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Low-power H.264 video decoder with graceful degradation

Arnaud Bourge", Joél Jung’
Philips Digital Systems Laboratories - Paris
51, rue Carnot, BP301, 92156 Suresnes Cedex, France

ABSTRACT

In this paper. we present a novel H.264 video decoder where memory transfers and energy consumption are
significantly reduced. A power-friendly solution is indeed required in mobile applications. where autonomy is a key
feature. Whereas low-power design is usually regarded as a pure architectural and implementation problem. our solution
is based on an algorithmic approach. We first observe that in modern hardware architectures. computational complexity
plays a second role in terms of energy dissipation. which is dominated by memory transfers. We thus identify the
motion compensation module as the most consuming part of the standard H.264 decoder. due to its numerous memory
accesses to the reference frame(s). Through an algorithmic modification that uses concurrent embedded compression
techniques and relies on the data structure of the memory. we reduce memory transfers, and hence power dissipation,
while maintaining the visual quality. Experimental results prove that the new method is close to the reference H.264
baseline decoder both in terms of objective and subjective measurements. In the meantime. memory transfers have been
reduced by 55% in average. implying power savings which lengthen the battery life of the mobile device. increase the
reliability of the chip and lower production costs.

Keywords: Low Power, Battery life. H.264. Video Decoding. Memory Transfers. Complexity. Motion Compensation.
Embedded Compression, Subjective Quality.

1. INTRODUCTION

The evolution of mobile devices shows a fast integration of multimedia functionalities. Today the capture and display of
color images at reasonable resolutions are common features in cellular phones. Video is already present in some
products (high-end mobile phones. PDAs) and is expected to spread with the emergence of the MMS (Multimedia
Messaging System). However. this integration comes at the expense of increasing power consumption. Indeed. mobile
devices providing video-decoding capabilities suffer from a shortened battery life. whereas autonomy remains a key-
feature in the mobile world. Advances in battery capacities only panialf_v answer this problem. because the complexity
of codecs and the requirements in picture size and frame-rate keep increasing too. Directly reducing the energy
dissipation of a video decoding circuit is thus crucial. It does not only extend battery life. but also increases the
reliability of the chip. Furthermore. power saving allows a significant attenuation of the cooling effort. which simplifies
the hardware management and lowers production costs.

Low-power design is usually regarded as a pure architectural problem. For instance. hardware/software partitioning
allows an improved management of the power consumption' by allocating the most consuming parts to dedicated
components. Embedded memories also help because they are located close to the CPU and co-processor. so an access to
their data goes through less cable and dissipates less energy”. Finally. optimizing the implementation of a given
algorithm for a specific platform is primordial’. In this classic approach. however. power matters are considered at the
latest stage and result in a non-optimal solution.

On the contrary. we take the energy dissipation into account at the algorithmic stage. This approach. if combined with
architectural considerations, leads to the most promising gains® because some algorithms intrinsically have the property
to enable power-efficient implementations™. The counterpart is that evaluating the actual power consumption at the
algorithmic stage is a tricky task that can only result in qualitative estimations. In practice. we translate consumption
properties of a generic platform into guidelines and constraints for the design of algorithms®. First of all. low power
should not be regarded as a mere complexity problem. Today. power consumption is led by memory transfers. and
especially by accesses to an external memory. Computations only represent a minor (though not negligible) portion of
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the overall dissipation’. As a consequence. a low-power wdeo-decodmg algorithm should mainly minimize the number
of accesses to the memory. even at the expense of a moderate complexity increase®. Hence. we do not measure
performance through a classical rate-distortion trade-off. but through a power-rate-distortion criterion. It means that a
loss in visual quality can be compensated by a gain in power consumption.

We have chosen to start from the H.264 decoding scheme - that is the state-of-the-art standard in terms of coding
efficiency - at the Baseline Profile. which is intended to be used in the mobile world. In this paper. we present a novel
H.264 video decoder where memory transfers and power consumption are significantly reduced. Section 2 is a
preliminary study. We present the state-of-the-art in low-power video decoding. show that the motion compensation is
the most costly module.’ explain why we choose to apply embedded compression. and highlight some difficulties
inherent to this kind of scheme. In Section 3 we define our strategy. which consists in imposing some specific
constraints to the embedded compression. and we describe our algorithmic solution. Section 4 is dedicated to the
experimental results. where we show that the memory size can be reduced by a factor of 3, and the associated memory
transfers by a factor of 2.3 while maintaining the visual quality. Results also include complexity evaluations, rate-
distortion curves and subjective quality assessments. Section 5 concludes this paper.

2. PRELIMINARY STUDY
2.1. State of the art

We have seen in the introduction some examples of low-power decoder designs based on architectural optimizations'
Although this is the most common approach. our method is more focused on the algorithmic side. Following the same
principle, authors have built their decompression algorithm based on underlying hardware properties to minimize power
dissipation. Most of them propose computational simplifications, but this method is not sufficient anymore to reduce
energy consumption. Others put the strain on minimizing data transfers. both spatially and temporally. In the spatial
domain. 1sometr1es were thus proposed as a way to significantly reduced a vector quantization (VQ) codebook’.
Moreover in '°, “power scalability”. depicted as the ability for the codec to change its power consumption depending on
the available bandwidth and on the required ¥ideo quality. is introduced through the use of a hierarchical VQ. Yet we
will see that the spatial domain is not the most critical path regarding memory transfers in a conventional decoder. In the
temporal domain, the Motion Estimation / Motion Compensation can be replaced by a so-called Conditional
Replenishment'' but at the cost of compression performance. Alternatively. an efficient trade-off between data transfers
and coding efficiency is introduced in  with the notion of “Collocated Motion Estimation”.

All the above solutions imply the use of a non-conventional encoder to generate the incoming bit-stream. They are not
applicable in a context where interoperability and exchanges impose the use of an accepted standard, which is generally
the case in mobile communications. Strictly speaking. one cannot come up with a completely new scheme only for the
decoder: the corresponding encoding scheme must be accepted too. However. it is possible to decode a standard bit-
stream in a manner that differs from the standard algorithm. The resulting sequence is necessarily degraded. but a sound
control of the modifications can keep the loss small while some costly operations are saved. In fact this notion of

“graceful degradation™ introduces a trade-off between the quality of the reconstruction and the cost of the decoding'~.

Each modification of the standard scheme introduces a deviation that impacts the visual result. The goal is then to find
modifications that maximize the gain in complexity while minimizing the visual losses. Finally the algorithm can adapt
itself to the available resources: depending on the CPU utilization. some operations are done. simplified or even
skipped. For instance the Inverse DCT can be truncated. or the sub-pixel interpolation filters of the motion
compensation can be approximated.

2% Identification of the power-costly module: Motion Compensation

We have seen that in the literature “graceful degradation™ is commonly applied to computational complexity. We extend
this notion to power consumption by adapting the decoding scheme to the available energy resources. thus introducing
power-related graceful degradation. We start with the identification of the power-consuming part of the H.264 decoder.
which we will then modify.

Memory transfers. and especially accesses to an external memory. have a major influence on power consumption®.
Computations (arithmetic and logical operations) still represent a significant portion of the overall dissipation. but there
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is a trend towards a reduction of its relative weight’. The design of low-power algorithms is thus primarily a matter of
minimizing memory transfers. which is closely related to bandwidth reduction between the memory and the processing
modules. This is especially true in hardware-only and in mixed hardware/software solutions. In software-only
environments, however. the power repartition between memory transfers and computations is more balanced and
difficult to measure.

In the scope of an H.264 video decoder. the Motion Compensation consumes most of the memory transfers. This is
because the other parts of the decoder can generally be performed locally. on a block-by-block basis. In this paper, the
term “Motion Compensation” (MC) defines all the operations (logical. arithmetic and memory) that are part of the
feedback loop of the predictive scheme. as shown in Figure 1. It includes storing the decoded frame to be used as a
reference for the next frame(s), calculating the Motion Vectors (MV). reading the memory to get the reference pixels,
and finally performing the interpolation filters that generate the sub-pixel grid.

Bit-Streamy| Entropy 5 ] || l_D__r\ _|Deblocking Decoded
Decoder _.l Re-e10er DQ IT 7 Filter Frame
e o = i e — L i Al M
1 | Interpolation |, Read Frame | Store :
1 Filter Frame Memory | Frame
e : 4 1
| Motion Compensation |
Motion Vectors -~~~ ——~—==== == B e

Figure 1: General scheme of a standard H.264 decoder.

The storing of the latest decoded frame is unavoidable in the standard scheme because all its pixels may serve as
references for the next frame(s). In CIF. with a 4:2:0 format. this implies 352x288x1.5=152.064 bytes to be stored.
Moreover. even in the Baseline Profile. up to 5 preceding frames are used as references. so with the currently decoded
frame there are 6 frames in the memory. Consequently. a 1MB external memory is required. It consumes much more
power than a small internal memory. partly due to longer connections. During the decoding of one frame. around 300kB
of data have to be transferred to and from this memory (read/write operations). No other module needs to store and
access so much data: most of them can be performed on the flv. except the deblocking filter in case FMO (Flexible
Macroblock Ordering) is enabled. We do not consider this possibility in the remaining of this paper. The Motion
Compensation is thus responsible for a major part of the bandwidth between the external memory and the processing
modules.

2.3. An existing technique for reducing memory size and transfers in the MC: Embedded Compression

Recent work has put the strain on reducing this bandwidth by presenting an appropriate memory management'”. The
pixels of the stored reference frame(s) are mapped to the structure of a DDR-SDRAM block-by-block instead of line-
by-line. yielding excellent results. This method optimized the implementation of the MC without changing the decoding
algorithm itself. It was then proposed to go further by using embedded compression techniques'’. Embedded
Compression (EC) consists in compressing the reference frame(s) in the feedback loop of a conventional predictive
video coding scheme'® as depicted in Figure 2. The additional encoder and decoder that perform the EC have a
computational cost (complexity). This cost must be moderate, because in an extreme case the associated increase in
CPU dissipation could exceed the expected power savings on memory accesses.

On quality aspects. if the selected compression technique is lossless it has no impact on the reconstructed sequence. but
of course the compression ratio (and thus the expected gain) is limited (two at most). On the contrary if the compression
is lossy the memory savings are much higher. It comes at the expense of a quality degradation that worsens along a
Group of Pictures (GoP). The reference frames are compressed with loss. so the decoding of the next frame is
erroneous. The predictive structure of video coding schemes make this reconstruction error propagate and accumulate:
visual quality gets inexorably poorer and poorer. This phenomenon is known as the drift effect. Designing a low-power
decoder with embedded compression. we have to minimize this unwanted artifact that is temporally very annoying.
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Figure 2: General scheme of an H.264 decoder with Embedded Compression.

2.4, Drawback of Embedded Compression: data overhead

When the goal of Embedded Compression (EC) is purely to reduce the required memory size for cost reasons, virtually
any efficient still image compression technique can be performed. In practice. block-based schemes are convenient
because they match the block-oriented structure of the incoming bit-stream, allowing on-the-fly processing. However.
we also aim at reducing the bandwidth. and the relation between the Compression Ratio (CR) of the EC and the gain in
memory transfers is not direct, due to overhead.

We define overhead as the ratio between the number of pixels that are actually accessed during the MC of a block and
the number of pixels that are really useful in the reference block. This ratio is superior to 1 because of the block-based
nature of EC techniques. For instance let us consider that the reference frames are encoded on an 8x8 block grid. The
reference frame no longer has a pixel-oriented structure. but a block-oriented one (Figure 3): to access the value of one
pixel we must fetch and decode the whole block it belongs to.

This is not a problem as long as the reference pixels in the MC form blocks that are aligned with the grid of the EC, but
it becomes annoying when the motion vector points to a reference that overlaps several encoded blocks. It was already
true with previous standards' but it becomes even more serious with H.264. Indeed. a 16x16 macroblock can be
divided in 16x8. 8x16 or 8x8 blocks during the MC. Any 8x8 block can then be sub-divided into 8x4. 4x8 or 4x4 sub-
blocks. In the case depicted in Figure 4. this has a dramatic impact on the overhead. Indeed the compensated block is a
4x4 block (allowed in H.264) that is not at all aligned with the 8x8 grid. Four encoded blocks. corresponding to 256
pixels. have thus to be read and decoded just to get the useful 16 pixels. The overhead in that worst-case scenario is 16.
The long 6-tap filters that perform sub-pixel interpolation also contribute to this phenomenon.

S &
Biocks of coded bits
——— Reference block

N o
LI o
~\

EC block grid

(8x8)
Without EC With EC Useful pixels & Pixels to be fetched
Figure 3: Block-oriented frame structure. Figure 4: Overhead example.
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3. PROPOSED LOW POWER H.264 DECODER

We propose a low-power H.264 decoder based on embedded compression. Its high-level scheme is similar to the one
depicted in Figure 2. and we impose some extra constraints to obtain an actual reduction of the memory transfers. Two
techniques that fulfill these constraints are then detailed. Our solution takes benefits from both techniques via an
efficient competitive mode.

3.1 Requirements for the embedded codec and consequences

To overcome overhead. we impose three main constraints on our EC algorithm: :
1- the compression is block-based. and each block is independently encoded.
2- the compression ratio is fixed for all blocks and maps the memory structure;
3- luminance and chrominance planes are jointly stored in the memory. 1

First. having a block-based EC fits well with the structure of the standard decoder since it allows on-the-fly processing
and avoids extra buffering. Furthermore. independent encoding of the blocks ensures that a limited amount of data must
be fetched to recover some pixels pointed by the current motion vector. This excludes any kind of prediction between
blocks. in particular spatial prediction. because one would have to load and decode also the previous blocks in the
reference frame, which would annihilate the desired effect of memory transfer reduction.

The second constraint enables fast and easy access to any block in the reference frame. The start and end addresses of

each encoded block are known. so that they do not have to be retrieved in an extra table in memory. The full benefit in r
terms of transfers and power comes when this constraint is coupled with a good data mapping strategy. In a typical
SDRAM. memory addresses point to words of N bits (e.g. N=32), where N corresponds to the bus width. Moreover.
data can be accessed by bursts of M consecutive words. Long bursts dissipate less energy than small ones relatively to
the amount of transferred data. Generally. the maximum burst length is M=8 words (256 bits in the case of a 32-bit data
bus). Hence. we set a fixed compression ratio CR so that the pixels of the source block fit in the length of one (or
multiple) burst(s).

The third constraint increases data locality since motion vectors are identical for luminance and chrominance. Thus.
pixels of the three planes can be accessed in one transfer. saving much energy in data-bus communications. We work
with 4:2:0 progressive materials. so an 8x8 block in the pixel domain contains 512 bits of luminance and 256 bits of
chrominance data. It exactly fits in one 8-word burst of 256 bits with the above memory structure if we apply a
compression factor of 3.

While they clearly act in favor of a limited overhead effect. our first two constraints make the efficiency of our scheme
difficult in terms of compression ratio and visual qualitv. Indeed. we cannot benefit from correlations between adjacent
blocks. Furthermore. the fixed CR implies that too few bits might be used to correctly encode complex blocks while
some easy blocks can certainly be losslessly encoded with less than 256 bits. On the contrary. the third constraint gives
a double advantage since it decreases power through a reduction of the memory requests and also enables a joint bit-
allocation between the Y. U and V components. which allows more flexibility for coding efficiency.

3.2. A competitive embedded compression scheme

The above constraints limit the power dissipation due to memory accesses by imposing a block-based processing that
fits well with the data structure of conventional memories and with the communication properties of the data bus. Once
these constraints have been set. the choice of an embedded compression algorithm purely depends on coding efficiency.
We have built a scheme that uses a competition between two complementary solutions through an’ a priori selection: a
modified version of the Intra mode of H.264. and a zonal bit-plane coding scheme'®. The former is known for its
efficiency and is especially convenient to implement in an H.264 codec platform since the main functions are already
available. The latter is bit-rate scalable and thus does not need any rate regulation module. resulting in an optimal use of
the allocated bit budget.
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Modified H.264 Intra mode

In the H.264 standard. if a macroblock is encoded in Intra mode. a spatial prediction is formed based on the previously
encoded blocks. 4x4 integer transform. quantization and entropy coding are then applied to the prediction error. In our
case we cannot enable the complete prediction scheme. but a restrained version is possible. As a matter of fact we
encode blocks of size 8x8 pixels where there are four 4x4 subblocks, so spatial predictions between these subblocks are
performed. For instance the up-right subblock can be predicted from the pixels in the right column of the first subblock.
either from their average value ("DC prediction™) or by horizontal padding (Horizontal prediction”). Only the first
subblock cannot at all be predicted from the other ones. Instead, we extract its DC coefficient truncated on 8 bits and
use it as a predictor. The DC coefficient of the first subblock is thus encoded with a fair and constant precision.
independently of the chosen quantization step. It helps limiting the drift effect. Figure 5 summarizes the available
prediction modes for each subblock. One can refer to the H.264 standard for further information about each mode.

0: predicted by its own average value on 8 bits

1 1: DC prediction or horizontal prediction from subblock 0

2: DC prediction or vertical prediction from subblock 0

3: DC, horizontal. vertical. vertical-right. diagonal-right, horizontal-down,
or horizontal-up prediction from subblocks 0. 1 and 2

:
:

\AAJ

(5]
[ |
\A Al
9%}

Figure 5: Spatial prediction modes available for each 4x4 subblock in the modified H.264 Intra mode.

One bit is enough to transmit the prediction mode of subblock 1, and another one for subblock 2, while 3 bits are needed
for subblock 3. leading to a total of 5 bits. Chrominance pixels directly form 4x4 blocks. so we do not perform any
spatial prediction there. except that their average value truncated on 8 bits is also losslessly encoded for each UV
component. Then the 4x4 transform and the quantization process are similar to the standard. but with a limited number
of 32 possible quantization steps. The Level and Run tables are encoded using a variable-length coding (VLC). In fact, a
complex entropy coding (e.g. the Context-based Adaptive Binary Arithmetic Coding - CABAC) is not justified in this
application because the context would have to be reset after each block, leading to a sub-optimal solution. VLC is just
as efficient here. QP is adjusted so that the total length of the bit-stream does not exceed the chosen value (in our case
256 bits or a burst of eight 32-bit words). Finally. the bit-stream corresponding to one block is composed as depicted in
Figure 6.

_8bits 8 bits 8 bits 5 bits . Sbits nY bits 2 nU bits nV bits

> >

ﬁ)C_Y]f)C_U]DC_V[Prediction modesl QP I Encoded coetficients (Y) ]Encoded coefficients (U)lEncoded coefficients (V)|

Figure 6: Bit-stream composition in the modified H.264 Intra mode.

Scalable Rmax/Cmax mode

The other scheme'® that we have studied encodes DCT coefficients bit plane by bit plane. starting with the Most
Significant Bits. As in the above solution. we encode the DC coefficients losslessly to counter the drift effect. For the
AC coefficients. compression is achieved through a zonal coding: for each bit plane the significance map of the
previously insignificant coefficients is represented by the maximum row Rmax and the maximum column Cmax where
a bit is equal to 1 (see Figure 7). The data beyond this zone does not need to be transmitted. Since the energy usually
lies in the low frequency coefficients. this technique implies a good bit-rate reduction. Its great advantage is to provide a
fine-grain scalability: the process stops when the bit budget is exhausted. This property, although it generally comes at
the expense of coding efficiency. is important in our context since we have imposed a severe rate limitation on a block
basis. With the conventional quantization/VLC solution above. some bits are always wasted. while here all the available
bits can efficiently be used.
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Figure 7: Zonal bit-plane coding.

Competition mode

In practice. we have observed that although the two depicted algorithms give encouraging results, none is better than the
other in all conditions and for all sequences. More precisely, their respective artifacts are very dissimilar and are located
in regions with different properties. The modified Intra mode tends to blur the picture and to lose details in very textured
areas. On the contrary. the scalable solution gives a sharper rendering in edges and rich textures but generates an
unpleasing noise/ringing effect in smoother regions. due to the bit-plane truncation. Consequently, our solution is based
on the competition between these two modes. to achieve the best performance. In order to limit complexity, we select
the encoding mode through an a priori criterion: if the activity (or energy) of the current block is higher than a given
threshold. then the scalable scheme is chosen, otherwise the modified H.264 Intra is applied. A priori selection is
important because it generates a very limited computational overhead compared to an a posteriori solution where both
schemes are processed before one gets selected.

4. EXPERIMENTAL RESULTS

We present our results on several dimensions: the memory aspects (size and transfers). the complexity issue. the
objective and the subjective quality. Our test set is composed of CIF sequences at 25 frames/s with various contents as
given in Table 1. We have encoded them with the JM6 reference software of H.264. set to respect the Baseline Profile,
with an Intra period of 25 frames. Bit-rates are in the range [150...512] kb/s. This spatio-temporal resolution. these
sequences and the encoding conditions were chosen as representative of the targeted applications.

Foreman Face close-up. moderate motion.

Flower Slow camera motion. rich-textured garden. cloudy sky.

Silent Talking person moving hands and arms. painted background.

Stefan Tennis scene, fast motions.

Weather Weather forecast. synthetic map (background). talking person (foreground).

Table 1: Test sequences.

4.1. Memory gain

Our primary goal is to reduce power consumption through a decrease of the memory transfers. We have seen that we
apply a Compression Ratio CR of 3 so that an 8x8 block maps a data burst of 256 bits. The first consequence is that the
memory occupancy of the reference frame(s) is divided by three. Hence a smaller memory can be implemented, which
is very positive in terms of both costs and consumption. Indeed. smaller memories can be embedded closer to the CPU.
leading to less cable dissipation during accesses. Concerning transfers (and thus bandwidth). the gain is not so direct
due to overhead (see paragraph 2.4). In the following. we describe how we measure it.

Overhead: statistical prediction
The memory accesses are divided by CR/Ovh at the reading side. where Ovh is the overhead. At the storing side. this
overhead issue is irrelevant and transfers are thus divided by CR. Equation 1 expresses the global gain in memory
transfers (load/store) with the approximation that there are as many loads as stores in the standard decoder. One can see
that overhead can theoretically counter-balance the benefits of EC regarding memory transfers. We have to measure it
precisely to assess the memory bandwidth that is actually saved.
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Memory_Store;. + Memory _Loady. 1+ Ovh

Transfer _Gain= =
- Memory _Storeg,, + Memory _Load;,, 2*CR

Equation 1

Overhead strictly depends on the block size of the EC, on the size of the current motion-compensated block, and on the
value of its motion vector. It is a part of our contribution to quantify their impact through a statistical analysis of the
sequences of the test set.

There are four main inter prediction modes for luminance pixels in H.264: 16x16, 16x8, 8x16 and 8x8. The 8x8 mode
can be further decomposed into 4x4. 8x4 and 4x8 partitions. For each mode and sub-mode, we have counted the
occurences when a reference block is aligned with the chosen EC block grid (8x8). If it is not. then there is a separation
between horizontal misalignment, vertical misalignment, and both. In each case, the number of encoded blocks to
retrieve (and thus the number of pixels to get) is different. Then the statistical apparition of each mode is also computed.
A synthesis permits to extract the average overhead from our test set.

Figure 8 illustrates a typical case. here for the Stefan sequence, where we also indicate the equivalent results for an EC
block-grid of 4x4 and 16x16. A simple analysis shows that the result is qualitatively coherent. The 4x4 grid generates
fewer overheads than the other ones because it is closer to pixel accuracy. Furthermore, for all grid sizes. overheads
increase with the bit-rate. This is due to the H.264 encoder that allows macroblock partitioning and large motion vectors
at high rates (small quantization step) while it favors the null vector with a 16x16 partition at low rates.

8,00
B e e — e e e e e e e T P e SR e S e e
L7
-
Y e B G T W7 T P SO SR S s L R R 7—' —————
| g8 coding > &
[== *16x16 coding »
s.oo——————————v~—--—--——————————————)-( ———————————
o Sequence| 4x4 EC | 8x8 EC | 16x16 EC
[T b e A i A St Grid Grid Grid
Sk & e Foreman [  1.31 1.77 3.69
3‘,,0,“,_,“,_______,1_’__' ___________________________ Flower 1.30 1.74 3.77
T T e s i News 1.14 1.51 2.78
B et T L i e TR A O A Silent 197 1.50 322
/’:-—-. csmemsmesews e R R PR
AP s s 0 PN T SN e I TN 0 S T Stefan 1.51 2.44 6.95
Weather 1.17 1.49 3.18
000 All 1.27 1.73 3.93
100 150 200 250 300 350 400 450 500 550 600
Bit-rate (kbits/s)
Figure 8: overhead vs bit-rate (Stefan sequence). Table 2: overhead vs EC block-grid for each
sequence.

Table 2 summarizes the statistical analysis for each sequence of the test set. Not surprisingly. still sequences generate
the smallest overhead values (News. Weather) because the motion vector is often equal to zero. On the contrary, a fast
sequence like Stefan generates much overhead. In the remaining of the experiments we only present results for the 8x8
EC block grid. which turned out to offer the best trade-off between transfer overhead (that is minimized if the block grid
is small) and coding efficiency (that prefers larger blocks).

Memory transfers

Thanks to the formula of Equation 1 and to the statistical results of Table 2. we can derive the average gain in memory
transfers for each sequence. For the 8x8 grid. the transfers gain lies between 0.40 for the Weather sequence and 0.55 for
the Stefan sequence. respectively corresponding to a 60% and a 45% reduction. The average gain for all the sequences
is about 0.45 (or 55% of reduction). corresponding to a gain of 0.33 for the storing and 0.57 for the reading of a
reference frame. These figures correspond to a Compression Ratio (CR) of 3 and lead to very good visual results as we
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will see in section 4.4. Higher CR values, and thus higher gains. can be achieved. For instance CR=8 implies an average
reduction of 80% for memory transfers at the expense of more visible degradations.

4.2, Complexity evaluation (CFDG)

Although memory transfers represent the major part of the energy dissipation in modern architecture, computational and
logical operations are not negligible. By applying Embedded Compression. we have added some modules to the
conventional standard decoder. and consequently increased the complexity. In this paragraph we estimate the number of
added operations through a CFDG analysis.

A Control Flow Graph (CFG) is an abstract data structure. a representation of a procedure or program. It consists of
nodes performing operations and exchanging data. Each node in the graph represents a basic block. i.e. a straight-line
piece of code without any jump. A CFDG is a CFG where Data dependencies are highlighted. In general. CF(D)G are
internally built-up by compilers to optimize binary executables. In our case. we found it was a good tool to precisely
decompose an algorithm at a high-level. It allows analyzing its complexity. memory accesses. level of data
dependencies and degree of parallelism. All these notions directly give indications on the ease to implement a low-
power system based on the studied algorithm.

The CFDG methodology has been used to evaluate the average complexity of the reference MC and of the proposed
solution with EC. The results given in Table 3 represent the number of additions (Add), multiplex (Mux. related to ‘if’
statements) and multiplications (Mul) for performing the MC of one frame. It takes into account statistics about the
motion vectors (including sub-pixel interpolation). The numbers of memory read and write are taken from the study of
the previous paragraph. and also take into account the storing and reading of the motion vectors from the previous
neighboring blocks (for motion vector decoding).

Read (x1000) [ Write (x1000) [Add (x1000) [ Mux (x1000) | Mul (x1000)
MC of the H.264 decoder 226 152 709 1.060 200
Proposed MC with Embedded Compression 138 33 5.017 1.938 504
Ratio 0.61 0.35 7.00 1.72 2.52

Table 3: Complexity of the proposed MC compared to the standard one.

One can notice that EC performs a lot of additions: they are multiplied by 7 compared to the conventional MC.
However. additions are less costly than multiplications. In general. one considers that one multiplication is three times
as complex (and power-consuming) as an addition and a multiplex in most processing units. This approximation leads
to an average ratio of 3.57 more operations (Add. Mux. Mul) for the proposed method. Finally. some studies estimate
that the Motion Compensation represents around 40% of the total complexity of a Baseline H.264 decoder. Hence. our
solution is globally between 1.5 and 2 times as complex as the standard one. while dividing the memory transfers by
more than 2.

4.3. Objective quality (PSNR)

Embedded Compression generates an unavoidable reconstruction drift at the decoder. which impacts the resulting
quality. However, in the introduction we have stressed the fact that we judge our algorithms on a power-rate-distortion
basis. meaning that a large gain in power can justify a slight increase in distortion. We have to quantify this distortion to
assess the acceptability of our solution.

Figure 9 and Figure 10 depict the rate-distortion graphs of the standard decoder and of the proposed one. for two
representative sequences of the test set (Flower and Foreman). The gap between the two methods increases with the bit-
rate because the decoded frames are better preserved and contain more details at higher rates, implying a non-negligible
loss of data during the Embedded Compression. On the contrary. the decoded pictures at lower rates are easier to encode
by the EC module because they are already degraded anyway.

The average PSNR loss on all the sequences of the test set is 0.7 dB. It is null at the low end of the bit-rate range and
can reach more than 2.0 dB around 512 kbits/s. However. some authors have remarked that the visual impact of the EC
is not necessarily as high as the gaps in the rate-distortion curves'*.
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Rate-distortion graphs are a useful way of evaluating coding efficiency. especially during the process of designing and
tuning algorithms. Yet. PSNR curves do not give a direct idea about the actual differences in visual quality between two
solutions and can even be misleading in some special cases. Moreover, the subjective quality that viewers feel while
looking at a sequence is much influenced by the viewing conditions. For instance the visibility of some artifacts
(blocking. ringing. temporal drift. etc.) varies much according to whether people look at the palm-sized LCD screen of a
PDA or at a professional monitor in a laboratory environment. Subjective tests are thus needed. Our solution targets
mobile applications. so we performed the subjective tests on a portable device. following as much as possible the known
protocols and recommendations proposed for television applications'’.

Tests were designed for Double Stimulus Impairment Scale (DSIS). Each test consists of a pair of stimuli: one sequence
processed with the reference solution (in our case the standard decoder) and with the proposed one. Each pair is shown
in this order. twice. Let us notice that the reference is not necessarily “artifact-free”: typical coding artifacts (blocking,
ringing. mosquito noise. lack of sharpness. temporal inconsistency) can be present. The viewers are asked to score the
impairment level of the proposed technique regarding this reference. Table 4 shows the scoring scale.

Score | Impairment

Imperceptible

Perceptible but not annoving
Slightly annoving

Annoying

Very annoyving

—N W] 4= |

Table 4: Scoring scale.

The device is a mobile video player with a 320x240 LCD-TFT screen and a depth of 16 bits/pixel. The viewing distance
is not imposed. Both expert and naive viewers are asked to hold the mobile device at a convenient distance and to keep
this distance constant during the test. The room illumination is low. Finally. the Mean Opinion Score (MOS) is
computed. Results are summarized in Table 5.

Category Number of viewers | Mean Opinion Score | Variance | Min Score | Max Score
Experts 9 4.0 0.4 2 S
Naives 5 4.3 0.5 3 S

Table 5: Subjective Tests results.
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As usual. expert viewers are both more sensitive to artifacts and more consistent in their judgment than naive viewers,
leading to a smaller MOS and a smaller variance. However. the scores are rather coherent across the two categories. and
the impairment level of the low-power solution is not considered annoying although it is perceptible. The proposed
scheme is thus only 1 JND (Just Noticeable Difference'®) away from the reference decoder. which is an excellent result.

4.5. General interpretation

In this section. the proposed low-power H.264 decoder has been evaluated regarding memory (size and transfers).
complexity. objective and subjective quality. On the one hand. the cost of Embedded Compression is quite high in terms
of computational operations compared to the standard Motion Compensation. leading to an estimated 1.7 complexity
factor for the whole decoder. On the other hand, memory transfers. which are predominant in the global energy
dissipation, have been divided by more than 2. As stated in section 2.2. this undoubtedly leads to a global gain in power
consumption. especially in a hardware-only or a mixed software/hardware environment. It is difficult to quantitatively
evaluate this gain: several tools exist®, using various consumption models, but they need the implementation process to
be well advanced. Finally. subjective tests proved that the proposed low-power decoder provides video sequences that
are visually very close to the standard decoder. This scheme thus provides an excellent trade-off between power
consumption and visual quality. It is possible to achieve larger gains by increasing the Compression Ratio of the EC at
the expense of a degraded visual quality, which can be acceptable in some applications.

5. CONCLUSIONS

We have presented a modified H.264 decoder that gracefully degrades the output video quality in order to significantly
reduce energy dissipation. We have first observed that the Motion Compensation was the most power-consuming part of
the decoder. due to its numerous accesses to the frame memory. Embedded Compression (EC) was then identified as a
promising technique to reduce these transfers. In order to limit the data overhead that is inherent to EC. we have
imposed some requirements that help mapping the EC grid with the memory structure. Once these constraints have been
set. we have applied a compression factor of 3 on the reference frames. using a combination of two complementary EC
techniques. The selection criterion is @ priori and low-cost.

Experimental results show that memory transfers, which dominate power consumption. are reduced by 55% in average
for CIF sequences in mobile application conditions. The computational complexity of the decoder is globally increased
by 1.7. which should not counter-balance the power gain due to memory transfers. Furthermore. subjective tests proved
that our solution maintains the visual quality of a standard decoder. The proposed decoder thus provides an excellent
trade-off between power consumption and visual quality. making it an advantageous solution for mobile applications.
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ABSTRACT

The emergence of streaming multimedia players provides users with low latency audio and video content over
the Internet. Providing high-quality, best-effort, real-time multimedia content requires adaptive delivery
schemes that fairly share the available network bandwidth with reliable data protocols such as TCP. This
paper proposes a new flow and congestion control scheme, SCP (Streaming Control Protocol), for real-time
streaming of continuous multimedia data across the Internet. The design of SCP arose from several years
of experience in building and using adaptive real-time streaming video players. SCP addresses two issues
associated with real-time streaming. First, it uses a congestion control policy that allows it to share network
bandwidth fairly with both TCP and other SCP streams. Second, it improves smoothness in streaming
and ensures low, predictable latency. This distinguishes it from TCP’s jittery congestion avoidance policy
that is based on linear growth and one-half reduction of its congestion window. In this paper, we present a
description of SCP, and an evaluation of it using Internet-based experiments.

Keywords: Internet, flow control, congestion control, adaptive systems, streaming multimedia systems

1. INTRODUCTION

The real-time distribution of continuous audio and video data via streaming multimedia applications accounts
for a significant, and expanding, portion of the Internet traffic. Many research prototype media players have
been produced, including Rowe’s MPEG player,! the authors’ distributed video player,> and McCanne’s
vic,3 etc. Over the past two years, many commercial streaming media players have also been released, such
as RealAudio and RealVideo players, Microsoft Netshow, and Vxtreme.

Common characteristics of media streaming applications include their need for high bandwidth, smooth
data flow, and low and predictable end-to-end latency and latency variance. In contrast, the Internet is a
best-effort network that offers no quality of service guarantees, and is characterized by a great diversity in
network bandwidth and host processing speed, wide-spread resource sharing, and a highly dynamic workload.
Hence, in practice, Internet-based applications experience large variations in available bandwidth, latency,
and latency variance.

To address these problems the new generation of Internet-based multimedia applications use techniques
such as buffering and feedback-based adaptation of presentation quality. Buffering is used at the sender,
receiver, or both, to mask short-term variations in the available bandwidth or latency. Through adaptation,
applications scale media quality in one or more quality dimensions to better utilize the currently available
bandwidth. For example, real-time play-out can be preserved in the presence of degraded bandwidth by
adaptively sacrificing other presentation quality dimensions such as video frame rate or spatial resolution.

Dynamic adaptation is a powerful approach, but it requires new flow and congestion control mechanisms
for accurate discovery and appropriate utilization of the available network bandwidth. Congestion control
mechanisms must determine, dynamically, the share of the network bandwidth that can be fairly used by
the adaptive application in the presence of competing traffic. If the mechanisms are not sensitive enough

Please send correspondence to Shanwei Cen at shanwei.cen@tek.com

SPIE Vol. 3310 ® 0277-786X/97/$10.00
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State Network and session condition | Congestion window adjustment policy
slowStart | Available bandwidth not dis- [ SCP opens the congestion window exponentially by increasing the

covered yet window size by one upon the receipt of each ACK.
steady Available bandwidth being | SCP maintains appropriate amount of buffering inside the network
fully utilized to gain sufficient throughput, avoid excessive buffering or buffer
overflow, and trace the changes in available bandwidth.
congested | The network is congested. SCP backs off multiplicatively by halving the window size. Per-

sistent congestion results in exponential back-off.
paused No outstanding packet in the | When a new packet is sent, SCP shrinks the window size and
network invokes the slow-start policy.

Table 1. SCP states, network and session conditions, and flow and congestion control policies

e 7to — An estimator of the timer duration.
e 7 — An estimator of the receiving packet rate.

As long as the congestion window is open, the sender streams packets at a rate no more than -&——‘—
l
instead of sending them out in bursts, so as to improve the smoothness of the stream. When an ACK is

received, or a timer expires, the congestion window size W, is adjusted using a policy associated with the
current state.

SCP adopts window-based policies similar to those of TCP for slow-start, and exponential back-off upon
network congestion. It also estimates RTT in a way similar to TCP. Therefore, many parameters and state
variables have counterparts in TCP. However, SCP differs from TCP in that it has a base RTT estimator
Trtt and a packet rate estimator 7. The use of these estimators to ensure smooth streaming and low latency
is discussed in the following sections.

2.1. Overall architecture

SCP is based on the observation that excessive packets in the round-trip network connection accumulate
in buffers at network routers and switches and lead to an increased RTT. As the accumulation of packets
increases, these buffers overflow and packets are dropped. The goal of SCP is to ensure smooth streaming at
a suitably high throughput, but without causing excessive buffering or congestion in the network. To achieve
this goal, SPC monitors fluctuations in the available bandwidth and pushes an appropriate number of
additional packets into the network connection. If network congestion is detected, SCP reacts immediately
with exponential back-off. Depending on the condition of the network and the streaming session under
control, SCP is in one of the following four states: slowStart, steady, congested or paused. Each state is
associated with a specific condition and congestion window size adjustment policy as listed in Table 1.

SCP handles events that indicate changes in network and session conditions. Such events include indica-
tions that: the SCP session becomes paused or active; the available network bandwidth is fully utilized; the
network is congested; the network interface has been switched. Upon these events, SCP updates its internal
state and possibly switches to a new policy. Figure 1 shows the events that SCP handles and its associated
state transitions.

2.2. Congestion window adjustment policies and state transitions

Initialization: Upon initialization, SCP sets W =0, W; =1 a,nd Wes = Ly, where L,, is a limit on the
congestion window size. T,,m, Ty and Dy are set to infinity. rto is set to an initial default value. After
initialization, SCP enters the paused state. Transmission of the first packet brings SCP-to the slowStart
state.

Slow-start: The slow-start policy is invoked after initialization or when SCP resumes from a pause. Its goal
is to quickly grow the congestion window and discover the available network bandwidth. W} is incremented
by 1 when an ACK is received in-order, thus doubling the congestion window after each RTT amount of
time. SCP leaves the slowStart state upon detecting events indicating network congestion, full utilization
of available bandwidth, pause in streaming, or network interface switch.
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The steady-state policy defined by Equation 1 is what makes SCP different from TCP. If network con-
ditions remain the same for a sufficiently long period of time, SCP converges its window size and data rate
to stable values. SCP is also able to limit the buildup of end-to-end latency resulted from buffering in
routers, regardless of the actual sizes of router buffers. These properties are desirable for media streaming
applications. In contrast, TCP repeatedly increases its congestion window size linearly until packets are lost,
and then backs off by halving the window size. The result is that TCP traffic is inherently bursty. TCP also
tends to fill up router buffers no matter how big they are. A consequence is that across network connections
with deep buffers, TCP yields long latencies. The deeper the buffers are, the longer the latencies are.

Exponential back-off upon network congestion: Upon network congestion, SCP invokes an expo-
nential back-off policy similar to that of TCP. Whenever events such as gaps in ACK or timer expirations
are detected, SCP backs off multiplicatively by reducing its congestion window size in half. The data rate
estimator 7 is no longer accurate and thus is reset and disabled. If the back-off is triggered by timeout, rto
may have been too short and is doubled. When the network is so congested that no packet can get through,
with the multiplicative decrease in congestion window size and multiplicative increase in timer duration,
SCP backs off exponentially until it virtually stops sending any further packet. This gives a chance for the
network to quickly recover from the congestion.

At the time of a back-off, there may already be some outstanding packets inside the network. Loss of these
packets does not correctly reflect the network condition after the back-off, and thus should be ignored. The
congested state is designed for this purpose. After each back-off, SCP enters the congested state. Further
back-off is disabled until the first packet sent in the current congested state is acknowledged, found lost or
its timer expired. If the first packet is acknowledged, SCP enters the steady state, otherwise another round
of back-off is initiated.

Pause when there is no packet to send: In a real-time streaming session, a user may want to pause
in the middle. If the sender has no data to send for a while, W eventually decreases to 0. At this moment,
the streaming session becomes idle, and SCP enters the paused state.

When an SCP session is paused, the bandwidth it previously took will gradually be discovered and taken
by other sessions. When the session resumes at a later time, SCP invokes the slow-start policy with a reduced
initial congestion window size. Currently, we adopt a ad-hoc policy of halving the congestion window size
in every T4 time elapsed in the paused state.

Reset upon network interface switch: When either end of an SCP streaming session has its network
interface switched (e.g., from Ethernet to cellular modem, or vice versa), the route from the sender to the
receiver may be changed, and the new connection may go through links with totally different capacities.
SCP handles this dynamic reconfiguration issue by providing a reset interface. Upon each network interface
switch event, SCP discards the out-dated estimators, ignores all outstanding ACKs, and resumes with the
slow-start policy to quickly discover the capacity of the new connection.

3. ANALYSIS OF BANDWIDTH SHARING BETWEEN SCP SESSIONS

With the steady-state rate- and window-based policy defined by Equation 1, it is possible for multiple SCP
sessions to share network links in a fair and stable manner. In this section, we analyze a simple case, in
which two sessions with the same packet size share a single network link. Both sessions send packets at
maximum rate while the congestion window is open.

Suppose that, in a steady state, session A has estimators 7,, Thestas Ttta, and Wi, = FoTbreta + Wa; and
session B has 7y, Toretn, Trets, and Wiy = #yThre06 + Wa. Since A and B share the same network link, we
have following observations:

(1) The aggregate packet rate of the network link, 7, is the sum of the two sessions: Tl = g + 7.
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Figure 3. Performance of single SCP and TCP sessions from lemond to anquetil over PPP

of TCP and SCP socket sending and receiving buffers is up to 64K B, which is the maximum supported in
many Berkeley socket implementations. The value of W is selected in an ad-hoc manner, but experiments
have shown that it yield satisfactory performance.

In every SCP or TCP session, the sender uses non-blocking mode to send packets. It repeatedly waits
until the socket is ready to send (in the case of TCP) or the congestion window is open (in the case of SCP),
timestamps a dummy packet, and sends it out immediately. Each packet carries a sender timestamp. The
receiver records the time each packet is received. With the receiving timestamps, intervals between packets
and packet rate can be measured. Assuming that the clocks of the sender and the receiver have the same
rate, with the sender and receiver timestamps, it is possible to measure the application-level end-to-end
buffering delay — the delay from when a packet leaves the sender application until when it is received by
the receiver application, minus the minimum of all the delay measurements, which is the transmission and
processing delay. For each packet, the buffering delay is measured as the difference between the sender and
receiver timestamps, minus the minimum of all the measurements in the history. This end-to-end buffering
delay include the times spent in the buffers in the sender, the receiver, and routers and switches. For all TCP
and SCP sessions, buffering delay and receiving packet rate are measured. For SCP sessions, the congestion
window size, and the gaps in ACKs are also measured.

5.1. Experiments over PPP link

In the first set of experiments, packets are streamed from lemond to anguetil over the 28.8kb/s PPP link
with a MTU of 1500B.
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Experiment Single SCP Single TCP SCP: angquetiloyellow | SCP: anguetil—+yellow

configuration anquetil—syellow | anquetilsyellow SCP: bartali— blue TCP: bartali— blue
Packet rate (pkt/s) 320 380 150 : 230 SCP 100, TCP 300
Buffering delay (ms) || 0~30 around 5 | 5~80 around 40 0~40 around 14 SCP 0~50, TCP 10~80

Table 2. Results of single TCP and SCP sessions through a single router

Experiments have also been carried out to play one SCP session and one TCP session simultaneously
over the PPP link. Since SCP limits the amount of network buffering, the bandwidth partition depends on
how aggressive a specific TCP implementation is. For sessions from bartali to anquetil the packet rates are
0.6pkt/s for SCP and 1.7pkt for TCP. HP-UX and SunOS TCP implementations are more aggressive. When
SCP and TCP sessions are played from lemond to anguetil, virtually all bandwidth is taken by the TCP
session.

5.2. Experiments on single subnet

All the single SCP sessions played from bartali to anguetil on subnet 1 yield smooth and stable throughput of
about 700pkt/s = 8.4Mb/s. The buffering delays of these sessions, primarily caused by MAC-level collisions
and back-offs, remain within 4ms. For comparison, individual TCP sessions yield 670 ~ 680pkt/s and up to
40ms of buffering delay. This indicates that SCP is efficient, smooth, and has low latency.

When two SCP sessions, one SCP and one TCP, or two TCP sessions are played bartali—smoo and
anquetil-+lemond on subnet 1, the two SCP and TCP sessions are able to share the Ethernet, but they are
all very jerky, with highly variable throughput (100pkt/s to 700pkt/s) and buffering delay (up to 0.8 second).
SCP also drops packets. This jerky throughput and packet drop is the result of severe MAC-level collisions
and back-off which can not be detected by the sender application. Not much can be done by SCP or TCP
to eliminate this problem except for explicitly limiting the data rate at the sender side.

5.3. Experiments through single router

To evaluate the performance of SCP streaming through a single router, anquetil is moved to subnet 2. Table 2
shows the configurations and the overall performance of the experiments. Figure 5 shows the smoothed packet
rates of two simultaneous SCP sessions. These experiments were run late in the evening when the network
was lightly-loaded.

A single SCP session yields a lower throughput than a single TCP session, but has a significantly lower
buffering delay. Possibly reasons for SCP to have a lower bandwidth are that SCP sends more ACKs (one
per packet), and maintains lower level of buffering thus the router buffers may be empty for more time.

Figure 5 shows that when two SCP sessions are competing for the output port of the single router, they are
able to share the bandwidth in a stable manner. To understand why there is a packet rate difference between
the two sessions, a closer look at the statistical data reveals that the two sessions have the same steady-state
congestion window size of 5, but they have a different RTT. When played separately, the RTT for sessions
bartali— blue and anguetil—+yellow are around 15ms and 22ms respectively. When played simultaneously,
they are around 22ms and 35ms respectively. The difference in RTT may be caused by the differences in
host CPU speeds and other factors, and results in an uneven bandwidth partitioning. This doesn’t mean
that SCP itself is unfair.

When an SCP session competes against a TCP session, they are able the share the bandwidth. But
SCP’s steady-state control of network buffering make it less aggressive than TCP and gets a significantly
smaller amount (1/4) of the bandwidth.

5.4. Experiments across the Internet

To evaluate the performance of SCP across the long-haul Internet, SCP and TCP sessions are played between
hosts at OGI and Georgia Tech. There is no way to control the traffic in the Internet. Nevertheless, there
are still times, such as midnights and weekends, when the Internet is relatively lightly loaded, and times
such as weekdays when it is heavily loaded.
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to the 1.5Mb/s T1 line speed), and low buffering delay (mostly lower than 50ms). On the other hand, as
shown in Figure 7, a single TCP session has more erratic throughput plus long and unpredictable buffering
delays (up to 4 seconds)8.

Two simultaneous SCP sessions are able to share the bandwidth in a fair manner. In our experiment, two
competing SCP sessions: lennon— anquetil and virgo— bartali are played across the lightly loaded Internet.
The ratio of the average bandwidth goes from 70pkt/s : 40pkt/s to 60pkt/s : 60pkt/s. The buffering delay for
the sessions are kept mostly below 100ms. Figure 8 shows the packet rate of two simultaneous SCP sessions.
Random packet drop causes competing sessions to back-off randomly, but on average the bandwidth sharing
is fair, and the throughput is relatively smooth.

SCP and TCP sessions across the long-haul Internet share the network bandwidth more evenly than
when through a single router. Figure 9 shows the packet rates of two simultaneous SCP and TCP sessions.
The two competing sessions, SCP: lennon— anquetil and TCP: virgo— bartali, produce a throughput ratio
around SCP50pkt/s : TC P40pkt/s. While TCP sessions have long latency, the buffering delay of the SCP
sessions are still below 100ms for most packets.

During busy weekdays, it is more obvious that SCP yields smoother throughput and lower and more
consistent delay than TCP, while still operating in harmony with the latter. The performance results of two
SCP and TCP sessions from virgo and bartali are shown in Figure 10. The network is so congested that even
“ping virgo” from bartali shows up to 10% packet loss. SCP sessions consistently get about 14pkt/s with
buffering delaysY below 100ms. SCP sessions observed up to 10% loss in ACKs. Due to the heavy packet
loss, TCP sessions get only 2 to 6pkt/s, with buffering delays up to 70 secondsl, and the throughput is very
jerky. It is true that 10% packet loss will reduce the video presentation quality significantly, but a 70 second
delay is simply intolerable to any streaming application!

5.5. Experiments with network interface switch

To evaluate SCP’s ability to adapt to different network capacities resulted from network interface switches,
both the PPP and Ethernet interfaces of the notebook anguetil are activated, and SCP sessions are played
from bartali to anquetil through either the PPP or the Ethernet interface. Switching between PPP and
Ethernet is simulated by reconfiguring the default IP route and sending a HUP signal to the receiver of
the on-going SCP session. When the receiver gets a HUP signal, it re-establishes the control and data
connections to the sender, optionally resets SCP, and continuous the session from where interrupted.

In our experiment, SCP is able to adapt to network change quickly and utilize the available bandwidth
right away, with or without being reset. The reason is that the same congestion window size, around 5
packets, is optimal for both the PPP and the Ethernet link. If the network switch is between a PPP link and

$For TCP sessions, the end-end buffering delay measurement includes the time for back-off and retransmission of lost packets:

9In a busy network when the buffers in routers are never empty, buffering delay measurements actually reflect the fluctuations
in buffering delay.

llin the presence of severe packet loss, most of the buffering delay measurement is the result of repeated back-off and
retransmission of lost packets.
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Figure 10. Performance of single SCP and TCP sessions across the busy Internet

a WAN connection with a large optimal congestion window size, we expect that reset on SCP would make
a big difference. The slow-start policy following the reset helps figure out the new window size quickly.

6. RELATED WORK

Various schemes have been proposed for flow and congestion control in the context of streaming real-time

multimedia data across the Internet.
rate-based flow and congestion control,
congestion control for unicast streamin

These schemes include HTTP/TCP, TCP without retransmission,
and router-based congestion control. Most of these schemes address
g. For multicast streaming there are also multilayered schemes.

HTTP/TCP based schemes: HTTP’/TCP* has been used in virtually all commercial streaming media

players. The Internet has proven TCP’
Also important to commercial streami
is designed for reliable distribution of non-real-
drawbacks of long and unpredictable latency,
implements reliability through infinite retrans
wasted bandwidth. TCP data flow is inherently bursty,
window size until packets are lost, then backing off exp
such as PPP links,
interactive streaming applications. SCP addresses the
increases in buffering latency as an early indication of

policy, and doing packet pacing at the sender.

mission, causin,

s robustness and ability to share bandwidth among multiple sessions.
ng players is HTTP’s ability to penetrate firewalls. However, TCP
time data. When used for media streaming, it has the
wasted network bandwidth, and bursty data flow. TCP
g unpredictable and unbounded latency and
due to its repeated process of increasing its congestion
onentially. In network connections with deep buffers,
TCP’s greediness in filling up the buffers incurs long latencies that are not tolerable in
problems in TCP by not doing retransmission, taking
network congestion, introducing a smooth steady-state
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The problems of long latency caused by deep router buffers in (traditional) TCP has been addressed in
TCP Vegas.® Vegas observes that in congested networks, router buffers will fill, causing increased latency,
before they eventually overflow. A mechanism is used to measure the increase in latency and adjust the
congestion window size accordingly. SCP is based on similar observations, but it uses a different flow control

policy. The policy has been shown to ensure smooth streaming, low latency, and stable and fair sharing
between multiple streams.

A congestion control protocol based on TCP, but without the retransmission is used in Jacobs’ Internet
video applications.® Removing reliability from TCP eliminates the resultant problems of unpredictability
latency and wasted network bandwidth. However, other problems of TCP, including bursty data flow, and
long latency in connections with deep buffers, remain the same. To reduce the impact of bursty data flow
on video quality, Jacobs uses a buffer at the sender side, which introduces more latency. Instead, SCP tries
to smooth the streaming itself. It directly paces out the sending of packets, and it employs a flow control
policy with a steady state in which smooth streaming are maintained.

Rate-based schemes: Rate-based feedback is widely used for flow and congestion control in streaming
applications. Examples are Smith’s cyclic-UDP,!° our first distributed MPEG player,? and the RTP!! rate-
based flow control proposed by Busse and Schulzrinne.!? In a typical rate-based feedback scheme, the receiver
continuously monitors the metrics of the incoming stream, such as the received data rate or data loss ratio,
and sends feedback messages to the sender. The sender then adjusts the data rate accordingly. The goal
is to maintain the stream quality metrics such as packet loss ratio at a controlled level. While rate-based
feedback works well most of the time, it has the inherent danger of overflowing the network buffers, since
the metric being directly controlled is the data rate, instead of the amount of buffering inside the network
as in TCP. In the case of severe congestion, receiver-initiated negative feedback (the sender only reduces
data rate when asked by the receiver) may not be able to react quickly enough, both because data rate or
packet drop rate estimations are state-based and involve sluggish lowpass filtering, and feedback messages
(to reduce the data rate) may not be able to get through to the sender in time.

Several sender-initiated rate-based schemes have also been proposed. In Keshav’s control-theoretic
packet-pair scheme,'® packet-pairs are used by the sender to measure the available bandwidth and a control-
theory-based policy is used for flow control. This scheme is based on the assumption that the routers/switches
use round-robin-like queuing (fair queuing), but most, if not all, Internet routers /switches uses a totally dif-
ferent first-come-first-serve queuing.

A TCP-friendly unicast rate-based flow control scheme has been proposed by Mahdavi and Floyd.!4 By
having the sender (instead of the receiver) monitor the overall packet loss ratio based on the acknowledgments
from the receiver, this scheme solves the problem of feedback messages not getting through in time. However,
the other problems such as sluggishness in estimation of packet loss rate, and the danger of network buffer
overflow still exist. The scheme uses packet loss thresholds to detect congestion, and adopts a congestion
avoidance policy similar to that of TCP. We believe that whether satisfactory thresholds exist, or if they can
feasibly be computed, and how the scheme actually interacts with TCP, is yet to be seen. In contrast, SCP
uses the same congestion avoidance policy as TCP. Only when there is no congestion, SCP’s hybrid rate-
and window-base policy will bring a stream to a steady state with a stable packet rate.

Router-base schemes: SCP as well as all the above-discussed schemes are end-host based. They are
implemented exclusively on the sender or receiver sides. There is another category of schemes which are
implemented on routers, such as the schemes proposed by Jeffay,'> and by Floyd.!® While router-based
schemes may be more effective than host-based ones, they need to be implemented in routers. This re-
quirement greatly slows down the speed at which the scheme can be deployed. Consequently, very few
router-based flow or congestion control mechanisms can be found in the current Internet infrastructure.

Congestion control for multicast streaming: Our work focuses on unicast streaming, but some other
researchers are examining rate adaptation policies for best-effort, real-time multicast streams. McCanne’s
receiver-driven layered multicast (RLM) combines layered content encoding with a layered transmission
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