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ABSTRACT

When sending a scalable video sequence over packet loss
channels, one usually partitions it into groups of frames
(GOFs), and protects each GOF using the FEC based
multiple description coding (FEC-MDC) method. In this
paper, we consider the inter-GOF bit allocation problem
which attempts to smooth the expected qualities of all
GOFs s of a sequence, and proposed three algorithms. Ana-
Wytical results show that all these algorithms can achieve
very good constant expected quality among all GOFs,
however with different computing speeds. The fastest one
is very efficient and can be used in real time applications.

1. INTRODUCTION

Many scalable video coders, such as 3D SPIHT [1], parti-
tion video data into groups of frames (GOFs). Each GOF
consists of a fixed number of frames and is encoded into
an independent embedded bitstream. Robust transmission
of an embedded bitstream over packet loss channels can
be achieved by the FEC-based multiple description coding
(FEC-MDC) method. FEC-MDC is based on the tech-
nique of priority encoding transmission [2], which com-
bines rate-distortion optimization with unequal error pro-
tection. It first partitions the embedded bitstream into
segments of decreasing importance, protects these seg-
ments using progressively weaker forward error correction
(FEC) channel codes, and then packetizes them into a col-
lection of independent packets, each of which has the
same importance and the same packet length. This joint
source-channel coding approach is able to minimize the
impact of lost packets on the stream reconstruction quality,
and can achieve graceful degradation of quality with in-
creasing packet loss rate. In the past years, several FEC-

MDC algorithms have been proposed [3, 4, 5, 6, 7]. These
algorithms try to find the optimal solution that maximizes
the expected reconstruction quality of each GOF under a
given bit rate constraint.

When sending a video sequence over a CBR channel,
the total channel bit budget is limited and should be allo-
cated among all GOFs. A simple bit allocation is to dis-
tribute the whole bit resource evenly among all GOFs.
This approach, however, may cause different GOFs to
have different optimal expected qualities, because each
GOF has its own rate-distortion property. This quality
variation of consecutive GOFs can be annoying and unde-
sirable to human eyes. By introducing a startup delay and
a receiver buffer, it is possible to allocate different bits for
different GOFs, and devise reasonable bit allocation
schemes to achieve nearly constant expected quality
among all GOFs.

The bit allocation problem for quality smoothing has
been studied by many researchers [8, 9, 10, 11, 12]. Yet
their works are targeted for transmission over lossless
channels, and only allocate bits that are the output of
video source encoders. For the case of FEC-encoded chan-
nel codes, existing bit allocation algorithms cannot be
applied directly. In this paper, we address the problem that
allocates bits among FEC-MDC encoded GOFs of a scal-
able video sequence with a novel technique, and propose
three algorithms. All these algorithms can achieve good
constant expected quality for all GOFs of a sequence, yet
with different computing complexities.

2. PROBLEM DESCRIPTION

2.1. FEC-based Multiple Description Coding

Consider protecting and sending an individual GOF G
over a packet loss channel with N packets, each has a



packet length of L bytes. In the FEC-MDC scheme, the
embedded bitstream of G is divided into L consecutive
segments, each of which is m; bytes and protected by an
(N,m;) systematic Reed-Solomon (RS) code, where
1<i<L.If n packets of N are lost, the RS codes en-
sure that all segments that contain at most N —n source
bytes can be recovered. Let f; = N —m; denote the num-
ber of RS redundancy bytes that protect the i segment.
Since the embedded bitstream is sequentially refinable,
decoding of the i segment depends on all the previous
i—1 segments, thus the number of redundant bytes must
be monotonically non-increasing in the segment index, i.e.,
fi =2--2 f; . Under this constraint, if at most f; packets
are lost, then the receiver can decode at least the first i
segments. Let py(n) denote the probability of losing ex-
actly n packets out of N and let cy(k)=2%_, py(n),
k=0,1,---,N, then cy(f;) is the probability that the re-
ceiver correctly recovers the i segment. Let ¢;(r) de-
note the rate-fidelity function of G, which is a monotoni-
cally non-decreasing function, and let F; =(f,--, f7)
denote a FEC-MDC protection solution (FPS), where
N-1>f;>---> f;, >0, then the expected quality of G
can be expressed as a function of Fj :
EG(FL)=cy(N)gs(0)

2 en D () = 6o (1),
where cy(N)=1, ¢;(0) is a constant, 7 =>i_ m =
IN=-2i, fi, 1<i<L, 1 =0.

The objective of existing FEC-MDC algorithms is to
find an FPS F, =(f, -+, f;) that maximizes (1), for a
given bitstream G and the corresponding ¢z (), N, L
and py(n).

)

2.2. The Bit Allocation Problem

Now consider streaming a scalable video sequence over a
packet loss channel with a constant bit rate C (b/s). As-
sume the sequence is partitioned into P GOFs: Gy, ---,Gp,
each GOF contains F' frames and is protected using the
FEC-MDC method, then the total channel bit budget is

B= (D +(P-1) x%j « C (bits). ?)

where M is the frame rate (frames/s), and D is the
startup delay (s).

The objective of the bit allocation problem is to choose
appropriate FEC-MDC parameters, i.e., packet number N,
and packet length Z;, for each GOF G;(1<i < P), in order
to make the optimal expected qualities of all GOFs as con-
sistent as possible, subject to the following constraint:

ZP:NI-(LI-+H)£B/8. 3)

i=1
where H is the packet header length.

On the receiving end, a buffer is used to store incoming
packets. The buffer is filled at the constant rate of the in-
coming channel, and is emptied at the variable rates of
different GOFs. Buffer underflow occurs if we attempt to
remove more bits than the buffer contains. Let O; denote
the buffer occupancy at the instant when the receiver read-
ies to decode G, and has removed its packets out of the
buffer, then we have O =DC-8N,(L,+H) , and
0, =0_,+C(FI/M)-8N,(L,+H)=DC+({—-1)C(F/M)
—82iN;(L;+H), 2<i<P. In order to avoid buffer
underflow, we also need to ensure that for all 1<i< P,
O, can not be negative, i.e.,

DC+(i-1)C(F/M)-8%i_ N, (L;+H)=0. (4)

3. QUALITY SMOOTHING ALGORITHMS

When the bit rate allocated to a given GOF is determined,
the performance of FEC-MDC depends on the selection of
packet number N and packet length L. With the change
of bit rate, it is best to search the optimal N and L for
the new bit rate, and then re-compute the optimal FPS
using the new N and L. However this procedure is too
complicated. For simplicity, it is more preferable to fix the
packet number and only change the length [13].

For the inter-GOF bit allocation problem, our idea is to
fix the packet number of all GOFs and then recursively
adjust their packet lengths. Initially, the total bit budget B
is allocated evenly among all GOFs. We then repeat the
following process until some end criteria is satisfied: for
the GOF with the highest optimal expected quality, we
decrease its packet length by one; and for the GOF with
the lowest optimal expected quality, we increase its packet
length by one. If the packet length of a GOF reaches the
maximal permissible packet length ( MAX L), then it
will be excluded from further adjustments.

In implementing the above allocation, we present three
different algorithms. The first algorithm, called One-Stage
Iteration (OSI), is as follows:

l. Let NN=--+=Np=N, L =---=Lp=L, where
L=|B/8/P/NJ, N is chosen appropriately so
that it can maximize the average optimal ex-
pected quality of all GOFs. Let S =1.

2. For each G;, compute its optimal FPS Fy, .

3. Sort all GOFs except the first S —1 according to
their optimal expected qualities in ascending or-



der and denote them as GS,G5*',---,G? . Denote
the packet number and packet length of G' as
Nioand ', S<i<P.
4. Repeat: if IS >MAX L,let S=S+1.
S, IfEgr(Fp)—Eg(Fs)<O , where 8 is a pa-
rameter to the algorithm, stop.
6. Let [F=1F—-1, 5 =15+1.
7.  Re-compute Fjs and Fj; for G5 and G* using
an existing FEC-MDC algorithm. Go to Step 3.
The above algorithm is time costly due to the repeat-
edly calling of the FEC-MDC algorithm in Step 7. To
overcome this problem, we first introduce the following
proposition:

Proposition 1. Let F =(f/,---, f;') be the optimal FPS
of a GOF protected with N packets of packet length L,
Fo=(f", fi", fi' ) be the optimal FPS of the same
GOF protected with N packets of packet length L+1,
and assume the rate-fidelity function of this GOF ¢; (r) is
non-decreasing and convex, then the protection strength of
the first L elements of F,, is stronger than that of Fj,

ie, Xh, f"23h, [

The above proposition describes the changing behavior
of the optimal FEC-MDC solution with the change of
packet length. Its proof is presented in Appendix. Based
on this proposition, we replace the FEC-MDC algorithm
used in Step 7 of OSI with a fast local search algorithm
similar to the one proposed and used in [6] and [13]. The
new algorithm refines the optimal FPSs of G and G” by
minor increasing the protection strength of G5 and de-
creasing that of G, without having to re-compute from
scratch. As a result, the refining process is faster compared
to existing FEC-MDC algorithms. We call this improved
version of OSI as OSI".

The efficiency can be further improved. When the
packet length of a GOF is decreased or increased, we can
use a shortened or extended version of the original FPS as
an approximate FPS without re-computing a new optimal
FPS. In this case, the expected quality can be calculated
easily from the original one by simply subtracting or add-
ing an item, and will be only slightly lower than the possi-
ble best one. Based on this observation, we present a
Dual-Stage Iteration (DSI) algorithm as follows:

1. Let Ny=---=Np,=N, Li=---=L,=L . For
each G;, compute its optimal FPS F; .

2. Sort all GOFs according to their optimal ex-
pected qualities in ascending order, denoted as

G',G2,---,Gr.
3. Let S=1. Repeat: if 5>MAX L, let S=
S+1.

4. IfEq (Fp)—Eg (Fs)< 0, stop.

5. Assume the current FPS of G” is F, =(f",
e fE IR, reset it as Fio  =(fF, [,
let [P =L1F —1. Assume the current FPS of G¥
is Fo=(f' fis ., fks), reset it as F =
(S s o s fls), et IS =I5 +1.

6. Re-sort all GOFs except the first S—1 accord-
ing to their current expected qualities in ascend-
ing order, denoted as G5,G5*',---,G" .

7. Repeat: if I’ >MAX L,let S=S+1.

If Ego (F,)—Egs (Fis) >0, go to Step 5.

9.  Else re-compute the optimal FPS F}; for each
G (1Li<P) using a local search algorithm
similar to the one used in OSI, go to Step 2.

DSI alternates between two stages: stage one smoothes
the qualities of all GOFs using approximate FPSs, while
stage two re-computes the optimal FPSs for the smoothed
output of Stage one. The processing speed can then be
accelerated due to the relief of repeatedly computing op-

timal solutions for changed packet lengths in Stage one.

Go

4. OTHER CONSIDERATIONS
4.1. Buffer Control

The above algorithms always use the same total amount of
bits in the bit allocation process, thus they satisfy the con-
straint of (3). However they do not guarantee that the
buffer underflow constraint of (4) will be satisfied. In this
section, we use a simple post-process module similar to
that of [12] to address this problem.

When a buffer underflow occurs at GOF G;,1<i<P,
i.e. O, <0, it can be fixed by removing a total of —O, bits
from some combination of the previous i —1 GOFs (G, to
G,_,), and then add these removed bits to the GOFs after
G; (G; to Gp). In our implementation, we first convert
the bits into the unit of packet length, and then simply
average them among the GOFs: Let L, =[-0./8/NT,
x=lL /(i-1)], y=L,—(i-1)x, then for GOFs G, to
G, , we decrease their packet length by x+1; for GOFs
G,. to G, we decrease their packet length by x .
Let x' =L, (P—i+1)), y'=L,—(P—i+1)x", then for
GOFs G, to G,.,,, we increase their packet length by



x'+1; for GOFs G, to G,, we increase their packet
length by x'.

4.2. Segmentation

A long video sequence may contain many scene switches,
and different scenes may have different quality require-
ments. Thus it is preferable to partition the sequence into
several segments according to scene switching, and then
do quality smoothing segment by segment.

We distinguish the scene switches using a simple
method. We first allocate the whole bit budget evenly
among all GOFs of a sequence, and protect each GOF
using the FEC-MDC method. Then we examine the GOFs
one by one. If the difference of the optimal expected
qualities between two consecutive GOFs is greater than a
given value (e. g., 3dB in PSNR), then we judge that there
is a scene switching, and put the later and following GOFs
into a separate video segment.

5. RESULTS

We test our techniques using the 3D SPIHT scalable video
codec [1], and two video sequences: CIF-format Foreman
and QCIF-format Carphone, both with a GOF size of 16
frames and a frame rate of 16 fps. The Foreman sequence
is encoded into 18 GOFs and the Carphone sequence is
encoded into 23 GOFs. Throughout the experiments, we
use the algorithm from [4] to compute (near) optimal
FEC-MDC solutions. All programs run on a PC with Intel
2.4 GHz processor.

The packet loss channel is simulated using a two-state
Markov model, with the transition probability from good
to bad as pgz =0.01, and the transition probability from
bad to good as pz; =0.09. The derivation of py(n) for
this model follows the one described in [14]. The band-
widths used for sending the Foreman and the Carphone
are 1Mb/s and 300Kb/s respectively. The fixed packet
numbers used in FEC-MDC packetization for the Foreman
and the Carphone are 255 and 180 respectively. The
maximal permissible packet length is 1460 bytes, and the
packet header length is fixed to 40 bytes.

Fig. 1 compares the performances of our three quality
smoothing algorithms. The results show that all of them
can achieve very good constant expected quality for all
GOFs of both the Foreman and the Carphone sequence.
The smoothed PSNR of OSI" is slightly lower than that of
the OSI and DSI, because the performance of the local
search refining procedure is slightly worse than the FEC-

MDC algorithm from [4]. We notice that there is a dip
near the 15™ and 16™ GOFs of the Foreman sequence.
This is because their PSNR values cannot be further in-
creased in the scope of maximal permissible bit rate.

Table 1 compares the processing speeds of the three al-
gorithms. The results show that DSI is the fastest, several
times faster than OSI+ and several hundreds times faster
than OSI.

Fig. 2 shows the results of DSI algorithm using differ-
ent startup delays, and compares them to the un-smoothed
sequence quality. It can be seen that better smoothed
qualities can be achieved by increasing the delay value.

In Fig. 3, we show the results of adding segmentation
and buffer control to the DSI algorithm. The startup delay
used is 2s. The Foreman sequence is partitioned into two
segments, the first has 13 GOFs and the second has 5
GOFs. The Carphone sequence is also partitioned into two
segments, the first has 11 GOFs and the second has 12
GOFs. The smoothed qualities for each segment are al-
most constant. When add buffer control to the smoothed
results of each segment, the quality prior to the GOF
where underflow occurs without buffer control is slightly
degraded, and the quality after that GOF is slightly im-
proved. However, these differences are very small.

6. CONCLUSIONS

We address the inter-GOF bit allocation problem which
aims to smooth the expected qualities of the FEC-MDC
protected GOFs of a video sequence, and proposed three
new algorithms. We also consider the problems of buffer
control and segmentation. Our analytical results show that
all three algorithms can achieve excellent performance.
However, they have different execution times. Because the
implementation cost of DSI and OSI+ is very low, they
can be used in real-time applications.

This paper only considers the CBR channel situation.
In the future, we will study the quality smoothing prob-
lems of FEC-protected video sequence in the time-varying
channel conditions.
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Figure 3. The effects of segmentation and buffer control.

Table 1. CPU Time (s) comparison of the

three algorithms.

Algorithms
Sequence .
OSI OSI DSI
Foreman 316.36 4.8 0.78
Carphone | 42.45 0.59 0.3
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APPENDIX

Proof of proposition 1

Since the term cy(N)@;(0) in (1) is a constant, thus
the objective of maximizing (1) is equivalent to that of
maximizing

L
EAF) =" enD () =) (9
Hence for any F; =(f, -+, f1), there must be

S en () o(1) = do(1i1)

< e (e (1) — e (1),
where 1'=iN-2/_ f/, 1<i<L; and for any F., = (fi,
-+, f1, f111) , there must be

> e ()@ (1) — ¢ (121)

L+1 "
< el (o () = o (1),
where 1"=iN -2/ f7 1<i<L+1.

We derive the proof by contradiction. Let ' =>%, [,
t"=%kt, f", assume ¢ >¢" and f] > f;"> f/".;, then we
can construct a feasible FPS F,,, = (f\}-+-, f{, fi+1), With

— L ,
E2(Fr) =" en ()~ o (1)
+on (L) (e (1) — 4 (17)),
where 7/, =1/ +(N - f.) . Substitute (8) into (7), we
can get

(6)

(M

®)

> en () @e (1)~ do (1)
+on ([l ) (de () — 4o (11)
< e (e ()~ o (1))
+on ([ (de (1) = d (1)
Exchange term places, (9) can be rewritten as

S v o ()~ 4o (1)

=3 en (3o () = Bo (1)) (10)
< ey (fia) (e (1) — 6 (1))
— oy ([l )@ (ri) = 6 (17).
According to (6), the left of (10) is greater than or
equal to zero, thus we have

e (f1) (@6 (1) — o6 (1))
ey (f1a (e (1) — ¢ (1)) 2 0.
Remove constant term and exchange place, it can be
rewritten as

6 (1) = 46 (1) < ¢ (1) — 4 (1), (12)

(€))

an

that is
Bo((NL=O)+ (N = JE )~ (NL=1)
S (NL—=1")+(N = fi'a)) =g (NL—1").
Let A=NL-t', B=NL-t", C=N-f/,, (13) can
be rewritten as
P (A+C)— g6 (A) < g (B+C) — g (B). (14)

Since ¢’ >t", f/., £ N -1, thus there must be

A< B, C>0. (15)
According to (14) and (15), ¢;(r) can not be a non-
decreasing and convex function, a contradiction. o



