoder will jump to the next slice starting with
a re-synchronization mark with all the intermediate bits being skipped. In other words, the whole
packet is lost. We denote the packet loss ratio as p. If we assume each packet contains the same
number of macroblocks or pixels, then the loss ratio of pixels is also p.



Let F(n,i) be the original value of pixel  in the n-th video frame, and F(n,i) be the corre-
sponding reconstruction value in the feedback loop at the encoder. We denote the reconstruction
value at the receiver end as F(n,i). For intercoded macroblocks (MBs), let e(n,i) be the motion
compensation difference at the encoder. Let é(n,4) and é(n,i) be the corresponding reconstruction
values at the encoder and decoder, respectively. Due to the randomness of channel errors, F(n, 1)
and é(n,i) are random variables. Therefore, we can only model and analyze the expected picture
distortion at the receiver end which is given by

D(n) = E{[F(n,i) - F(n,i)]*}. (3)

Meanwhile, we define source coding distortion D4(n) and channel distortion D.(n) as
Dyn) = E{[F(n,i)—Fni?}, (4)
De(n) = E{[F(n,i) - F(n,i)’}. (5)

In the following experiment, we show the quantization error and the channel error are uncorre-
lated. We code the “Foreman” QCIF video at 96 kbps and 15 fps with MPEG-4 and simulate the
transmission with packet loss at a loss rate of 2%. In Fig. 1, we plot the D(n) and Ds(n) + D.(n)
for each frame. It can be seen that D(n) is approximately equal to Ds(n) + D.(n). This implies
the quantization error and channel error are uncorrelated with each other. Using the R-D models
presented in Section II, we can accurately estimate Dgs(n). Therefore, the only thing left is to
estimate D.(n).
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Figure 1: Comparison between the overall distortion D(n) and Ds(n) + D.(n) for “Foreman” QCIF video
coded at 96 kbps and 15 fps and a loss rate of 2%.

A. Channel Distortion Model

At the decoder side, we assume the following error concealment scheme: If a MB is skipped by the
decoder, both the motion vectors and the texture information are lost. The decoder simply copies
the MB at the same location from the previous decoded frame. Based on this error concealment



scheme, we provide a statistical analysis of the channel distortion. For pixels in intracoded MBs,
the expected channel distortion is given by

E{[F(n,i) - F(n,i)*}
= (1-p)- B{[F(n,i) - F(n,i)

§
= p-B{[F(n,i)— F(n —11)12}
= p-RFD(n,n—1)+p-D.(n—

D¢ (n)

Vp B{[F(n.i) - F(n— 1,1}
+p-B{[P(n—1,0) - F(n— 1,0}
1), (6)

n

where RF D(n,n — 1) represents the mean square error (MSE) between the reconstructed frames n
and n — 1. It should be noted that the third identity in (6) is based on uncorrelation between the
frame difference and the channel distortion. Note that, before quantization and coding, F(n, i) is
not available. Therefore, RF'D(n,n — 1) can not be evaluated directly. However, we do know the
MSE between the original frames n and n — 1, defined as

Faln,n=1) = E{[F(n,i) - F(n—1,i)]*}. (7)
If we assume
RFD(n,n—1)=a-Fy(n,n—1), (8)

where a is a constant, (6) then becomes
D{(n) = ap: Fa(n,n 1) +p- De(n —1). (9)

Heuristically, the encoder can be regarded as a low-pass filter [8] which removes the information
and reduces the overall energy in the original picture. From (8) we can see that the constant a
describes the energy reduction of this low-pass filter.

For a pixel in intercoded MBs, in case of no channel errors, its reconstruction value is é(n,i) +
F(n —1,7) where pixel j is the motion prediction of pixel 7. If the MB is lost, the reconstruction
value of pixel 7 is F(n —1,4), which is copied from the previous decoded frame. Therefore, we have

E{[F(n,i) - F(n,i)]}
= (1=p)- B{[F(n,i) = é(n,i) = F(n = 1,5)} +p- E{[F(n,i) = F(n—1,i)]?}
= (1-p) E{[F(n—1,j) = F(n = 1,)*} + p- RED(n,n —1) + p- De(n — 1). (10)

D{ (n)

Note that {F(n—1,7)} is the motion prediction frame. Obviously, it is different from {F(n—1,4)}
because different pixels in frame n may refer to the same pixels in frame n — 1. If we assume

E{[F(n—1,j) = F(n—1,5)2} = b-Dy(n - 1) (11)
where b is a constant, we have

DP(n) = [(1 = p)b+p] - Deln— 1) + pa- Fa(n,n — 1), (12)



In frame n, let M be the total number of MBs and L be the number of intracoded MBs. § = % is
then the intra refreshing rate. The overall channel distortion can be approximated by
De(n) = BD{(n)+(1—p)D¢ (n)
= [1=8)1 =p)b+p]-De(n— 1)+ pa- Fy(n,n —1)

= FI'DC(n_l)"i_F?']:d(nan_l)a (13)
where
I1=0-pb+p, T2=pa. (14)
Solving the recursive equation (13), we have,
De(n) =TT - D,(0) +b> TF- Fy(k, k- 1). (15)
k=1

In wireless video communication over noisy channels, if the feedback information on the channel
condition and transmission status is given, the encoder knows the decoded picture quality of frame
n — d and its previous frames, where A is the feedback delay (in the unit of frame interval). In
other words, {D.(n — A —m)|m > 0} are available at the encoder through the channel feedback
information. Eq. (13) or (15) is then used to calculate D.(n). The model parametesr a and b can
also be adaptively estimated or adjusted with feedback information.

B. Estimate Pixel Loss Rate

In wireless video communication over a noisy channel, the channel introduces bit errors into the
coded video bits stream. In this paper, we consider a random binary symmetric channel (BSC)
model and use (N, K) Reed-Solomon (RS) block codes with 8 bits per symbol. The code rate
r = K/N is determined by the joint source-channel bit allocation scheme proposed in Section IV.
Note that in the RS codes, any error pattern with no more than
N-K

= (16)
symbol errors can be corrected. We denote the symbol error rate (SER) as £. The decoded symbol

T=|

error rate is then given by

K N-K o o
Ea=1-3 > (F)G F)eH (1-&)N 7 n(ing), (17)
i=0 j=0
where
. 1, if i+ <T;
n(i, j) = . . (18)
(K —1i)/K, otherwise.

Once a symbol cannot be corrected by the RS decoder, it will be detected by the video decoder
due to the syntax violations. In this case, the decoder will jump to the next slice starting with a
re-synchronization mark and skips all the intermediate symbols. Suppose the slice has L symbols.
The loss rate of the slice is determined by

p=1-(1-&)", (19)

which is used by the channel distortion model (13).



IV. Joint Source-Channel Bit Allocation

To minimize the overall picture distortion at the receiver end, we need to adjust the parameters
of the video encoder and the RS codes for different input video sequences and different channel
conditions. Specifically, given a channel bandwidth Ry, we need to perform optimal bit allocation
between source and channel coding. From (13) we can see that the channel distortion D, is a
function of p, which is in turn a function of the channel coding rate R, = (1 — r)Ry. Therefore,
the optimal joint source-channel bit allocation can be formulated as follows,

Orgnrigl D(r) = D.[(1 —r)- Rr]+ Ds[r- Rr]. (20)
Based on the R-D estimation schemes presented in Section 2 and 3, an optimal bit allocation
algorithm is proposed as follows:

e Step 1. Estimate source coding distortion. With (1) and (2), estimate the source coding D-R,
function Dg(Rg) which is stored as a look-up table.

e Step 2. Estimate channel distortion. Calculate the frame difference Fy(n,n —1). Note that
the frame differences of all the previous frames are already available. Based on the previous
picture quality information {D.(n—d—m), p}, using Egs. (13) and (19), estimate the decoded
picture distortion of the current frame n for any given RS coding rate r.

e Step 3. Determine the optimal coding rate. Find r which minimize D(r) in (20).

e Step 4. Encoder rate control. The target bit rate for source coding is given by r - Ry. The
linear rate control algorithm proposed in [1] is employed to achieve this target bit rate.

o step 5. Update model parameters. Based on the source coding statistics, update the model
parameters # and « as described in [1]. Based on the new feedback information from the
decoder, update the channel distortion model parameters a and b.

V. Experimental Results

We have implemented the above R-D estimation and optimum bit allocation algorithm in the
MPEG-4 codec. In our simulations, each frame is partitioned into 5 packets with approximately
equal number of MBs. With MB interleaving, each packet contains every fifth MB in the raster
scan order, and starts with a re-synchronization mark. Such type of MB interleaving helps the
error concealment at the decoder side [10]. The coded video data stream is further coded by RS
codes. A random bit error generator is used to produce bit errors at a specified error rate. At the
receiver end, the corrupted bits stream is first RS decoded to correct the bit errors. The temporal
replacement concealment scheme is applied at the video decoder. For different input video sequences
and channel conditions, we test the proposed joint source-channel bit allocation and rate control
algorithm, and compare it with the conventional threshold-based bit allocation scheme.

First, we test the accuracy of the channel distortion model (13). To this end, we run the
modified MPEG-4 codec over “Carphone” QCIF video at 96 kbps without Intra-frame refreshing.



In other words, the channel distortion in the first P-frame propagates to the end of the sequence
without being stopped. In Fig. 2, we plot actual channel distortion and the estimated one for each
frame at various feedback delays (1, 3, 5, 9, 15 and 20 frames). It can be seen that the estimation
is very accurate even if we use the feedback information of many frame intervals ago.

Next, we demonstrate the performance of the proposed adaptive rate allocation and control
algorithm. In Fig. 3, we plot the decoded picture quality for “Foreman” QCIF video coded at 96
kbps and 15 bps when the proposed adaptive rate control algorithm and the conventional threshold-
based bit allocation algorithm are applied. For the threshold-based scheme, the SER threshold is set
t0 0.1%. In Table I, we summarize the PSNR results for different input video sequence and different
SER threshold settings. Fig. 4 show the Frame 100 in decoded videos when the proposed algorithm
(right) and the conventional threshold-based scheme (left) are applied. It can be seen that with
adaptive rate allocation and control, the video encoder always chooses appropriate source/channel
coding bit rates and encoder settings, which yields significantly improved picture quality at the
receiver end.

VI. Conclusion

In this paper, we have presented a statistical analysis of the picture distortion introduced by channel
errors, namely, channel distortion. Compared to other channel distortion estimation models, this
scheme has much lower computational complexity and implementation cost, which is highly desir-
able in wireless video communication applications. Coupled with the source coding rate-distortion
(R-D) models developed in [1], an optimal joint source-channel bit allocation and rate control algo-
rithm is proposed. Our experimental results show that the proposed adaptive rate allocation and
control algorithm significantly improves the decoded picture quality.
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Figure 2: Channel distortion estimation results for “Carphone” QCIF video coded at 96 kbps, 15
fps and a packet loss ration of 5%. The title of each sub-figure shows the number of frames in

feedback delay.
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Figure 3: Decoded picture quality comparison when the proposed joint source-channel bit allocation
scheme and the threshold-base scheme are applied. The video sequence is “Foreman” coded at 96

kbps, 15 bps and a BER of 0.01%

Figure 4: Comparison between the decoded pictures when the proposed joint source-channel bit
allocation scheme (right) and the threshold-base scheme (left) are applied. The video sequence is
“Carphone” coded at 64 kbps, 15 bps and a BER of 0.01%



