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Abstract
Robustness to packet loss is a critical requirement for video communication over packet switched
networks. Intra-coding is an important tool to mitigate the e ects of packet loss by limiting error
propagation. This work proposes an algorithm for optimal intra/inter coding mode selection, while
utilizing the feedback channel that carries acknowledgement information about received packets. The
overall distortion in frame reconstruction at the decoder due to quantization, error concealment (after
packet loss) and error propagation is estimated at pixel-level precision, and is dynamically re ned
based on the feedback information. The estimate is then integrated into a rate-distortion (RD)
framework for optimal selection of coding mode for each macroblock. Simulation results demonstrate
that precise distortion estimation enables the coder to achieve substantial and consistent gains in
PSNR over known state-of-the-art feedback-based mode selection methods.
I. Introduction

Video coder design is facing major new challenges now that packet-switched networks, such as the Internet, have become overwhelmingly important. These networks
can currently provide limited or no end-to-end QoS guarantees. It is also anticipated that wireless extensions to the wired backbone will result in additional packet
losses. Thus, robustness to packet loss has become a critical requirement for video
compression algorithms.
The standard video coding scheme employs inter-frame prediction (with motion
compensation) to remove temporal redundancies. Although this prediction loop is
known to achieve good compression eÆciency, it is more sensitive to channel errors
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as it promotes error propagation in both the spatial and temporal domains. In many
applications, a feedback channel from the receiver to the transmitter is available.
The acknowledgement information provided by the feedback channel can be used
to provide robustness to packet loss via techniques such as Automatic Repeat on
reQuest (ARQ) [1] [2]. Re nements of ARQ schemes include retransmission of highly
compressed video [3] or retransmission of multiple copies of the lost packet in a
single retransmission trial [4]. However, retransmission schemes introduce additional
delays that are undesirable in real-time applications. Other feedback based techniques
for robustness include rate control [5], error tracking [6], error con nement [7] and
reference picture selection [8] [9]. Refer to [10] for a review of such techniques.
In this work, we focus on optimal switching between intra-mode and inter-mode
coding for each macroblock (MB), depending on the feedback information, to provide
resilience to packet loss. By switching o the inter-frame prediction loop for certain
MBs, the reproduced blocks are no longer dependent on past frames and error propagation is stopped. This is a very straightforward and standard-compatible approach,
which incurs no additional delay. However, intra-coding typically requires higher bit
rate than inter-coding and too many intra-coded MBs will signi cantly degrade the
compression eÆciency. Thus, the problem of coding mode selection, to achieve the
right balance between compression and robustness, is very important and has been
studied earlier in the context of networks with feedback. In [6] [11], mode selection
strategies were proposed to intra-code those MBs that have been severely distorted due to packet loss. The main drawback of these methods is that they lack the
ability to accurately estimate, at the encoder, the overall distortion of the decoder
frame reconstruction. Further, they rely on heuristic thresholds to make their mode
decisions.
The contribution of this paper is two fold. First, we develop an algorithm for
recursive computation of the overall distortion of the decoder frame reconstruction
at pixel level precision. This algorithm was rst proposed in [12] in the context of
channels without feedback. In this work, the estimate is dynamically re ned based
on the feedback information received by the encoder and accurately accounts for the
e ects of quantization, error concealment and error propagation. We then incorporate
this estimate within a rate-distortion (RD) framework to select the coding mode
such that the trade-o between compression eÆciency and robustness is optimized.
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Simulation results demonstrate substantial and consistent gains in PSNR over known
state-of-the-art feedback-based mode selection methods. Refer to [13] for a more
comprehensive description of the algorithm.
The paper is organized as follows: Section II states the problem of optimal mode selection with feedback information. The Recursive Optimal per-Pixel Estimate
(ROPE) of the overall distortion at the decoder, and its incorporation within an RD
framework (ROPE-RD) are introduced in section III. Simulation results demonstrating the performance of the ROPE-RD method are given in section IV.
II. Mode Selection Based on Feedback Information

The feedback information is usually not part of the video syntax, but transmitted
in a di erent layer of the protocol stack where control information is exchanged. For
example, in the H.324 low bit rate multimedia communication system [14], the H.245
control protocol [15] allows reporting of the temporal and spatial location of MBs
that could not be decoded successfully. In the H.323-based packet video systems [16],
RTCP [17] provides control information through a backward channel [2]. Compared
to the video bit rate in the forward channel, the bit rate required for sending feedback
is modest. Since, in general, the control information is transmitted using a retransmission protocol, error-free reception of feedback information is normally guaranteed.
In the sequel we will assume reliable transmission of feedback information.
Note that the feedback information arrives at the encoder with some delay. Let
the round trip delay be speci ed by the number of frames, d, encoded during its
duration. After the encoder nishes encoding the n-th frame, it receives the feedback
information for the (n d)-th frame. In this case, the encoder has access to the
exact, albeit delayed, status of the decoder. In other words, the encoder knows the
loss status of each MB at, and prior to, frame (n d). Consequently, it can exactly
compute the decoder reconstruction at, and prior to, frame (n d), as long as we
may assume that the error concealment method employed by the decoder is known.
However, the packet loss history from (n d + 1) to frame n remains unknown to the
encoder at this point. The decoder reconstruction of frames (n d+1); (n d+2); :::; n
must be treated by the encoder as a random signal.
The e ect of packet loss propagates in the spatial direction beyond MB boundaries
due to motion compensation. Thus, only by computing the distortion per each indi-
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vidual pixel can we accurately account for error propagation. Further, note that the
distortion due to quantization and the distortion due to concealment are not simply
additive. Instead, they are combined in a highly complex fashion to produce the overall distortion. In the next section, we derive an algorithm to recursively compute the
overall decoder distortion at pixel level precision, for the given packet loss rate and
error concealment technique in use at the decoder. The proposed estimate is dynamically re ned to account for new feedback information. This estimate is integrated
within an RD framework to select coding modes that optimize the tradeo between
the overall rate and overall distortion.
III. Optimal Mode Selection for Robustness

A. Preliminaries

We form a group of blocks (GOB) from all the MBs in a particular row (slice), and
assume that each GOB is carried in a separate packet. In this setting, the loss rate
of a pixel equals the packet loss rate p. We assume that the packet loss rate, p, is
available at the encoder. This can be either speci ed as part of the initial negotiations,
or adaptively calculated from information provided by the transmission protocol such
as RTCP [17].
If a packet is lost, the decoder performs error concealment. Here we use the temporal replacement method as follows: The motion vector of a lost MB is estimated
as the median of the motion vectors of the nearest three MBs in the previous GOB
(above). When the previous GOB is also lost, the estimated motion vector is set
to zero. The missing pixels are replaced by the corresponding pixels in the previous
frame.
B. Recursive Optimal per-Pixel Estimate of the Distortion

Let fni denote the original value of pixel i in frame n, and let f^ni denote its encoder
reconstruction. The reconstructed value at the decoder, possibly after error concealment, is denoted by f~ni . For the encoder, f~ni is a random variable. Using the mean
square error as distortion metric, the overall expected distortion for this pixel is
din = E f(fni

2
f~ni ) g = (fni )2

2fni E ff~ni g + E f(f~ni )2 g:

(1)

The computation of din requires the rst and second moments of each random
variable in the sequence f~ni . We develop recursion functions to sequentially compute
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these two moments. For the recursion step, we consider two cases depending on
whether the pixel belongs to an intra-coded MB or an inter-coded MB.
B.1 Pixel in an Intra-coded MB:
When the packet containing the intra-coded MB to which the pixel i belongs is
received correctly, we have f~ni = f^ni , and the probability of this event is 1 p. If the
packet is lost, the estimated motion vector is used to associate pixel i in the current
frame with pixel k in the previous frame when the previous GOB is available, or
pixel i in the previous frame otherwise. We thus have f~ni = f~nk 1 with probability of
p(1 p), and f~ni = f~ni 1 with probability p2 . Thus:
E ff~ni g = (1
+ p(1
E f(f~ni )

2

g

= (1

p)(f^ni )

p)E ff~nk
2
p)(f^ni )

1

g + p2 E ff~ 1g;
i
n

2
p)E f(f~nk 1 ) g
2
+ p2 E f(f~ni 1 ) g:

(2)

+ p(1

(3)

B.2 Pixel in an Inter-coded MB:
Let the true motion vector of the MB be such that pixel i is predicted from pixel
j in the previous frame, and let the quantized residue denoted by e^in . Thus we
have e^in = f^ni f^nj 1 . But even when the residue is received correctly, the decoder
reconstruction of pixel i is still given by f~ni = e^in + f~nj 1 . This explains how the error
propagates even if current packets are correctly received. If the packet is lost, the
decoder performs error concealment in a manner identical to that of an intra-coded
MB. Thus:
E ff~ni g = (1
2
E f(f~ni ) g

p)(^ein + E ff~nj 1 g)
+ p(1 p)E ff~nk 1 g + p2 E ff~ni
2
= (1 p)E f(^ein + f~nj 1 ) g
2
+ p(1 p)E f(f~nk 1 ) g
2
+ p2 E f(f~ni 1 ) g:

1

g;

(4)

We reemphasize that these recursions are performed at the encoder in order to
calculate the expected distortion at the decoder precisely per pixel. The estimate is
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precise for integer-pixel motion estimation. In the half-pixel case, the use of bilinear
interpolation makes the exact computation of the second moment highly complex.
However, we found the estimate is well approximated by the simpler recursion of
integer-pixel motion compensation and substantial gains are nevertheless maintained.
C. ROPE Re ned by Feedback Information

We now extend the ROPE estimator to the feedback case. After getting the
acknowledgement with delay d, the encoder rst computes exactly the (n d)-th
frame of decoder reconstruction, by employing error concealment wherever a block
was lost. Then this reconstructed frame is used to initialize the recursion formulas
to compute the rst and second moments of the decoder reconstruction of frames
(n d + 1); (n d + 2); :::; n. Thus, the information obtained via feedback is fully
utilized in re ning the estimate of the overall distortion at the decoder precisely at
the pixel level. Possible losses from frame (n d+1) to frame n are taken into account
in the expectation. This re ned estimate is then incorporated into the rate-distortion
Lagrangian cost and used to optimize mode selection as is explained in the next subsection. Moreover, besides tracking the decoder status, the encoder can also adapt
to variations in packet loss rate p, according to the available feedback information.
This helps to track the network condition and decreases the possibility of mismatch
in packet loss rate.
D. RD-based Mode Selection Algorithm

We incorporate the estimated overall distortion, as computed by the ROPE model,
within the rate-distortion framework in order to automatically choose the number
and the location of the intra-coded MBs. This enables minimization of the overall
distortion (including compression and concealment) for the given packet loss and bit
rate. We refer to the resulting technique as ROPE-RD.
The rate-distortion problem can be recast as an unconstrained Lagrange minimization (J = D + R), where  is the Lagrange multiplier. Since individual MB
contributions to this cost are additive, we choose the optimal encoding mode for each
MB independently by a simple minimization:
min(JMB ) = min(DMB + RMB )

mode

mode

(5)

where the distortion of the MB is the sum of the distortion contributions of the
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Xd:

individual pixels:
DMB =

(6)
2MB
The ROPE model is used to calculate the distortion per pixel, and then decide on the
coding mode per MB via (5).
For each MB, the mode and the quantization step size are selected to minimize the
rate-distortion Lagrangian.
i
n

i

IV. Simulation Results

We implemented the ROPE-RD mode selection strategy by appropriately modifying the Telenor H.263 codec [18]. We assume the RTP payload format for packetizing
the H.263 video stream [19], and that each packet contains only one GOB. A random
packet loss generator is used to drop packets at a speci ed loss rate. The temporalreplacement method for error concealment stated in subsection III-A is used in all the
competing methods, and the rate control scheme of section III-D is used in ROPERD. The peak signal to noise ratio (PSNR) of the reconstruction is computed for each
frame and averaged over the whole sequence. We average the PSNR over 30 di erent
channel realizations (with di erent packet loss patterns).
We compressed 200 frames from each of the two QCIF video sequences carphone
and grandma. We compare the proposed ROPE-RD method with the \same GOB"
method [6] [11] and \error tracking" method [6]. Simulation results are presented for
various bit rates, packet loss rates and feedback delays.
In the \same GOB" method, a forced intra-mode refreshment is employed to the
region where a loss had occurred. The method ignores spatial error propagation due
to motion compensation during the round trip delay. The \error tracking" approach
in [6] intra-updates MBs whose \error energy" is greater than a prede ned threshold.
The \error energy" of a MB is initialized as the sum of absolute di erences between the
original block and the reconstructed block whenever the MB is reported as lost, and
updated through temporal and spatial propagation given the motion vectors. While
the method takes into account spatial error propagation, the estimate is imprecise
as the updates are at the MB level. The \error tracking" method also uses heuristic
thresholds to make mode decisions. During our simulations, we used the threshold of
200. Further, both the \same GOB" and \error tracking" methods ignore the e ects
of possible additional packet losses from frame (n d + 1) to frame n.
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Fig. 1. PSNR vs. packet loss rate. Methods: ROPE-RD(proposed), Error Tracking [6], Same
GOB [6] [11]. Bit rate=300kbps, frame rate=30fps, delay=500ms. Sequences: (a) carphone, (b)
grandma.
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Fig. 2. PSNR vs. bit rate. Methods: ROPE-RD(proposed), Error Tracking [6], Same GOB [6] [11].
Packet loss rate =10%, frame rate=30fps, delay=500ms, Sequence: carphone.

Figure 1 shows the performance versus packet loss rate for a feedback channel with
delay of 500ms. Figure 2 presents the performance versus bit rate for packet loss rate
of 10% and delay of 500ms. The gures provide ample evidence for the superiority
of ROPE-RD, which outperforms the competing methods by 0.32.6dB.
In Figure 3, we present the performance versus feedback delay at packet loss rate
of 10%. The frame rate is xed at 30fps, and the delay is expressed in terms of the
number of frames: d = 0 implies that packet loss information for the n-th frame is
received right after it is encoded.
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Fig. 3. PSNR vs. feedback delay. Methods: ROPE-RD(proposed), Error Tracking [6], Same
GOB. [6] [11]. Bit rate=300kbps, packet loss rate =10%, frame rate=30fps. Sequences: (a)
carphone, (b) grandma.
V. Conclusion

A method is proposed for rate distortion optimized mode selection, which fully
exploits feedback information intelligently to enhance the robustness of video coders
to packet loss. The encoder computes an optimal estimate of the overall distortion of
decoder reconstruction for the given packet loss rate, feedback information and error
concealment method. The algorithm dynamically initializes the estimate to account
for new feedback information and recursively computes the overall distortion at pixellevel precision to accurately account for both temporal and spatial error propagation.
We incorporate the estimate within an RD framework to optimally select the coding
mode for each MB. Simulation results show substantial and consistent gains over stateof-the-art mode selection methods. The proposed method only requires modi cation
of the encoder decisions, and is thus standard-compatible.
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