ITU-Telecommunications Standardization Sector

STUDY GROUP 16

Document Q15-H-24

Filename: q15h24.pdf

Video Coding Experts Group (Question 15) 30 July "99
Eighth Meeting: Berlin, Germany, 3-6 August, 1999
Question:  Q.15/SG16
Source: Thomas Wiegand, Niko Farber, and Tel: +49 9131 8527117
Bernd Girod Fax: +49 9131 85278849
Telecommunications Laboratory Email: wiegandnt.e-technik.

University of Erlangen-Nuremberg
Erlangen, Germany

uni-erlangen.de

Title: Error-Resilient Video Transmission Using Long-Term Memory

Motion-Compensated Prediction

Purpose: Proposal

The appended pre-publication draft contains the current status of our work on error-resilient
video transmission using the Annex on Enhanced Reference Picture Selection (Annex U).



Error-Resilient Video Transmission Using
Long-Term Memory Motion-Compensated

Prediction
Thomas Wiegand, Niko Farber, and Bernd Girod

Telecommunications Laboratory
University of Erlangen-Nuremberg
Erlangen, Germany
E-Mail: [wiegand,faerber,girod]@nt.e-technik.uni-erlangen.de

Abstract— Long-term memory prediction extends the spa-
tial displacement vector utilized in hybrid video coding by
a variable time delay permitting the use of more than one
reference frame for motion compensation. This extension
leads to improved rate-distortion performance. However,
motion compensation in combination with transmission er-
rors leads to temporal error propagation that occurs when
the reference frames at coder and decoder differ. In this pa-
per, we present a framework that incorporates an estimated
error into rate-constrained motion estimation and mode de-
cision. Experimental results with a Rayleigh fading channel
show that long-term memory prediction significantly out-
performs the single-frame prediction H.263-based anchor.
When a feedback channel is available, the decoder can in-
form the encoder about successful or unsuccessful transmis-
sion events by sending positive (ACK) or negative (NACK)
acknowledgments. This information is utilized for updat-
ing the error estimates at the encoder. Similar concepts
such as the ACK and NACK mode known from the H.263
standard are unified into a general framework providing su-
perior transmission performance. As it turns out in our
experiments, the transmission of long-term memory predic-
tion coded video over noisy channels provides larger gains
than in the case of error free transmission compared to the
single-frame prediction H.263-based anchor indicating im-
proved error resilience.

I. INTRODUCTION

With continuously dropping costs of semiconductors, we
might soon be able to increase the memory in video codecs
to possibly hundreds or even thousands of video frames.
Algorithms to take advantage of such large memory capac-
ities, however, are in their infancy today. This has been the
motivation for our research into long-term memory motion-
compensated prediction (MCP). Long-term memory MCP
as an approach to improve coding performance has been
demonstrated to be efficient [1], [2], [3]. The ITU-T has
decided to adopt this feature as an Annex to the H.263
standard. In this paper, we show that the idea can also
be applied to the transmission of coded video over noisy
channels at improved performance.

In recent years, several standards such as H.261, H.263,
MPEG-1, and MPEG-2 have been introduced which mainly
address the compression of video data for digital storage
and communication services. H.263 [4] as well as the other
standards utilize hybrid video coding schemes which consist
of block-based MCP and DCT-based quantization of the
prediction error. Also the future MPEG-4 standard [5]

will follow the same video coding approach, but targeting
different applications than H.263.

The H.263-compressed video signal is extremely vulner-
able to transmission errors. In INTER mode, i.e.; when
MCP is utilized, the loss of information in one frame has
considerable impact on the quality of the following frames.
As a result, temporal error propagation is a typical trans-
mission error effect for predictive coding. Because errors
remain visible for a longer period of time the resulting ar-
tifacts are particularly annoying to end users. To some ex-
tent, the impairment caused by transmission errors decays
over time due to leakage in the prediction loop. However,
the leakage in standardized video decoders like H.263 is not
very strong, and quick recovery can only be achieved when
image regions are encoded in INTRA mode, i.e., without
reference to a previous frame. The INTRA mode, however,
is not selected very frequently during normal encoding. In
particular, completely INTRA coded key frames are not
usually inserted in real-time encoded video as it is done
for storage or broadcast applications. Instead, only single
MBs are encoded in INTRA mode for image regions that
cannot be predicted efficiently.

The Error Tracking approach [6], [7], [8], [9] utilizes the
INTRA mode to stop inter-frame error propagation but
limits its use to severely impaired image regions only. Dur-
ing error-free transmission, the more effective INTER mode
is utilized, and the system therefore adapts to varying chan-
nel conditions. Note that this approach requires that the
encoder has knowledge of the location and extent of erro-
neous image regions at the decoder. This can be achieved
by utilizing a feedback channel between transmitter and
receiver. The feedback channel is used to send Negative
Acknowledgments (NACKSs) back to the encoder. NACKs
report the temporal and spatial location of image content
that could not be decoded successfully and had to be con-
cealed. Based on the information of a NACK, the encoder
can reconstruct the resulting error distribution in the cur-
rent frame, i.e., track the error from the original occurrence
to the current frame. Then, the impaired MBs are deter-
mined and error propagation can be terminated by INTRA
coding these MBs.

In this paper, we extend the Error Tracking approach

DRAFT, July 30, 1999



to cases when the encoder has no knowledge about the
actual occurrence of errors. In this situation the selec-
tion of INTRA coded MBs can be done either randomly or
preferably in a certain update pattern. For example, Zhu
[10] has investigated update patterns of different shape,
such as 9 randomly distributed macroblocks, 1x9, or 3x3
groups of macroblocks. Though the shape of different pat-
terns slightly influences the performance, the selection of
the correct INTRA percentage has a significant higher in-
fluence. In [11] and [12] it has been shown that it is ad-
vantageous to consider the image content when deciding
on the frequency of INTRA coding. For example, image
regions that cannot be concealed very well should be re-
freshed more often, whereas no INTRA coding is necessary
for completely static background. In [13], a trellis is used
to estimate the concealment quality to introduce a bias into
the macroblock mode decision.

Similar to the Error Tracking approach, the Reference
Picture Selection (RPS) mode of H.263+ also relies upon a
feedback channel to efficiently stop error propagation after
transmission errors. This mode is described in Annex N,
and 1s based on the NEWPRED approach that was sug-
gested in [14]. A similar proposal as NEWPRED has been
submitted to the MPEG-4 standardization group [15]. In-
stead of using the INTRA coding of macroblocks, the RPS
mode allows the encoder to select one of several previously
decoded frames as a reference picture for prediction. In
order to stop error propagation while maintaining the best
coding efficiency, the available feedback information can be
used to select the most recent error-free frame.

Note that also erroneous frames could be used for pre-
diction, if the concealment strategy at the decoder would
be standardized. In this case, the encoder could exactly
reconstruct the erroneous reference frames at the decoder
based on ACK and NACK information. Because of the lack
of a standardized concealment strategy and the involved
increase in complexity, this approach is not considered in
the description of Annex N. Instead, it is assumed that
only error-free are selected as reference frames. However,
for very noisy transmission channels, it can be difficult to
transmit complete frames without any errors. In this case,
the most recent error-free frame can be very old and hence
ineffective for MCP. Therefore, the Independent Segment
Decoding (ISD) mode as described in Annex R of H.263
has been specified. The ISD mode was suggested in [16].
In the ISD mode, the video sequence is partitioned into
sub-videos that can be decoded independently from each
other. A popular choice is to use a group of blocks (GOB)
as a sub-video. In a QCIF frame, a GOB usually consists
of a row of 11 macroblocks [4]. The ISD mode significantly
reduces the coding efficiency of motion compensation, par-
ticularly for vertical motion, since image content outside
the current GOB must not be used for prediction. In this
paper, we will not use the ISD mode. Rather, we specify a
simple concealment algorithm that is known to encoder and
decoder and incorporate it into the encoding algorithms.

Reference Picture Selection can be operated in two dif-
ferent modes. In the ACK mode correctly received im-

age content is acknowledged and the encoder only uses ac-
knowledged image content as a reference. If the round trip
delay is greater than the encoded picture interval, the en-
coder has to use a reference frame further back in time.
This results in a decreased coding performance for error-
free transmission. In the case of transmission errors, how-
ever, only small fluctuations in picture quality occur. The
second mode is called NACK mode. In this mode only
erroneously received image content is signaled by sending
negative acknowledgments. During error-free transmission,
the operation of the encoder is not altered and the previ-
ously decoded image content is used as a reference. Both
modes can also be combined to obtain increased perfor-
mance as demonstrated in [17], [18].

In [19], multiple reference frames have been proposed for
increasing the robustness of video codecs. Error propaga-
tion is modeled using a Markov approach which is used to
modify the selection of the picture reference parameter us-
ing a strategy called random lag selection. However, the
modifications to the coder control are heuristical. More-
over, the actual concealment distortion, the motion vector
estimation and the macroblock mode decision are not con-
sidered. In this paper, we propose rate-constrained long-
term memory prediction for efficient transmission of coded
video over noisy channels. For that, the coder control takes
into account the rate-distortion trade-off achievable for the
video sequence given the decoder as well as the transmis-
sion errors introduced by the channel. We present a frame-
work that unifies concepts such as Error Tracking, ACK,
and NACK mode. Furthermore, the proposed framework
can also be used to increase the robustness against trans-
mission errors when no feedback is available. This paper
is organized as follows. In Section II, the video codec is
described. Given the constraints of the video codec, the
proposed coder control is described in Section III. Sec-
tion I'V presents experimental results that evaluate the new
approach.

II. THE VIDEO CODEC

The video codec employed in this paper is based on the
H.263 standard. Our motivation for that choice is (i) the
algorithm is well defined [4], (¢7) the test model of the H.263
standard, TMN-10, can be used as reference for compari-
son, and (iii) the H.263 Recommendation specifies a state-
of-the-art video coding algorithm. In the following, we will
describe the extensions made to the H.263+ video codec.

A. Long-Term Memory Motion-Compensated Prediction

Long-term memory motion-compensated prediction ex-
tends the motion vector utilized in hybrid video coding
by a variable time delay permitting the use of several de-
coded frames instead of only the previously decoded one for
block-based motion compensation. The frames inside the
long-term memory which is simultaneously built at encoder
and decoder are addressed by a combination of the codes
for the spatial displacement vector and the variable time
delay. Hence, the transmission of the variable time delay
potentially increases the bit-rate which has to be justified
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by improved MCP. This trade-off limits the efficiency of B. Resynchronization after Errors

the proposed approach.

Previous

Video in
Reconstructed Frame
Frame Memory 1 [ | ‘
¢ Block-Based
Multiple .
Long-Term r<— Frame — Erame Motion-
Memory : Memory 2 . Motion- — Compensated
Control <+ ™ Compensated Frame
Predictor
Frame
" Memory M|
Fig. 1. Long-Term Memory Motion-Compensated Predictor.

The architecture of the long-term memory predictor is
depicted in Fig. 1. This figure shows an inter-frame pre-
dictor with several frame memories (M, M > 1) that are
arranged using the memory control. The memory control
may operate in several modes. In this paper, a sliding
time window is accommodated by the memory control unit
as depicted in Fig. 1. For that, past decoded and recon-
structed frames starting with the immediately preceding
one and ending with the frame which has been decoded M
frame intervals before are collected in the frame memories
1to M.

Incorporating long-term memory prediction into an
H.263-based video codec requires changes to the syntax.
The H.263 syntax is modified by extending the inter-
prediction macroblock modes in order to enable multi-
frame MCP. More precisely, the inter-prediction mac-
roblock modes INTER, and UNCODED are extended by
one code word representing the picture reference parame-
ter for the entire macroblock. The INTER-4V macroblock
mode utilizes four picture reference parameters each asso-
ciated to one of the four 8 x 8 block motion vectors.

The variable length code (VLC) table for the picture
reference parameter is specified in Tab. I. Using the VLC
table, 1 bit is assigned to the picture reference parameter
with index 0, 3 bits to the picture reference parameters
with indexes 1 and 2 etc.

TABLE I
VLCs FOR PICTURE REFERENCE PARAMETER. THE x; ARE BINARY

NUMBERS.
Picture Reference Number Code
Parameter A of Bits
0 1 1
“zo”+1 (1,2) 3 0,0
“1‘01‘1”%—3 (36) 5 Ol‘lll‘oo
“l‘ol‘ll‘zn—k? (714) 7 Ol‘zll‘lll‘oo

Because the multiplexed video bit-stream consists of VLC
words, a single bit error may cause a loss of synchroniza-
tion and a series of erroneous code words at the decoder.
The common solution to this problem is to insert unique
synchronization code words into the bit-stream in regular
intervals, usually followed by a block of “header” bits. The
H.263 standard supports optional GOB-headers as resyn-
chronization points which are also used throughout this pa-
per. As mentioned above, a GOB in QCIF format usually
consists of 11 macroblocks that are arranged in one row.
Because all information within a correctly decoded GOB
can be used independently from previous information in
the same frame, the GOB is often used as the basic unit
for decoding. Hence, if a transmission error is detected, the
GOB is discarded entirely.

C. Error Concealment

The severeness of the error caused by discarded GOBs can
be reduced if error concealment techniques are employed
to hide visible distortion as well as possible. In our simu-
lation environment, we employ the simple and most com-
mon approach called previous frame concealment, i.e., the
corrupted image content is replaced by corresponding pix-
els from the previous frame. This is conducted by setting
the macroblock in the discarded GOB to the UNCODED
mode. The concealment scheme can be applied simulta-
neously at decoder and encoder yielding the same result
at both ends. This simple approach yields good conceal-
ment results for sequences with little motion [20]. However,
severe distortions may be introduced for image regions con-
taining heavy motion.

III. CobpErR CONTROL

Given the decoder as described in the previous section, the
task of the coder control is to determine the coding param-
eters that generate a bit-stream subject to reconstruction
quality at the decoder. The reconstruction quality in this
paper is measured as mean squared error. For that, the
coder control has to take into account the rate-distortion
trade-off achievable for the video sequence given the de-
coder as well as the transmission errors introduced by the
channel. Due to the probabilistic nature of the channel, one
has to consider expected distortion measures. For presen-
tation purposes, the results for several channel realizations
should be averaged.

A. Rate-Constrained Coder Control

The coder control employed for the proposed scheme
mainly follows the specifications of TMN-10 [21], the test
model for the H.263 standard specifying a recommended
coder control. TMN-10 has been proposed to the ITU-T in
[22]. We use TMN-10 because the optimization method in
[22] has been proven efficient while requiring a reasonable
amount of computational complexity. A further motivation
is the use of the TMN-10 coder as an anchor for compar-
isons. In the following, we briefly describe the TMN-10
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scheme and explain the extensions to long-term memory
motion-compensated prediction.

The problem of optimum bit allocation to the motion
vectors and the residual coding in any hybrid video coder
is a non-separable problem requiring a high amount of com-
putation. To circumvent this joint optimization, we split
the problem into two parts: motion estimation and mode
decision. Motion estimation determines the motion vector
and the picture reference parameter to provide the motion-
compensated signal. Mode decision determines the use of
the macroblock mode which includes the MCP parameters,
the DCT coefficients and coder control information. Mo-
tion estimation and mode decision are conducted for each
macroblock given the decisions made for past macroblocks.

Our block-based motion estimation proceeds over all ref-
erence frames in the long-term memory buffer. For each
block, a Lagrangian cost function is minimized [23], [24]
that is given by

Dprp (v, A)+ Ayrorron Raorron (v, A), (1)

where the distortion of the displaced frame difference
(DFD) is measured as the sum of the squared differences

(SSD)

Dprp = Z (o[, y] = salz + ve, y + vy))?, (2)
z,yeB

for all pixels in a block B in the original frame o and the
reconstructed frame sa that was decoded A frame inter-
vals in the past. The rate term Rarorron 18 associated to
the motion vector v and the picture reference parameter
A. The motion vector v is entropy-coded according to the
H.263 specification and the picture reference A is signaled
using Tab. I. The motion search covers all frames, and a
range of +16 pixels horizontally and vertically.

Given the motion vectors and picture reference parame-
ters, the macroblock modes are chosen. Again, we employ
a rate-constrained decision scheme where a Lagrangian cost
function is minimized for each macroblock [25]

Drec(h,v,A ¢)+ AvopeRrec(h,v,Ac).  (3)

Here, the distortion after reconstruction Dgrpc measured
as SSD is weighted against bit-rate Rrpc using the La-
grange multiplier Aysopg. The corresponding rate term is
given by the total bit-rate Rrgc that is needed to transmit
and reconstruct a particular macroblock mode, including
the macroblock header h, motion information including v
and A as well as DCT coefficients ¢. The mode decision de-
termines whether to code each macroblock using the H.263
modes INTER, UNCODED, INTER-4V, and INTRA
[4].
Following [26], the Lagrange multiplier for the mode de-
cision is chosen as

Avope = 0.85- Q% (4)

with @ being the DCT quantizer value, i.e., half the quan-
tizer step size [4]. The Lagrange multiplier used in the
motion estimation is chosen as Ayrorron = AMoDE-

B. Incorporating Inter-Frame Error Propagation

In case of error, entire GOBs are lost and concealed using
previous frame concealment as described above. Hence, the
reconstructed frames at encoder and decoder differ. Ref-
erencing this image content for MCP leads to inter-frame
error propagation.

A common approach to stop inter-frame error propaga-
tion is to send INTRA macroblocks. However, INTRA
coding of picture content is usually less efficient than IN-
TER coding. Hence, the number of INTRA macroblocks
must be balanced against the amount of propagating er-
rors. Another important issue in this context is how the
errors are spread via motion compensation. By motion-
compensating erroneous image content as prediction into
the current frame, the error energy introduced is copied
and filtered.

We model the error that may occur with probability p
using an error tracking approach similar to the one pro-
posed in [6], [7]. In addition to the scheme in [6], where
the macroblock mode decision between INTRA and IN-
TER is controlled, we also utilize error tracking to modify
motion estimation. Also, error tracking is applied on a
pixel basis in contrast to [6] where only entire macroblocks
are considered. Another difference is that we also consider
the case where we do not know where an error occurred,
1.e., when no feedback 1s available. Therefore, we have to
consider the various combinations of possible error events.

For simplicity, let us assume that each frame is transmit-
ted as one packet and each packet 1s lost with probability
p or correctly received with probability ¢ = 1 — p. Fur-
ther, assume inter-frame coding where the current frame
references the immediately preceding frame. Hence, if the
immediately preceding frame is lost, an error is introduced
that propagates to the current frame. Figure 2 illustrates
the combination of possible error events.

Decoded
_1 Version of
'~ Framek-1
! =1

2

No Errors

Contain

3\
e

5 rrors
;

8

Fig. 2. Binary tree of possible error events. Each node of the tree
corresponds to a decoded version of a video frame. The nodes
labeled with a circle are those that contain transmission errors.
The shaded circles correspond to the error cases considered.

Let us assume, that we are currently coding the frame
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at time instant k that references frame & — 1. We want to
estimate the errors that have accumulated with probability
in frame k£ — 1 to incorporate these measures into the coder
control. For that we also have to consider older frames
than frame & — 1 due to inter-frame error propagation. For
sake of simplicity, we assume that the frame at time in-
stant k — 4 is correctly decoded. In the next frame at time
instant k — 3, reference is made to frame k —4 using motion
compensation. The image content at time instant & — 3 is
either decoded erroneously with probability p or correctly
decoded with probability ¢ = 1 — p. Hence, the two nodes
at time instant k& — 3 correspond to two decoded versions
of that video frame. The decoding of image content in the
frame at time instant k& — 2 which references frame k& — 3
results in 4 combinations of possible outcomes while image
content in the frame at time instant £ — 1 can be decoded
in 8 different ways. It is easy to conclude, that any suc-
ceeding frame doubles the amount of possibilities of the
decoding result. Hence, modeling all these branches of the
event tree would very quickly be intractable since L = 2%
combinations would have to be computed for a frame that
i1s k time instants decoded after the first frame.

If long-term memory prediction is utilized, the number
of branches leaving a node varies since also other than only
the previously decoded frame can be referenced. More-
over, time instants do not correspond to levels of the tree
anymore. On the other hand, if the transmission scheme
packetizes a frame into more than one unit that can be
correctly received or lost, the tree structure also becomes
more complicated in that, the number of branches leaving
a node also increases. Hence, we have to make simplifying
assumptions to keep the error modeling tractable.

The distortion we expect by INTER coding is given by
the weighted summation of the distortion between the orig-
inal frame and each reconstructed version of the reference
frame. More precisely, assume that at time instant & a
number of L different outcomes of decoding are possible.
The expected distortion for a motion vector v = (vg, vy)
and picture reference parameter A is computed as

Zf:plDl
ZP! >

= z,yeB

o[z, y] = s [z + ve, y + vy))?, (5)

with B being the set of pixels considered and s'y the [th ver-
sion of the reconstructed video signal. Note that we have to
independently evaluate L distortion terms for each point in
the search area. This is computationally very demanding
especially when used for motion estimation. Hence, we ex-
press the reference frame in the /th decoding branch using
the correctly decoded reference frame safz,y] = si[z,y]
plus the remaining error &, [z, y],

(6)

sh [z, y] = salz,y] + calz, ],

The distortion term D; is approximated by

D= (o

z,yeB

oz, y] — sa v+ ve, y + vy])°

= 3 (ole gl — sale+ ve,y+ ] — a4 v,y + v,))°

z,yeB

X

z,yeB

where we neglect the cross terms —20[z,y] - €\ [z, y] and
—2salz,y] - €}y [2,y] since we assume ofz,y] and SA[l‘ Y]
to be statistically independent from &\ [z, y] and &4\ [z, y]
to have zero mean value. The overall distortion term is

modified to
D= > (ofw,yl = salz + ve, y+ vy))?
xyEB
+ sz D7 (e + v,y + vy))? (8)
=2 r,yeB

Note that the first term corresponds to the distortion term
usually computed in motion estimation routines (Dprp).
The second term represents the error energy caused by
transmission errors. The values of the second term can
be computationally efficient precomputed utilizing an al-
gorithm similar to the one proposed in [27]. Nevertheless,
the computational burden is still very high because of the
large amount of combinations involved. Hence, we restrict
the number of possibilities of errors to two cases

1 the referenced image content is in error and concealed,
(branch { = 2 in Fig. 2)

2 the referenced image content has been correctly de-
coded but references concealed image content (branch

[ = 3 in Fig. 2).

In Fig. 2, each node of the tree corresponds to a decoded
version of a video frame. The nodes labeled with a circle
are those that contain transmission errors. Our approxi-
mation incorporates only those cases with shaded circles.
This approximation 1s justified by assuming p to be very
small and with that two error events in a row to be very
unlikely. Other decoded versions s; can be neglected if an
error has occurred several frames in the past and is then
several times motion-compensated. Here, we assume that
the error is filtered and somewhat reduced. Nevertheless,
our assumptions may not hold for some cases. We will
elaborate on possible shortcomings of this approximation
in the section on experimental results when comparing to
optimum error modeling.

In this work, the error modeling is incorporated into mo-
tion estimation and mode decision as follows. The La-
grangian cost term of the minimization routine for motion
estimation is modified in that another distortion term is
added that incorporates the energy in case of transmission
errors. Hence, (1) is modified to

,A),
(9)

Dprp (v, A)+peDerr (v, A)+Aymorron Ryuorron(v
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with Dgrr(v,A) being

3

Dprr(v,A) =Y Y (ale+ve,y+ 1))

=2 z,yeB

(10)

and p, being a weighting term. The Lagrangian cost for
the mode decision in (3) are modified similarly as

Drrc(h, v, A, ¢)+p.Derr(v, A)+AmopeRerc(h, v, (A, 1)3)
11

Note that INTRA coding terminates branches of the tree,
since in case of correctly decoded image content, inter-
frame error propagation is stopped. However, the bits for
the INTRA code itself could be in error. Therefore, one
impact of the error modeling when incorporated into an
H.263 and long-term memory codec is that the number of
macroblocks coded in INTRA is increased.

For the long-term memory codec, the frame selection is
also affected since the error modeling is incorporated into
motion estimation. This effect is very strong in case of feed-
back, since if a feedback message is received for a frame
transmitted, the exact decoded version of that feedback
frame can be reconstructed at the encoder. Note that feed-
back is provided about correct as well as erroneous mac-
roblocks (ACK4+NACK). Here we implicitly assume that
feedback messages are transmitted without error and that
the exact concealment method is known to encoder and
decoder. Using the exact reconstruction of the decoded
frame at the encoder, the succeeding frames are decoded
and the inter-frame error propagation, in case of an error,
is therefore tracked exactly. Note that this decoding is only
necessary for concealed image content and macroblocks ref-
erencing those concealed pixels. A similar idea has been
exploited in [28]. The error modeling is updated in that,
Derr(v,A) is set to 0 for the feedback frame and an up-
date is made for all depending frames in those parts of the
image affected by a propagated error.

In order to transmit the picture reference parameters
with the smallest possible average bit-rate given the VLC
in Tab. I, the picture reference parameters are sorted in de-
scending order of their frequency. The result of the sorting
is then transmitted to the decoder by sending the num-
ber of the picture reference parameters in descending order
of their frequency. However, the bit-rate needed for this
transmission may be prohibitive when a large number of
reference frames is used. Hence, only the most likely K pic-
ture reference parameters are transmitted. The remaining
parameters are left in their original order and are appended
to the K specified parameters. Typically, the number K is
chosen as 3.

IV. EXPERIMENTS

Before presenting results for the proposed framework, we
describe the simulation environment that is used for their
evaluation. We follow the basic block diagram of a video
transmission system as illustrated in Fig. 3 and describe
the individual parts. For the channel model, modulation
scheme, and channel codec, we use standard components

i Video e Channel Modu-
™| Encoder ™| Encoder = lator
De(Re) C(N.K)
_ N
R=Re ? Channel | E,/ Ng

d Video Channel Demodu-
~— | Decoder |~ | Decoder |~ | lator -~
Dy= Dg+ AD

Fig. 3. Basic components of a video transmission system.

rather than advanced techniques that reflect the current
state of research. This is justified by our focus on video
coding and by the fact that the selected standard compo-
nents are well suited to illustrate the basic problems and
trade-offs. Therefore, the described scenario should be con-
sidered as an example that is used for illustration, rather
than a proposal for an optimized transmission scheme.

A. Channel Model and Modulation

Our simulations are based on bit error sequences that are
used within I'TU-T Study Group 16 for the evaluation of
current and future error resilience techniques in H.263. The
sequences are generated assuming Rayleigh fading with dif-
ferent amounts of channel interference, characterized by ra-
tios of bit-energy to noise-spectral-energy (Ep/Ny) in the
range of 14 to 30 dB.

The correlation of fading amplitudes is modeled accord-
ing to the widely accepted model by Jakes [29]. In this
model, the correlation depends significantly on the Doppler
frequency fp, which is equal to the mobile velocity divided
by the carrier wavelength. For a given carrier frequency,
the correlation increases with decreasing mobile velocity,
such that slowly moving terminals encounter longer burst
errors. For more information on this very common channel
model, see [29], [30].

The modulation scheme and relevant parameters such as
carrier frequency and modulation interval are roughly re-
lated to the ETSI standard DECT (Digital Enhanced Cord-
less Telecommunications). Though DECT is originally in-
tended for cordless telephony, it provides a wide range of
services for cordless personal communications which makes
it very attractive for mobile multimedia applications [31]
[32]. Similar to DECT, we use BPSK for modulation and a
carrier frequency of f. = 1900 MHz. For moderate speeds
a typical Doppler frequency is fp = 62 Hz, which will be
used throughout the simulations in the remainder of this
paper. According to the double slot format of DECT, we
assume a total bit-rate of R, = 80 kbps that is available for
both source and channel coding. For simplicity we do not
assume any TDMA structure and use a symbol interval of
T; = 1/80 ms. The resulting bit error sequences exhibit
severe burst errors that limit the effective use of forward
error correction. Therefore, even at low channel code rates,
residual errors cannot be avoided completely by the chan-
nel codec and have to be processed by the video decoder.
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B. Channel Codec

For channel coding we use a forward error correction (FEC)
scheme that is based on Reed-Solomon (RS) codes [33]. RS
codes are non-binary block codes that operate on multi-bit
symbols rather than on individual bits. Due to their flex-
ibility and error correction capability, RS codes are used
in many applications, including wireless radio communica-
tions. If a symbol is composed of m bits, the RS encoder
for an RS(N,K) code groups the incoming data stream into
blocks of K information symbols (K'm bits) and appends
N — K parity symbols to each block. Hence, the trans-
mitted output block contains N symbols and each block 1s
treated independently by the channel codec.

The bit allocation between source and channel coding
can be described by the code rate r, which is defined as
r = K/N. For RS codes operating on m-bit symbols, the
maximum block length is Ny, 4, = 2™ — 1. By using short-
ened RS codes, any smaller value for N can be selected,
which provides a great flexibility in system design. As RS
codes operating on 8-bit symbols are very popular and pow-
erful, we use m = 8 in our simulations and a packet size of
N = 88 byte.

The error correction capability of an RS(N,K) code is
described as follows. Let E be the number of erroneous
symbols in a block containing N symbols. Note that a
symbol is erroneous when any of its m bits is erroneous.
Though this seems to be a drawback for single bit er-
rors, it can actually be advantageous for the correction
of burst errors, as typical for the fading mobile channel.
The RS decoder can correct any pattern of bit errors if
E < (N — K)/2. In other words, for every two addi-
tional parity symbols, an additional symbol error can be
corrected. If more than E errors are contained in a block,
the RS decoder fails and indicates an erroneous block to the
video decoder. The probability that a block cannot be cor-
rected is usually described by the residual word error rate
(RWER). In general, the RWER decreases with increasing
K and/or with increasing Ey,/Ny. For simplicity, we ignore
the occurrence of undetected errors, whose probability are
usually very small compared to the RWER. This is also
justified by the fact, that the video decoder itself usually
has some error detection capability that can be exploited.

For the described channel code, modulation scheme, and
channel model, this relationship i1s summarized in Fig. 4
which illustrates the RWER for the values of E,/Ny and
K that are used in the simulations.

As can be seen, the RWER for a given value of Ey,/Ny can
be reduced by approximately one order of magnitude by
varying the code rate in the illustrated range. Though we
will see that this reduction is already very helpful for video
transmission, the observed gain in RWER is actually very
moderate due to the bursty nature of the wireless channel.
For channels without memory, such as the additive white
Gaussian noise (AWGN) channel, the same reduction in r
would provide a significantly higher reduction in RWER.
In this case it is possible to achieve very high reliability
(RWER, < 107%) with only little parity-check information
and resilience techniques in the video codec would hardly

residual word error rate (RWER)

Reed Solomon
. m=8, N=88, K=24-88

10’ L L L L L L L L L
0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1

code rate r=K/N

Fig. 4. Residual word error rate (RWER) after channel coding for a
Rayleigh fading channel (Doppler frequency fp = 2.5 Hz) with
Gaussian Frequency Shift Keying.

be necessary. For the mobile fading channel, however, the
effective use of FEC is limited and the use of error resilience
techniques in the source codec is very important.

By increasing the redundancy of the channel code, the
available bit-rate for the source coder is reduced. Figure 5
shows rate distortion plots obtained from coding experi-
ments with the QCIF sequences Foreman as well as Mother
and Daughter.

Both coders are run with a rate-control enforcing a fixed
number of bits per frame when coding 210 frames of video
sampled with 8.33 frames/s. The first 10 frames were ex-
cluded form the measurements to avoid the transition phase
at the beginning of the sequence. The two plots in Fig. 5
illustrate various aspects. The PSNR values differ about
5 dB comparing the lowest bit-rate point to the highest
bit-rate for both sequences and both codecs. Further, the
level of the PSNR values is about 5 dB higher for the se-
quence Mother and Daughter compared to the sequence
Foreman. This 1s because, the Foreman sequence shows
much more motion and high frequency content than the
sequence Mother and Daughter. The two sequences are
chosen as test sequences throughout the paper because we
consider them extreme cases in the spectrum of low bit-
rate video applications. Finally, the improved coding per-
formance of long-term memory prediction is demonstrated.
The two curves in each of the two plots compare

e TMN-10: the test model of the H.263 standard with
Annexes D, F I, J, T enabled

e LTMP: the long-term memory motion-compensated
prediction coder with 10 frames also utilizing Annexes

D,F,17J, T

The bit-rate savings obtained by the long-term memory
codec against TMN-10 are 18 % for the sequence Foreman
and 12 % for the sequence Mother and Daughter. Although
not shown here, extending the long-term memory to 50
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Fig. 5. Average PSNR vs. average bit-rate or code-rate for the se-

quences Foreman (top) and Mother and Daughter (bottom). The
two curves relate to the two codecs compared: (i) TMN-10, the
test model of the H.263 standard with Annexes D, F, I, J, T en-
abled; (¢¢) LTMP: the long-term memory prediction coder with
10 frames also utilizing Annexes D, F, I, J, T.

frames yields a 50 % increase in bit-rate savings [1].

C. Ezperimental Results without Feedback

The first set of simulation results will be presented for the
case when there is no feedback available. For that, we
compare the TMN-10 coder with the LTMP coder when
employing the error modeling approach and various code-
rates.

In Fig. 6, the average PSNR measured at the encoder
(PSNRp) is depicted versus various code-rates for the se-
quence Foreman. The upper plot corresponds to TMN-10
while the lower one shows results from the LTMP coder.
Both coders are operated under similar conditions as for
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Fig. 6. Average encoder PSNR vs. code-rate for the sequence Fore-
man when running the TMN-10 coder (top) and the LTMP coder
(bottom).

Fig. 5. The various curves correspond to values of p., the
weight of the modeled distortion in case of an error. The
case p. = 0 1s the same as for the curves plotted in Fig. 5.
Comparing to this case, a significant degradation in terms
of coding efficiency can be observed with increasing values
of p. for both coders. This performance loss is explained
by the additional cost term in (9) and (11) resulting in in-
creased amounts of INTRA-coded macroblocks and modi-
fied motion vectors and, for the LTMP coder, time delay
parameters.

Figure 7 shows the corresponding average PSNR values
measured at the decoder (PSNRp). Each bit-stream is
transmitted to the decoder via the error-prone channel.
This experiment is repeated 30 times using shifted versions
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Fig. 7. Average decoder PSNR vs. code-rate for the sequence Fore-
man when running the TMN-10 coder (top) and the LTMP coder
(bottom).

of the bit error sequence that corresponds to the fading
channel generated with noise-spectral-energy Fy/No = 22
dB under the conditions described above. Again, the upper
plot shows TMN-10 results while the lower one depicts re-
sults from the LTMP codec both incorporating error mod-
eling. Obviously, the sacrifice at the encoder side pays off
at the decoder side.

Although the optimum p. generally increases with the
code-rate and hence with RWER, there is no direct rela-
tionship between p. and RWER. To some extend, this re-
sults from the fact that p. and RWER describe the loss of
probability of different entities, i.e., MBs and blocks. Fur-
ther, the described simplifications for the error modeling
make it difficult to provide an exact mapping of RWER to

pe. Nevertheless, such a mapping is important in practice
to operate the codec at the optimal point and is the sub-
ject of future research. On the other hand, code-rate and p,
value can be traded off against each other over a wide range
leading to a plateau of similar values of decoder PSNR for
various selected pairs of code-rate and p.. This feature 1s
especially important when there is no feedback available
about the channel status.
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Fig. 8. Average decoder PSNR vs. E}, /Ny for the sequence Foreman
when running the LTMP coder.

The trade-off between code-rate and error modeling for
various channel conditions is illustrated in Fig. 8. Average
decoder PSNR is shown versus various levels of channel
interference expressed by Fy/Ny. The plot is obtained by
running the LTMP codec with a fixed value of p. = 0.1.
The various curves relate to 8 code-rates that are equidis-
tant spaced in the range 32/88...1. Obviously, avoiding
channel coding entirely is not advantageous if there are
single bit errors as is the case in our simulations. The opti-
mum coding redundancy, of course, depends on the quality
of the channel. Nevertheless, the curves corresponding to
medium code-rates are concentrated at the maximum of
the achievable PSNR values indicating that the choice of
the code-rate is not that critical when combined with our
error modeling approach.

In Fig. 9, we compare the best performance in terms
of maximum decoder PSNR achievable when varying
over code-rate as well as p.. For that, we have con-
ducted several simulations to sample the parameter space.
More precisely, the code-rate is varied over 8 values
that are equidistantly spaced in the range 32/88...1.
The error modeling weight p. 1s varied over values
{0,0.01,0.02,0.03,0.04,0.05,0.10,0.20, 0.30,0.40,0.50}. For
each of these 88 pairs of code-rate and p., a bit-stream is
encoded using the TMN-10 as well as the LTMP coder.
Each bit-stream is transmitted to the decoder via error-
prone channels. This experiment is repeated 30 times for
each channel using shifted versions of the bit error se-
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Fig. 9. Average decoder PSNR vs. Fy /Ny for the sequences Foreman
(top) and Mother and Daughter (bottom) for the optimal code-
rate and error model parameter p. without feedback.

quences that correspond to noise-spectral-energies in the
range Ep/No = {14,18,22,26,30}. The dashed lines show
encoder PSNR that corresponds to the maximum average
PSNR measured at the decoder which is depicted with solid
lines. Evaluating decoder PSNR, the LTMP coder outper-
forms the TMN-10 coder for all noise-spectral-energies. For
example, the PSNR gain obtained for the sequence Fore-
man is 1.8 dB at Fy/Ny = 22 dB. Note that the gain is
larger in comparison to the case of error free transmission
as shown in Fig. 5 indicating that long-term memory pre-
diction is a more robust and efficient scheme than ’single-
frame prediction’ for transmission of video over error prone
channels. Correspondingly, a saving of 4 dB in terms of
noise-spectral-energy is obtained.

Finally, we want to get an indication for the validity of

our approximation for the divergence between encoder and
decoder. As mentioned before, we only simulate a subset
of the entire error event tree in Fig. 2. Hence, we only use
an approximation of the expected divergence between en-
coder and decoder and therefore must obtain suboptimal
results. Note that there has been a proposal for an recur-
sive algorithm to model the expected divergence between
encoder and decoder [34]. The recursive algorithm in [34]
is accurate and has low computational complexity if there
is no spatial filtering applied in the video codec. However,
if there is spatial filtering as for half-pel accurate motion
compensation [4], overlapped block motion compensation
(Annex F of H.263) or deblocking filtering (Annex J of
H.263) the algorithm has to be extended significantly in-
creasing its complexity.

Note that the main focus of this paper is not the error
modeling scheme. Rather, we want to present the error
resilience characteristics of long-term memory prediction
in contrast to single-frame prediction. The optimum error
modeling for our simulation scenario is therefore considered
as the average divergence between encoder and decoder for
those 30 simulations for which the performance evaluations
are conducted. Note that this is a too optimistic anchor,
since this scenario can not be realized in practice. Nev-
ertheless, within our simulation framework, it provides us
with a baseline to which we can compare ourselfs. The op-
timum error modeling is realized at the encoder by locally
decoding the received bit-streams that are transmitted over
the 30 channel realizations. Having the 30 decoding results
available at the encoder, the squared difference to the cor-
rect decoded picture is computed and averaged over all 30
cases. This squared difference is employed as Dgrr(v,A)
with p. = 1 in the optimization criteria for the motion
estimation (9) and mode decision (11).

Figure 10 compares the loss of our approximative er-
ror modeling scheme to the optimum error modeling as
described above. The curves for the approximative error
modeling are identical to those in Fig. 9. Optimum er-
ror modeling provides improved performance in terms of
decoder PSNR. Nevertheless, the maximum gains for opti-
mum error modeling in comparison to our approximation
are less than 1 dB for large Fy/Ny values indicating the
validity of our approximation.

D. Ezperimental Results with Feedback

In the following set of experiments, a feedback channel is
utilized. Such a feedback channel indicates which parts
of the bit-stream were received intact and/or which parts
of the video signal could not be decoded and had to be
concealed. The decoder sends a negative acknowledgment
(NACK) for an erroneously received macroblock and a pos-
itive acknowledgment (ACK) for a correctly received mac-
roblock. In our simulations, we assume that the feedback
channel is error-free. The round trip delay is assumed to
be approximately 250 ms, such that feedback is received 3
frames after their encoding.

In Fig. 11, we compare three feedback handling strate-
gies for the sequence Foreman. The simulation conditions
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Fig. 10. Average decoder PSNR vs. E}, /Ny for the sequence Foreman
(top) when comparing the results of optimal code-rate and error
model parameter p. for our approximative error modeling to
optimum error modeling.

are similar to the previous results. The upper plot shows
results obtained with the TMN-10 codec while the lower
plot shows results form the LTMP codec. Note that the
feedback handling depends on the video codec used.

For the TMN-10 codec, the three feedback schemes are
realized as

e ACK mode: MCP is conducted by referencing the
most recent image for which feedback is available,

¢ NACK mode: MCP is conducted as usual (p. = 0)
referencing the most recently decoded frame; only in
case of an error indication via feedback, the image is
referenced for which that feedback is received after error
concealment,

e Error Modeling: as the NACK mode, but motion
estimation and mode decision are modified by the error
modeling term via setting p. > 0.

The p, 1s set heuristically to values 0.01,0.02,0.04, 0.06,0.08
for the noise-spectral-energy values of FEy/Ng =
30,26,22,18,14. The space of code-rates is sampled so as
to show optimum performance. Evaluating decoder PSNR
in the upper plot of Fig. 11, the differences between the
three schemes are rather small. At FEy/Ny = 30dB, the
NACK mode and the error modeling work best, while at
Ey/Ny = 26dB the error modeling is slightly better. For
lower Fy/ Ny values, the ACK mode outperforms the other
two schemes.

For the LTMP codes, the three strategies are imple-
mented as follows.

o ACK mode: MCP is conducted by referencing the 10
most recent images for which feedback is available,

e NACK mode: MCP is conducted by referencing the
most recent 10 decoded frames (p. = 0); in case of an
error indication via feedback, the depending frames are
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Fig. 11. Average PSNR vs. Ey/Ng for the sequence Foreman run-
ning the TMN-10 coder (top) and the LTMP coder (bottom)
when feedback is utilized. The various curves correspond to de-
coder and encoder PSNR for three different feedback handling

strategies.

decoded again after error concealment in the feedback
frame,
e Error Modeling: as the NACK mode, but motion
estimation and mode decision are modified by the error
modeling term via setting p. > 0.

The remaining simulation conditions regarding p. and
code-rates are the same as for the TMN-10 codec. Here,
the differences in terms of decoder PSNR are more visi-
ble distinguishing the three concepts. The error modeling
approach is superior or achieves similar performance com-
paring it to the ACK or NACK mode. This is because,
the ACK or NACK mode in the LTMP codec are special
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cases of the error modeling approach. The ACK mode is
incorporated via large values of p.. Then, reference frames
for which no feedback is available are completely avoided
since for reference frames with feedback, the term Dggrp
in (9) and (11) is set to 0. On the other hand, the NACK
mode is incorporated by simply setting p. = 0. Hence, it
is not surprising that in the case when ACK and NACK
mode perform similar “good” or rather “bad”, the error
modeling approach provides the largest benefit. This can
be seen for the results obtained at E,/Ny = 26 dB. The er-
ror modeling approach releases the structural constrains of
ACK and NACK mode an thus provides improved overall
performance.
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Fig. 12. Average PSNR vs. E} /Ny for the sequences Foreman (top)
and Mother and Daughter (bottom) for the optimal feedback
strategy.

Finally, in Fig. 12, the gains achievable with the LTMP
codec over the TMN-10 codec are depicted for the feed-

back case. We also show results for the case without feed-
back to illustrate the error mitigation by feedback. Fig-
ure 12 shows comparisons for the sequences Foreman (top)
and Mother and Daughter (bottom). The decoder PSNR
curves related to the case without feedback are the same
as in Fig. 9. For the feedback case, the optimum perfor-
mance points in terms of decoder PSNR are taken from
Fig. 11 for the Foreman sequence. The points for the se-
quence Mother and Daughter are generated in a similar
manner. For the Foreman sequence, the error mitigation
by feedback in terms of average decoder PSNR is between
1.8 dB at noise-spectral-energy Fy/Ny = 30 dB and 2.5
dB at Ey/Ng = 14. In the feedback case, the LTMP coder
provides a PSNR gain of 1.2 dB compared to the TMN-10
coder. This PSNR gain corresponds to a saving in terms
of noise-spectral-energy between 3.8 dB at E,/Ny = 30 dB
and 2.5 dB at Ey/Ng = 14. The LTMP coder without feed-
back performs close to the TMN-10 coder with feedback for
Ey/Ny > 22 dB.

V. CONCLUDING REMARKS

In this paper we propose long-term memory prediction for
efficient transmission of coded video over noisy channels.
For that, the coder control takes into account the rate-
distortion trade-off achievable for the video sequence given
the decoder as well as the transmission errors introduced
by the channel. Due to the probabilistic nature of the chan-
nel, one has to consider expected distortion measures. For
simulation purposes, the results for several channel realiza-
tions are averaged using the error modeling. The proposed
framework can be used to increase the robustness against
transmission errors when no feedback is available. In our
experiments incorporating Rayleigh fading channels, the
PSNR gain obtained for the sequence Foremanis 1.8 dB at
Ey/Ny = 22 dB. Note that the gain is larger in comparison
to the case of error free transmission which is roughly 1 dB
indicating that long-term memory prediction i1s a more ro-
bust and efficient scheme than single-frame prediction for
transmission of video over error prone channels.

When a feedback channel is available, the decoder can
inform the encoder about successful or unsuccessful trans-
mission events by sending positive (ACK) or negative
(NACK) acknowledgments. Upon receipt of feedback, var-
ious strategies are known in literature including Error
Tracking, ACK and NACK mode. The presented frame-
work unifies these concepts and achieves a trade-off be-
tween them by adjusting a simple parameter. Hence, it is
not surprising that in the case when ACK and NACK mode
perform similar “good” or rather “bad”, the error model-
ing approach provides the largest benefit. The PSNR gain
by the long-term memory scheme compared to single-frame
prediction is up to 1.2 dB. The error modeling approach re-
leases the structural constraints of ACK and NACK mode
an thus provides improved overall performance.

The I'TU-T has decided to adopt long-term memory pre-
diction as an Annex to the H.263 standard. In this paper,
we have demonstrated that this concept can be employed
to the transmission of coded video over noisy channels at
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improved performance.
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