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Volume 2008, Article ID 961315, 13 pages

Design of a Real-Time Face Detection Parallel Architecture Using High-Level Synthesis, Nicolas Farrugia,
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The development of complex applications involving signal,
image, and control processing is classically divided into three
consecutive steps: a theoretical study of the algorithms, a
study of the target architecture, and finally an implementa-
tion.

Today, such sequential design flow is reaching its limits
for the following reasons.

(i) The complexity of today’s systems designed with
the emerging submicron technologies for integrated
circuit manufacturing.

(ii) The intense pressure on the design cycle time in
order to reach shorter time-to-market, and to reduce
development and production costs.

(iii) The strict performance constraints that have to be
reached in the end, typically low and/or guaranteed
application execution time, integrated circuit area,
overall system power dissipation.

An alternative approach to a traditional design flow,
called algorithm-architecture matching, aims to leverage the
design flow by a simultaneous study of both algorithmic and
architectural issues, taking into account multiple design con-
straints, as well as algorithm and architecture optimizations,
not only in the beginning but all the way throughout the
design process.

Introducing such design methodology is also necessary
when facing the new emerging applications such as high-
performance, low-power, low-cost mobile communication
systems and/or smart sensors-based systems.

This design methodology will have to face also future
architectures based on multiple processor cores and dedi-
cated coprocessors to achieve the required efficiency. NoC-
based communications will become also mandatory for

many applications to enable parallel interconnections and
communication throughputs. Adaptive and reconfigurable
architectures represent a new computation paradigm whose
trend is clearly increasing.

This forms a driving force for the future evolution of
embedded system design methodologies.

This special issue of the EURASIP Journal of Embed-
ded Systems is intended to present innovative methods,
tools, design methodologies, and frameworks for algorithm-
architecture-matching approach in the design flow including
system level design and hardware/software codesign, real-
time operating system, system modelling and rapid pro-
totyping, system synthesis, design verification, as well as
performance analysis and estimation.

We received 24 submissions for this special issue of which
we finally selected 11 for publication.

In the paper entitled “Flexible Hardware-Based Stereo
Matching” Kristian Ambrosch et al. propose a novel tech-
nique for implementing a flexible block size, disparity range,
and frame rate for hardware-based embedded adaptive
stereo-vision systems. By reusing existing resources of a
static architecture, rather than dynamic reconfiguration, the
proposed technique allows both ASIC and FPGA implemen-
tations. Using the proposed architecture, the authors show
the impact of the flexible stereo matching on the generated
disparity maps for the sum of absolute differences (SADs),
rank, and census transform algorithms. Finally, the authors
quantify the resource usage and achievable performance
when synthesized for an Altera Stratix II FPGA.

Back-projection (BP) is a costly computational step in
tomography image reconstruction such as positron emission
tomography (PET). To reduce the computation time, the
paper entitled “High Speed 3D Tomography on CPU,
GPU and FPGA” by Nicolas Gac et al. proposes pipelined,
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prefetch, and parallelized architecture for PET BP (3PA-
PET). The key feature of the proposed architecture is in the
original memory access strategy, masking the high latency
of the external memory by an efficient use of the intrinsic
temporal and spatial locality of the BP algorithm. Proposed
architecture is prototyped on a System on Programmable
Chip (SoPC) to validate the system and to measure its
performances. Time performances are then compared with
a desktop PC, a workstation, and a graphic processor unit
(GPU).

The paper entitled “A SIMD Programmable Vision
Chip with High Speed Focal Plane Image Processing” by
Dominique Ginhac et al. describes a high-speed analogue
VLSI image acquisition and low-level image processing
system based on dynamically reconfigurable SIMD processor
array. The chip features a massively parallel architecture
enabling the computation of programmable mask-based
image processing for each pixel. A 64 × 64 pixel proof-of-
concept chip, built in 35 µm standard CMOS process, with
a pixel size of 35 × 35 µm, is shown. A dedicated embedded
platform including FPGA and ADCs has also been designed
to evaluate the vision chip. The chip can capture up to 10 000
and process up to 5000 images per second.

The paper entitled “Design of a Real-time Face Detection
Parallel Architecture Using High-Level Synthesis” by Nicolas
Farrugia et al. describes an architecture specified using C
language and synthesized using a high-level synthesis tool.
Such approach allowed exploration of several implementa-
tion alternatives in order to find tradeoffs between processing
speed and area of the PE. An instance of 25 PE running at
80 MHz is able to process 127 QVGA or 35 VGA images per
second.

The paper entitled “Smart Camera Based on Embedded
HW/SW Co-processor” by Romuald Mosqueron et al.
describes an image acquisition and a processing system
based on a new coprocessor architecture designed for CMOS
sensor imaging. The system exploits the full potential CMOS
selective access imaging technology because the coprocessor
unit is integrated into the image acquisition loop. The acqui-
sition and coprocessing architecture enables the dynamic
selection of a wide variety of acquisition modes as well as the
reconfiguration and implementation of high-performance
image preprocessing algorithms. The experimental results
show a large increase of the achievable performances. For
instance, the new platform can successfully acquire and fully
process up to 50 image-codes per second when applied to
the detection and reading of bar codes in the case of a postal
sorting application.

For low-volume applications like in professional elec-
tronics applications, FPGA are used in combination with
DSP and GPP in order to reach required performances.
Nevertheless, FPGA designs are static, which raises a flex-
ibility issue with new complex applications. In this scope,
dynamic partial reconfiguration (DPR) is used to bring a
virtualization layer upon the static hardware of the FPGA.
The contribution of the paper “An Evaluation of Dynamic
Partial Reconfiguration for Signal and Image Processing in
Professional Electronics Applications” by Philippe Manet et
al. is to evaluate the interest and limitations when using

DPR in real professional electronics applications, and to
provide guidelines to improve its applicability. It makes an
evaluation of DPR based on experiments made on a set of
seven signal and image processing applications carried out
in real conditions. It also identifies the missing elements
and set of advantages for its use in professional electronic
applications. Research directions are also proposed in order
to improve its usage.

The paper entitled “Using High-Level RTOS Models for
HW/SW Embedded Architecture Exploration: Case Study on
Mobile Robotic Vision” by François Verdier et al. deals with
the design of a System-on-Chip implementing the vision
system of a mobile robot. Specific mechanisms necessary to
build a high-level model of an embedded custom operating
system able to manage real-time application are described.
An executable RTOS model written in SystemC allowing an
early simulation of the mobile robotic vision application
is also detailed. Based on this model, a methodology is
discussed and results are given on the exploration and
validation of a distributed platform adapted to the vision
system.

Signal processing algorithms become more and more
performing and efficient as a result of new developments
or at the release of new standards. Textual specifications
have been substituted by reference software packages which
have become the starting point of any design flow leading to
the implementation of the algorithm. Therefore, designing
an embedded application has become equivalent to port a
generic SW on a, possibly heterogeneous, embedded plat-
form. The paper entitled “A platform for the Development
and the Validation of HW IP Components Starting from
Reference Software Specifications” by Christophe Lucarz et
al. describes a new platform aiming at supporting a step-
by-step mapping of a reference software into SW and HW
implementations. The platform provides a seamless interface
between the software and hardware environments and in
addition is supported by profiling capabilities able to analyze
the transfers of data between HW and SW parts of the
algorithm which help designers to optimize their design.

The paper entitled “A Priori Implementation Effort
Estimation for HW Design Based on Independent-Path
Analysis” by Rasmus Abildgren et al. presents a metric-
based approach for estimating the hardware implementation
effort (in terms of time) for an application in relation to
the number of linear independent paths of its algorithms. By
exploiting the relation between the number of edges and lin-
ear independent paths in an algorithm, the authors estimate
implementation effort. This approach is implemented in an
already existing design framework called “Design-Trotter”
and offers a new type of tool to reduce the time-to-market.

The paper entitled “Multiple Word-length High-Level
Synthesis” by Philippe Coussy et al. offers tradeoffs between
the usage of uniform bit-length designs allowing for tra-
ditional automated design flows and nonuniform designs
resulting in smaller circuits but to the extent of design
complexity. The design flow, based on high-level synthesis
(HLS) techniques, automatically generates a potentially
pipeline RTL architecture described in VHDL. Both bit-
accurate integer and fixed-point data types can be used
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in the input specification. The generated architecture uses
components (operator, register, etc.) that have different
widths. The design constraints are the clock period and
the throughput of the application. The proposed approach
considers data word-length information in all the synthesis
steps by using dedicated algorithms. While providing the
same computing dynamic, the total area reduction ranges
from 27% up to 80% compared to traditional (none or
partial bit-width aware) high-level synthesis flows.

The paper entitled “Accuracy Constraint Determination
in Fixed-Point System Design” by Daniel Menard et al. also
deals with word length effects. Here, fixed-point system is
modelled with an infinite precision version of the system and
a single noise source located at the system output. Then, an
iterative approach for optimizing the fixed-point specifica-
tion under the application performance constraint is defined.
Finally, the efficiency of this approach is demonstrated by
experiments on an MP3 encoder.

Markus Rupp
Dragomir Milojevic

Guy Gogniat
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To enable adaptive stereo vision for hardware-based embedded stereo vision systems, we propose a novel technique for
implementing a flexible block size, disparity range, and frame rate. By reusing existing resources of a static architecture, rather
than dynamic reconfiguration, our technique is compatible with application specific integrated circuit (ASIC) as well as field
programmable gate array (FPGA) implementations. We present the corresponding block diagrams and their implementation in
our hardware-based stereo matching architecture. Furthermore, we show the impact of flexible stereo matching on the generated
disparity maps for the sum of absolute differences (SADs), rank, and census transform algorithms. Finally, we discuss the resource
usage and achievable performance when synthesized for an Altera Stratix II FPGA.
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License, which permits unrestricted use, distribution, and reproduction in any medium, provided the original work is properly
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1. INTRODUCTION

The deployment of autonomous systems mainly depends
on their capability to navigate in unfamiliar environments
as well as their object detection and classification abilities.
The main requirement for the implementation of these
two features is the availability of reliable three-dimensional
information.

A technique able to cope with these requirements is
stereo vision. Stereo vision uses two cameras side-by-side
and extracts the displacement of the objects caused by
the cameras’ different viewpoints. The displacement, called
disparity, is directly correlated to the distance of the objects,
which can be calculated easily using triangulation. This
way a three-dimensional depth map can be computed.
Unlike other techniques, the depth map computed by stereo
vision is typically centered on one of the cameras. Thus,
object classification tasks can enhance their recognition
performance by directly matching the depth map against the
intensity image produced by the camera.

Another feature of stereo vision is that in contrast to
other techniques, such as laser range finders, supersonic,
or radar sensors, stereo vision comes along without active
systems or movable mechanical parts.

Applications of stereo vision are not limited to common
robot navigation [1] or distant measures in laproscopic

surgeries [2]. They also include the use on autonomous
vehicles like at the DARPA grand challenge [3] or the deploy-
ment in the NASA/JPL Mars Exploration Rover mission
[4].

The core element of a stereo vision system, the stereo
matching algorithm, has a high computational complexity.
Fortunately, area-based algorithms, and box-filtering algo-
rithms in particular, proved to be very suitable for solutions
using hardware-based parallel processing [5], enabling the
implementation of real-time embedded stereo vision systems
with high frame rates.

Recent works reveal great advances in this field of
research. Woodfill et al. proposed the DeepSea application
specific integrated circuit (ASIC) [3], enabling the processing
of 512 × 480 images at a disparity range of 52 pixels, a
block size of 7 × 7, and a high frame rate of 200 fps. On
the other hand, Lee et al. [6] presented a system processing
640 × 480 images with a disparity range of 64 pixels at
30 fps using field programmable gate arrays (FPGAs), having
a considerably large block size of 32× 32 pixels. Then again,
the FPGA-based stereo vision system proposed by Perri et al.
[7] operates on 512×512 images, having a block size of 3×3,
a frame rate of 25.6 fps, and a large disparity range of 255
pixels.

Given the aforementioned applications, embedded stereo
vision systems are likely to operate in an environment that is
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subject to repeated changes. For instance, in the application
of robot navigation for domestic robots, the environment
of each room can be very different, demanding different
features for the algorithms. A tidy kitchen with unique col-
ored furniture usually has very sparse texture, and requires
a highly increased block size for the algorithm. Otherwise,
a typical teenager’s room can be pretty untidy, including a
high number of small objects spread over the room, which
could be unrecognizably blurred when using the same block
size as for the kitchen. Thus, as soon as the robot enters
this room, a smaller block size would be advisable. As the
robot has to interact with the furniture or handle single
objects, it also has to recognise them at close distances. In
these situations the stereo system should be able to recognise
close objects rather than operate at a high frame rate. On
the other hand, while the robot drives along the hallway,
the application of the stereo system could often be reduced
to collision avoidance. Here, neither the detection of close
objects nor the large block size would be required, rather a
high frame rate for covering distances in a speedy way. In any
case, even if each of the aforementioned systems implements
an algorithm with outstanding features, none of them is
able to adapt its features to the situation. For instance, if
the DeepSea’s high frame of 200 fps is not required for the
moment, there is no possibility for taking advantage of a
reduced frame rate, like an increase in disparity range or
block size.

This is caused by the fact that in contrast to software-
based implementations, hardware-based solutions cannot
easily change their behavior without deactivating parts of
their resources. Jacobi et al. [8] proposed a method to
dynamically reconfigure an FPGA for different block sizes
using a sum of absolute differences (SADs) algorithm.
Dynamically, reconfiguring an FPGA for different behavior
is surely a very elegant method, but it drastically increases
the complexity of the FPGA design and can only be
performed on specific FPGAs. The time needed for the
reconfiguration is related to the size of the reconfigured
chip area. This time span must not be disregarded for
the design of a real-time system that has to meet a hard
deadline.

Therefore, we propose a novel technique to adapt
block size, disparity range, and frame rate for hardware
implementations of area-based stereo matching algorithms.
This technique is suitable for FPGAs as well as ASICs,
that is, it comes along without dynamic reconfiguration,
enabling its implementation on real-time systems with short
deadlines.

In Section 2 we give an overview of stereo matching
algorithms. Section 3 presents our novel flexible hardware-
based stereo matching technique and describes the imple-
mentation for adapting the block size as well as the disparity
range. Then, we describe how a flexible frame rate follows.
The experimental evaluation of our technique is given in
Section 4. Here, we show a detailed presentation of our
hardware-based stereo matching architecture implementing
the proposed technique. Furthermore, we present the exper-
imental results along with a discussion on them. Our final
conclusions are revealed in Section 5.

2. STEREO MATCHING ALGORITHMS

2.1. Overview

Stereo matching algorithms are used to solve the correspon-
dence problem of a pair of camera images. They extract
the displacement of all objects and generate a disparity
map. Therefore, stereo matching algorithms search for the
correspondences in the stereo images using feature-, phase-,
or area-based matching to calculate the disparities in the
images. Feature-based matching searches for characteristics
in the images, like edges or curves [9], and calculates the
best matches according to their similarities. Phase-based
algorithms band pass filter the images and extract their
phase [10]. Area-based algorithms take blocks of pixels from
both images and calculate their matching costs. This can
be done in parallel for all analyzed pixels. When using a
constant block size over the whole image, called box filtering
[11], these algorithms are especially amenable to parallel and
hardware-based solutions.

Color information can be used to improve the matching
performance significantly [12]. However, the required hard-
ware resources for processing color images with area-based
algorithms on embedded real-time systems are still very high.
To keep the focus on algorithms that are suitable for state-of-
the-art hardware, we use gray-scale images only.

Based on the stereo taxonomy by Scharstein and Szeliski
[11], most area-based algorithms start the matching proce-
dure by applying a neighborhood transformation function
T on the primary I1 and secondary I2 stereo image, with a
defined block size st , to achieve better results. When using
x and y for the neighborhood region’s center pixel, the
transformed images’ pixel values t1/2x,y are defined as

t1/2x,y = T
(
I1/2, x, y, st

)
. (1)

Afterwards, the matching costs cx,y,d of the transformed
images are calculated for each pixel x, y using the matching
costs function C. This is performed for all disparity levels d
that are within the disparity range

cx,y,d = C
(
t1x,y , t2x+d,y

)
. (2)

Then, the matching costs are aggregated over a defined block
size sa for each disparity level. The aggregated matching costs
ax,y,d are defined as

ax,y,d =
∑

n

∑

m

cx+m,y+n,d, (3)

where

n,m ∈
[
− sa − 1

2
,
sa − 1

2

]
. (4)

The matching procedure’s total block size sb is the sum
of the transformation function and the aggregation’s block
sizes st and sa. Finally, the most accurate matching costs
have to be searched for. Their position defines the resulting
disparity map’s pixel value dmapx,y

. In our work, this search
is always defined as the search for the absolute minimum



Kristian Ambrosch et al. 3

matching costs value, also called the winner takes all (WTA)
algorithm, which has a low complexity when implemented as
a very large scale integration (VLSI) circuit [13]. Here, dmax

is the maximum value of the disparity range and dmin is the
start value for the search, being 0 if the image background is
searched for as well

dmapx,y
= n | ax,y,n

= min
(
ax,y,dmin , ax,y,dmin+1, . . . , ax,y,dmax

)
.

(5)

For easing our descriptions we will assume dmin = 0 in
the following, without loss of generality.

When using area-based matching in poorly textured
environments, the quality of the disparity map depends
mainly on the total block size sb. Otherwise, a large block
size leads to a deformation of the image object edges [14]
and high computational costs. Thus, the quality of the
disparity maps benefits from algorithms that are able to
adapt the block size to the texture coarseness in the images,
for example, by increasing the transformation block size st or
the aggregation’s sa.

For the description and the analysis of our flexible stereo
matching technique, we focus on three stereo matching
algorithms, that are suitable for hardware-based imple-
mentations. These are the SAD, the rank transform, and
the census transform. For these algorithms we examined
the achieved disparity map quality as well as the resource
usage, when implementing the proposed technique using
our hardware-based stereo matching architecture. Other
common algorithms, like the sum of squared differences
(SSDs) or the normalized cross correlation (NCC) are not
analyzed, since they are well known for having too high
resource usage when implemented on hardware [5].

2.2. Sum of absolute differences

SAD [15] is a simple and popular algorithm for FPGA- or
ASIC-based stereo matching. One of the early implementa-
tions is [16], while there exist various recent implementa-
tions as well [8, 17–20].

SAD is an area-based algorithm that gets along without
a transformation function, which reduces its resource usage
when implemented in hardware. Its cost function Cad is the
absolute difference of the pixel values

Cad
(
t1x,y , t2x+d,y

) = ∣∣t1x,y − t2x+d,y

∣
∣. (6)

2.3. Rank transform

The rank transform, originally proposed by Zabih and
Woodfill [21], and more recently used by Banks and
Bennamoun [22], is an algorithm that is very robust to
local brightness variations [23]. It is very suitable for
hardware implementations as shown in [24], where an FPGA
implementation for the application of target tracking is used,
which is quite similar to finding correspondences in stereo
vision. However, it is rarely used for stereo matching. One of
its implementations for stereo matching is shown in [5].

The transformation function of the rank transform Trank

is the number of pixels in a local neighborhood region N ,

having the dimensions of the block size st, with a smaller
intensity value than the center pixel’s value I1/2(x, y)

Trank
(
I1/2, x, y, st

)

= ∥∥{n,m ∈ N | I1/2(n,m) < I1/2(x, y)
}∥∥.

(7)

The cost function is the absolute difference (6) as used in
the SAD algorithm.

2.4. Census transform

The census transform [21], an algorithm with even higher
robustness than the rank transform [25], is often used in
hardware implementations because it offers a good tradeoff
between resource usage and quality. Some of the earlier
implementations on FPGAs are [26, 27]. More recently, the
census transform has been used for ASIC implementations
in [3, 28].

The transformation consists of a comparison function ξ,
which is used to compare the center pixel’s value i1 with the
pixel intensity values i2 in the neighborhood region N ,

ξ
(
i1, i2

) =
⎧
⎨

⎩

1 | i1 > i2,

0 | i1 ≤ i2.
(8)

Its result, 1 if the center pixel is larger, and otherwise
0, is then concatenated (

⊗
) to a bit vector. Thus, the

transformation function Tcensus is defined as

Tcensus
(
I1/2, x, y, st

)

=
�

[n,m]∈N
ξ
[
I1/2(x, y), I1/2(n,m)

]
. (9)

The cost function Ccensus is defined as the hamming
distance over the bit vectors

Ccensus
(
t1x,y , t2x+d,y

) = hdist
(
t1x,y , t2x+d,y

)
. (10)

3. FLEXIBLE HARDWARE-BASED STEREO MATCHING

3.1. Flexible disparity range

To enable the disparity range’s flexible calculation we split
it into r partitions with dr pixels and compute every single
partition separately as depicted in Figure 1. That is, for each
image line, r matching rounds are performed. The position
of the partition’s best match and its aggregated matching
costs are stored in memory. Once all partitions are computed,
the stored results are searched for the partition with the
smallest matching value and its position value is selected as
the resulting disparity. Thus, the disparity search is redefined
as

dmapx,y
= n | ax,y,n

= min
[
min

(
ax,y,0, . . . , ax,y,dr−1

)
, . . . ,

min
(
ax,y,(r−1)·dr , . . . , ax,y,r·dr−1

)]
.

(11)

Using (11) for the disparity search, the maximum
disparity dmax is defined by

dmax = r·dr − 1. (12)
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dmax

dr dr

Valuemin, positionmin · · · · · · valuemin, positionmin

Positionmin

1 1 1 1 1 2 2 2 · · · r − 1 r − 1 r − 1 r r r r r

Figure 1: Disparity range split into r partitions.

Now the flexible disparity range is achieved by varying
the number of calculation rounds r. The highest possible
disparity range is only limited by the memory used to store
the calculation rounds’ interim values, that is, the position
and costs of the best match for each pixel in the current
round.

The key to a well-performing implementation is to
pipeline the whole calculation. Pipelines enable a highly
parallel execution but also require initialization times at
the start of computation. The reason for computing one
line per round, instead of one pixel per round, is to keep
these pipeline initializations to a minimum. The price for
this performance increase is a greater demand for memory,
because the interim values, that is, the partitions’ minimum
values and positions, of the whole line need to be stored
before the global minimum can be searched for.

Figure 2 presents the block diagram for the two-staged
implementation of our round-based calculation technique.

The calculation of the partitions’ interim values forms
the first stage of the circuit. Here, the data of the stereo
images are provided in the chip’s internal memory. The
stereo matching circuit reads the image data from the
memory and calculates the matching costs for the disparity
range partition of the current round only. Then the matching
costs’ minimum value is searched for. The selected minimum
value and its position are stored in the internal memory. For
better support of the memory architecture within FPGAs,
which memory blocks have a fixed size and position on the
chip surface, we use two separate blocks of memory for the
matching costs’ value and position. This way, merging single
memory blocks with different positions on the chip can be
avoided, or at least kept at a minimum. For each calculation
round, the interim values are stored in a different pair of
memory blocks. The current memory block is selected using
a demultiplexer that has the calculation round counter as the
input.

After all r calculation rounds have been performed, the
final disparity value can be searched for by the extraction
stage. Here, the pairs of block memory holding the interim
values are accessed using a multiplexer that has the extraction
round counter as the input. Once the last partition value
has been analyzed, the smallest value’s position is read and
selected as the final disparity value.

For better resource utilization, we suggest duplicating the
interim values’ memory and assigning one set of memory to

each stage, separating the two computations. By switching
the assignment of the memory sets after each computed line,
the disparity can be extracted for the previous line while
the next interim values are calculated for the current line.
This way, the two computations can be performed in parallel,
resulting in a two-staged macropipeline. Figure 3 shows the
pipelined circuit, where the assignment of the memory sets
is performed by connecting it to the calculation stage using
a de-multiplexer and a multiplexer for the extraction stage.
The assignment of the sets is performed using the line
counters’ least significant bit (LSB) and negating it for the
extraction stage.

3.2. Flexible block sizes

For the resource-efficient implementation of a flexible block
size it is necessary to reuse the computation blocks, changing
mostly the interconnects only, rather than switching between
different computation blocks for each block size or deacti-
vating large parts of them. To reuse a computation block for
a larger block size, it is necessary that the computation can
be split into two or more smaller functions similar to the
predefined, using different input parameters. The results of
these functions have to be merged afterwards. For a reuse of
resources it must be guaranteed that the further computation
is performed in the same way as for the smaller block size.

The transformation function (1) has the block size as
a parameter and is therefore suitable for a deeper analysis.
It seems possible to use two transformation functions
and merge the results for the neighboring blocks, but the
transformation function is not defined in general. Examining
our three presented algorithms, for the rank transform an
aggregation would apply as a merging function, while for the
census transform the bitstream had to be merged. The SAD
algorithm does not even have a transformation function.
This leads to the conclusion that it is not possible to define a
generic function for merging the transformation function’s
results and a technique that reuses the transformation
function blocks would be restricted to specific algorithms.

The cost function (2) does not have the block size as a
parameter and therefore does not directly correspond to it.

The aggregation function (3) is similar for all area-based
algorithms [11]. Using a larger block size for the aggregation
function leads directly to a higher number of matching
cost summations. When the larger block size’s number of
summations is a multiple of a smaller one, the aggregation
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blocks can be reused, having different input parameters.
Equation (13) shows the new aggregation function for a
horizontal enlargement of the aggregation block size from
sasmall to salarge :

alargex,y,d =
∑

n

∑

m1

cx+m1,y+n,d + · · · +
∑

n

∑

mk

cx+mk ,y+n,d, (13)

where

n ∈
[
− sa − 1

2
,
sa − 1

2

]
,

ml ∈
[
− salarge − 1

2
+ (l − 1)sasmall ,−

salarge − 1

2
+ l·sasmall − 1

]
,

(14)

k is the block size multiplication factor, and alargex,y,d are the
aggregated matching costs when using the enlarged block
size.

As can be seen, the new aggregation function’s sub-
aggregations are similar to the original one in (3), with
the exception that the boundaries are calculated differently.
This results in the requirement for different inputs for the
aggregation blocks.

The input parameters of the aggregation function are
delivered by the cost function. Thus, switching the input
parameters has to be performed before the cost function.

The results of the small aggregation units can be
merged by k − 1 summations, when using the larger block
size. Additionally, the input and output values have to be
switched, except for the input of the primary image for the
first cost function of each larger block, which always stays
the same. This leads to 3·k − 1 required additional k-input
multiplexers.

Figure 4 shows the block diagram for the implementa-
tion, using k = 2. Here, the data of the transformed stereo
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images are supplied in the chip’s registers. These registers
have to be shifted when switching to the next pixel’s compu-
tation. For refilling the resulting emptied registers, the next
pixels’ transformation has to be performed preliminarily.
The inputs of the cost functions and the outputs of the
aggregation blocks are switched using multiplexers, which
have the selected block size as the input.

When the smaller block size is selected, that is, the
multiplexer’s input 0 is selected, the even cost functions and
aggregation blocks are connected, calculating the matching
costs for the even disparity levels. Likewise, the odd cost
functions and their aggregation blocks are connected for
calculating the costs for the odd disparity levels.

As soon as the larger block size is selected, that is,
the multiplexers’ input 1 is selected, the even and the
odd aggregation blocks, as well as the corresponding cost
functions, are combined for calculating the same disparity
level together. Now, the even part is used to calculate the left
part of the larger block and the odd part calculates the right
part. Both aggregation blocks’ results are merged by a single
summation and output as the even aggregation block’s result.
The odd aggregation block does not output a valid result in
this situation. Therefore, its output is set to a higher value
than the maximum achievable matching costs, for example,
the maximum value plus one. This way, the WTA algorithm
is forced to ignore these results, since the even aggregation
block’s valid results are by definition smaller. In any case, the
output position of the WTA algorithm is now scaled by two
and has to be adjusted by cutting off its LSB, dividing it by
two.

The enhancement of the block size goes along with a
reduction of the calculated disparity levels per calculation
round. That is, the partition size dr is divided by k. To ensure
a constant disparity range, the number of calculation rounds
has to be increased by the same factor. This leads to a lower
frame rate of the stereo matching algorithm, when using the
larger block size.

3.3. Flexible frame rate

The flexibility of the frame rate results from using a flexible
disparity range and block size. When the demand for a higher
frame rate exists (e.g., the robot operates at higher speed)
the disparity range and the block size of the stereo matching
algorithm can be reduced to ensure a shorter processing time.

Thus, the present frame rate of the system in fps is
defined as

fps·dmax + 1
dr

∼const, (15)

where

dr = drmax·
1
kakt

, (16)

kakt is the currently selected block size multiplication factor,
and drmax is the achievable disparity per round when kakt = 1.
The constant factor in (15) depends on the processing speed
of the implemented design.

4. EXPERIMENTAL EVALUATION

4.1. Evaluation architecture

To evaluate the performance of our flexible stereo matching
technique, we implemented a generic hardware-based stereo
matching architecture that is suitable for different area-based
matching algorithms.

Our architecture consists of three major pipeline stages as
depicted in Figure 5, which are capable of working in parallel
after a primary initialization and synchronization phase.
These three pipeline stages are the input, the calculation, and
the extraction stage. The interfaces between those stages are
formed by memory blocks, each holding a full image line.

The application of our hardware-based stereo matching
architecture includes robot navigation. This task requires
the constant collection of data about the surrounding
background to enable the localization of the robot’s position.
Thus, for the implementation of our architecture we assume
that the disparity range has a fixed minimum value of dmin =
0 and therefore the background of the images is always
searched for as well.

Furthermore, for the last dmax pixels, there would be
insufficient image data available in the secondary image to
perform the matching for the whole disparity range. Since
this would lead to border effects in the disparity map, we do
not waste resources on the matching of this image region and
simply stop the calculation at this point. Thus, the output
disparity map’s image width is reduced by dmax pixels. Also,
the border regions of the image that would have border
effects caused by the total block size sb are not processed.
These are the first and the last (sb − 1)/2 image lines as well
as the lines’ first and last (sb − 1)/2 pixels.

For a less complex implementation, we assume that the
images used for the matching procedure are rectified [29]
by an additional preprocessing stage. Thus, the search for
correspondences is limited to the image lines.

The first stage of our architecture is the input stage. It
reads the incoming image data from the input port and stores
it in the internal memory. Here, we use one memory block
for each single image line. The number of stored lines is
defined by the total block size sb plus one additional line to
enable the implementation of a cyclic memory. This way, the
input stage can access one memory block in write mode while
the calculation stage reads the others, ensuring maximum
independence of each stage.

The calculation stage performs the round-based match-
ing as soon as the input stage has stored the first sb image
lines. It reads the image data necessary to perform the next
pixel’s matching from the memory. If the algorithm used
consists of a transformation, the pixels are transformed
instantly and stored at the end in the image buffer. This image
buffer holds the transformed values for the following cost
function. It has a height of sa pixels, which is the aggregation
block size, and a width of dr + sa pixels. This image buffer is
shifted by one pixel column after each pixel’s computation,
that is, at each clock cycle. Then our flexible block matching
technique is applied as described in Section 3.2. The resulting
aggregated matching costs of the current disparity partition
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are the input for the following WTA algorithm. This WTA
algorithm is implemented as a binary search tree as shown
in Figure 6 and therefore fully pipelined. It outputs the
minimum value and its position. Both are stored in the
interface memory.

The pipelined implementation of the calculation stage
results in a processing time of one clock cycle per pixel as
soon as the pipeline is filled. Depending on the algorithm
implemented and the partition size, this initialization time
tinit−calc varies between 50 and 70 clock cycles for each

calculation round. Thus, the computation time of one image
line is r·(image width− dmax − sb + 1 + tinit-calc) clock cycles.

As described in Section 3.1, the interface between the
calculation and the extraction stage is formed by two sets
of memory blocks, which are switched between the stages.
Hence, there exist two pairs of memory blocks for each
round’s interim values, namely a and b in Figure 5.

The extraction stage reads the results of all matching
rounds and again selects the best match by using the WTA
algorithm. Here, the WTA is implemented in series. Thus,
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Figure 7: Teddy images from the Middlebury dataset. (a), (b):
camera images; (c): ground truth image.

the value and position of just one round is evaluated per
clock cycle and the minimum value stored in the registers.
When evaluating the pixel’s last round, either the stored

position or the current round’s position is set on the output
port as the resulting disparity. The serial implementation
of the WTA algorithm is more resource aware than the
parallel one of the calculation stage. The extraction stage
needs to be initialized only once per line, in contrast to
the calculation stage, which has to be initialized r times
per line. Furthermore, the pipeline of the extraction stage
is much shorter than that of the calculation stage, having
an initialization time tinit-extr of two to five clock cycles,
depending on the chip’s memory access delay. Thus, the
extraction stage takes tinit-extr +r·(image width−dmax−sb+1)
clock cycles per image line, which is less than the calculation
stage’s computation time.

The total processing time of the architecture is given by
the time to read the first sb image lines, the processing time of
the calculation stage for the following image height − sb + 1
image lines, and the extraction stage for the very last image
line.

4.2. Test configuration

We evaluated our algorithms using the teddy images, illus-
trated in Figure 7, from the Middlebury stereo dataset [30],
since this image set offers high- as well as low-textured
surfaces. This image set has a resolution of 450 × 375, a
maximum disparity of 60 and is converted to 8-bit gray
scale. The ground truth of these images, which is defined as
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the measured reference disparity map, is scaled by factor of
4. Thus, we also scaled our disparity maps this way to ensure
a comparable result.

For the block size multiplication factor we used k = 2,
since we expect that doubling the horizontal block size will
be the most typical application. The disparity range was 120
to avoid distortions caused by a too small disparity range for
both block sizes. We used a round size of 5, resulting in a
partition size of 24 disparity levels per calculation round.

To demonstrate the need for a flexible disparity range,
we also evaluated the image sets using a disparity range of
60. With the larger block size, this resulted in an effective
disparity range of 30, which is half of the maximum disparity
in the image sets.

The SAD algorithm was configured to sb = 9 × 9 for the
smaller and sb = 9 × 18 for the larger block size. The rank
and census transform also used sb = 9 × 9, distributed to
st = 7 × 7 for the transformation and sa = 3 × 3 for the
aggregation, leading to sa = 3 × 6 and sb = 9 × 12 for the
larger block size.

To evaluate the algorithms’ quality, we performed a
left/right consistency check and calculated the root mean
square (RMS) over the deviations to the ground truth image
as well as the found pixels and correct matches, which are
within a maximum deviation of one pixel.
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4.3. Experimental results

We synthesized the implemented algorithms for an Altera
EP2S130 with Altera Quartus II in order to analyze the
algorithm’s resource usage. All of them had a total memory
consumption of 425 984 bits. Here, the image memory
requires 81 920 bits for storing 10 lines for both images.
Furthermore, storing the interim position requires 114 688
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SAD, and 9× 12 for rank and census transform, respectively.

memory bits and storing the 16-bit matching cost values
requires 229 376 memory bits.

The algorithms’ logic consumption in terms of logic
elements is presented in Figure 8. The results show the
highest values for the SAD algorithm due to its high number
of aggregations, while the census transform requires slightly
less logic. The rank transform has by far the smallest logic
requirements, being 3.7 times smaller than that of the census
transform. This is the reason, why the rank transform is of
special interest for low-cost embedded stereo vision systems,
even if it is well known that the census transform is the more
robust algorithm [25].

Figure 9 reveals the disparity range versus the achieved
frame rate for both block sizes using our flexible technique.
As can be seen, the system is able to select the algorithm’s
features as required out of a disparity range between 12 and
120 pixels, a frame rate ranging from 136 fps to 666 fps, and a
total block size of either 9×9 or 9×18 for SAD and 9×12 for
the rank and census transform. As defined by (15), the frame
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Figure 12: Evaluated algorithm quality with d = 30 and block
size 9 × 18 for SAD and 9 × 12 for rank and census transform,
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Figure 13: Disparity maps with d = 30 and block size 9 × 18 for
SAD and 9 × 12 for rank and census transform, respectively. (a):
SAD; (b): rank transform; (c): census transform.

rate times the number of calculation rounds ((dmax + 1)/dr)
is nearly a constant. This shows that the static initialization
times of our architecture, like filling the image memory or
the final examination of the last image line, are negligible
compared to the time required for the computation itself.
Finally, it is illustrated that the disparity range can be easily
doubled by selecting the smaller block size of sb = 9× 9.
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Our architecture produces 330×375 disparity maps with
120 disparity levels at 136 fps, which makes a total amount
of about 2 billion disparity calculations per second. The
DeepSea ASIC [31], producing 512 × 480 disparity maps
with 52 disparity levels at 200 fps, has a total of 2.55 billion
disparity calculations per second. Thus, our FPGA-based
stereo architecture is just 22% slower than this ASIC-based
solution, while having a 65% times larger total block size of
9× 9 rather than 7× 7.

Kuon and Rose [32] evaluated the achievable perfor-
mance gain when moving from an FPGA to an ASIC. For
FPGA designs making use of the internal block memory,
they revealed a performance gain factor between 2.8 and 4.3,
being 3.5 on average, when implementing the same design as
an ASIC. This further outlines the potential of our flexible
stereo matching technique, since it would outperform the
DeepSea ASIC implementation by a minimum factor of 2.2
when implemented on the same platform, while offering the
advantages of an adjustable stereo algorithm.

The time span to reconfigure the algorithm to a new
feature set is one clock cycle. This reconfiguration is incor-
porated into the architecture’s state change cycle that takes
place before each frame is processed. Thus, no measurable
reconfiguration time is required for adapting the algorithm’s
features.

The achieved RMS, found pixels, and correct matches
of each algorithm on the teddy images are presented in
Figure 10. The disparity maps are shown in Figure 11.
Image areas, in which our architecture did not calculate
the disparity in order to avoid border effects, are black and
disregarded for the evaluation.

Both, the measurements and the depicted disparity maps
show a great advantage in quality for the disparity maps from
the rank and census transform when using the larger block
size. This shows, that our technique also improves the quality
of the output disparity maps, even if the block size of the
transforms is constant and only the aggregation is enlarged.
The SAD algorithm has an improved RMS at the larger block
size, but the number of correct matches is slightly decreased.
The disparity maps show that in this specific configuration,
the house’s roof in the teddy image contains noticeably more
information for the larger block size, while the deformations
caused by the block size in the rest of the image outweigh this
advantage.

The measured quality for the insufficient disparity range
is presented in Figure 12 and the corresponding disparity
maps in Figure 13. It is noticeable that the reduced disparity
range highly reduces the number of found and correct
matches and increases the RMS. This further emphasizes the
need for a correct adjustment of the disparity range.

5. CONCLUSIONS

The proposed flexible hardware-based stereo matching tech-
nique gives the ability to adapt the algorithm to varying
application driven demands and therefore to ensure a
highly accurate disparity map in real-time embedded stereo
vision systems even under changing conditions. The flexible
disparity range gives the opportunity to dynamically balance

the detection of close objects against the frame rate. The
opportunity to balance the disparity map’s noise against the
frame rate is assured by a flexible block size.

Our experimental evaluation of the presented technique
shows a good response of the increased block size on
low-textured surfaces for all algorithms, even if the trans-
formation block size remains constant. In particular, the
rank transform denotes good performance when a resource-
aware implementation is demanded. Using our hardware-
based stereo matching architecture, the census transform
has the best overall quality. We pointed out that a correct
disparity range is essential for a high-quality disparity
map, which is easily achievable using our novel flexible
technique. Due to the basic principle of our technique,
only small amounts of additional memory, multiplexers, and
summations are required, while remaining consistent with
ASIC implementations by avoiding dynamic reconfigura-
tion.

We compared our flexible stereo matching architecture
with a well-known ASIC implementation, outlining the
high performance of our architecture. Finally, we revealed
the even higher potential of our flexible stereo matching
technique when implemented on ASICs.
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1. INTRODUCTION

Tomography consists of reconstructing an object from its
projections via numerical methods [1]. This process is used
in medical scanners, such as computed tomography (CT)
or positron emission tomography (PET) scanners. PET is
a nuclear imaging modality; its goal is to measure the
spatial and temporal distribution of a radiotracer perfused
in a patient’s body. PET imaging is used in oncology, to
detect, track, and visualize tumors. After data acquisition,
the 3D image of the radiotracer is reconstructed offline from
the measures (called sinograms) to diagnose pathologies.
Oncology and other clinical applications need a high-
quality reconstruction as fast as possible (few minutes at
most) to reduce the device occupation and allow a patient
repositioning. (A patient cannot experience a radiotracer
twice in a short while and has to wait several months before
a new examination, in case of bad camera positioning.) Also,
dynamic PET is in need of even faster reconstruction.

Moreover, tomography is required in many other medical
imaging techniques, such as 3D magnetic resonance imaging

and 3D ultrasound imaging, or in other domains such
as synthetic aperture radar (SAR), contactless control, and
industrial X-ray applications. Therefore, the acceleration of
the reconstruction algorithm is of great interest for various
applications.

Due to the large amount of the acquired data and
the complexity of the algorithms, reconstruction is a very
time-consuming process. From a computing point of view,
reconstruction methods can be classified into two main
techniques: analytic (direct) reconstruction and iterative
reconstruction. They both include a back-projection (BP)
step that accounts for 50% to 70% of the processing time.

In 3D reconstruction, the computational complexity of
the standard algorithm to reconstruct an N3 dataset from N
angles of projection is O(N4). In the previous decade, several
algorithms have been proposed to reduce BP complexity.
The lowest cost obtained is O(N3 logN) but generally with
a lower quality of reconstruction; also it does not take into
account some required data management, which delay the
process. Although CPUs have gained sufficient computing
power for 2D reconstruction, with 3D reconstruction, the
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increase of the amount of data for high-quality images
leads to higher computing times. Iterative reconstruction
algorithms may reach several hours of processing [2].

The algorithmic optimizations of reconstruction have
reached some limits and it is becoming mandatory to reduce
the computing time through architecture solutions. General
purpose parallel computers benefit from recent competing
technologies: the system on programmable chip (SoPC) and
the general purpose graphical processing unit (GP-GPU).

This paper shows that a hardware implementation of the
BP algorithm needs to overcome the memory bottleneck.
This may be solved both by a loop reordering and the use of
an efficient caching mechanism. Parallel hardware pipelines
can be fed with a hierarchy of semigeneral purpose cache
such as the 3D-AP cache [3]. The resulting architecture
makes a better use of memory bandwidth than general
purpose CPUs and GP-GPU.

The first parts of this paper present the use of the
3D BP algorithm and different solutions to accelerate it.
Next, we present the memory bottleneck of a classical
implementation of 3D BP to overcome. From this study,
an efficient architecture is proposed: the pipelined, prefetch,
and parallelized architecture for 3D PET BP (3PA-PET). The
quality, complexity, and timing performance of the 3PA-PET
architecture are also presented. Measures on its prototyping
on a SoPC allow a comparison with the implementation of
BP on CPU and GP-GPU.

2. 3D BP IN TOMOGRAPHY RECONSTRUCTION

In this section, we will first show that 3D PET BP and the
3D CT BP using, respectively, a parallel and a cone beam
geometry are close algorithms. Then, we will present some
related works on acceleration of these two BPs on several
architectures.

2.1. BP algorithms

2.1.1. 3D parallel beam BP for PET

The detectors of a PET scanner are usually paving a cylinder
and stacked in a set of rings of detectors [1]. The γ rays
issued from the disintegration of a radiotracer particle are
detected by a pair of sensors facing each other. The line which
connects two sensors is called a line of response (LOR) and
the coincidence events counted on one LOR are stored in a
bin. All the bins are stored in a sinogram as illustrated in
Figure 1. The reconstruction process attempts to estimate the
image of the radiotracer distribution f that has produced the
sinogram.

The sinogram pPET is a 4D space along (Δ,ψ,u‖, v‖).
The coordinates (Δ, v‖) represent a couple of rings: Δ is
the axial distance between the two rings (segment number)
and v‖ is the mean axial coordinate of the two rings (plane
number). The coordinates (ψ,u‖) represent one particular
LOR between two rings: ψ is the azimuthal angle and u‖ is
the tangential coordinate (bin number).

Image space

z

Detectors rings

Voxel

Δ

y

x
LORs

Projection space

(angle number)
ψ

(plane number)
v‖

u‖ (bin number)

Segment Δ of the 4D sinogram

Figure 1: The acquired data are stored in a 4D sinogram, a
sinogram bin corresponding to one particular LOR. To reconstruct
one voxel, the data needed by the BP algorithm draw a 3D sinusoid
in each segment Δ.

For each voxel (VOlume piXEL) of coordinate �r =
(x, y, z), the BP algorithm sums up all the sinogram bins
corresponding to that voxel projection as follows:

f ∗PET

(
�r
) =

∫∫

pPET
(
Δ,ψ,u‖

(
ψ,�r

)
, v‖
(
ψ,Δ,�r

))
JΔdψ dΔ,

(1)

JΔ is a Jacobian and the parallel beam coordinates (u‖, v‖) are
computed as

u‖
(
ψ,�r

) = x cosψ + y sinψ + offset,

v‖
(
ψ,Δ,�r

) = Δ

2Ra
·(x sinψ − y cosψ

)
+ z + offset.

(2)

Using ai j(ψ,Δ) coefficients, we get

u‖
(
ψ,�r

) = a00x + a01y + a03,

v‖
(
ψ,Δ,�r

) = a10x + a11y + a12z + a13.
(3)

2.1.2. Cone beam BP for CT

The cone beam BP used in CT imaging modalities uses a
similar algorithm [4]. In CT, the data is the X-ray intensity
reaching an X camera that rotates around the observed
volume. It measures the attenuation due to the density of
tissues. The density f ∗CT(�r ) is computed from the measured
data pCT following:

f ∗CT

(
�r
) =

∫

pCT
(
α,u∨

(
α,�r

)
, v∨
(
α,�r

))·w(α,�r
)2·dα, (4)

where α is the trajectory parameter of the camera. The cone
beam coordinates (u∨, v∨) are computed as

u∨
(
α,�r

) = (c00x + c01y + c02z + c03
)·w(α,�r

)
,

v∨
(
α,�r

) = (c10x + c11y + c12z + c13
)·w(α,�r

)
,

(5)
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where ci j depends on α (i.e., ci j = ci j(α)) and

w
(
α,�r

) = 1
c20·x + c21·y + c22·z + c23

. (6)

2.1.3. Comparison of CT and PET

Although the CT BP is more complex due to the perspec-
tive transformation (6), these algorithms are quite similar.
Indeed, the summation over α (trajectory parameter) for
CT BP is equivalent to the summation over ψ and Δ for
PET BP. Moreover, in these loops, both these BPs compute
very similar projection coordinates (u‖, v‖) and (u∨, v∨).
Nevertheless, the computation of the projection coordinates
for CT BP needs a division by a distance weight w(α,�r ).
Thus, the CT BP kernel has more arithmetic operations than
PET BP has.

Supposing that one is able to design a pipeline that
computes a sum update at each clock cycle, both for CT
and PET BP, then the challenge is to fetch data along a
complex path (a 3D sinusoid) in the acquired data (3D CT
data or 4D PET sinogram). The method presented in this
paper for solving the case of PET BP (parallel beam) could
be transposed to solve the CT BP (cone beam).

2.2. Acceleration of reconstruction

Different computer architectures coupled with dedicated
memory access strategies are used to accelerate the BP step
of an analytic or iterative reconstruction, including general
purpose processors [5–7], graphical processors [8–14], the
cell processor [4, 15], or ASIC/FPGA architectures [16–20].
While most of these works have investigated cone beam BP,
only a few of them have investigated 3D parallel beam BP
[2, 5, 8, 9].

The parallelization of reconstruction algorithms on
shared memory parallel general purpose computer [5]
stays efficient only up to 4 processing units, because of
conflictual accesses on the memory bus. Considering clusters
of heterogeneous PCs [6, 7], efficiency of parallelization
drops down quickly because of the costly communication
between PCs. After 10 PCs, parallelization is not worthy. Yet
on a distributed memory parallel computer, parallelization
works very well. for 3D PET iterative reconstruction, Jones et
al. [2] succeeded to get an acceleration factor of about 30 with
32 processors. Ni et al. [21] achieved an excellent acceleration
factor of 300, when they parallelized the Katsevich algorithm,
an exact cone beam BP with 300 CPUs.

Besides parallelization on several nodes of general pur-
pose processors, more efficient engines such as the graphical
processing unit (GPU) or the IBM Cell can be used. Current
GPUs can be used either as a graphical pipeline, which is
originally designed for [8–10], or as a multiprocessor chip
thanks to the CUDA interface from Nvidia [10, 12–15]. For
both options, the acceleration factor of GPU is high, about
an order of magnitude for cone beam BP. Xu and Mueller
[10] have observed that an implementation of the cone beam
BP using the graphic pipeline is 3 times faster than the one
made with the CUDA interface. Kachelrieß et al. [4] and

Scherl et al. [15] present good result of acceleration of cone
beam BP using the Cell processor. With its 1 + 8 cores,
this architecture is an intermediate solution between general
purpose parallel processors and GPU. The 8 vector engines
have to be specifically programed. Nevertheless, Scherl et al.
[11] have measured that a GPU with CUDA is 3 times faster
than the Cell for the BP alone.

FPGA technology is an alternative to processors, allowing
designers to make a customized architecture. Most often,
it is used to prototype ASIC implementations. In this
context, FPGA implementations of 2D parallel beam BP
[16] and 3D cone beam BP [17–19] have been investigated.
These architectures are made of several pipelines working
in parallel. Moreover, like the image Pro by Siemens [18],
several FPGA chips can be used in a single board to raise the
computational power.

Two memory access strategies have been applied for
all these architectures. In case the processor already has
a memory cache, developers rely on it to optimize the
external memory accesses. Otherwise, developers set up
custom memory strategies in order to hide the memory
access time. The most common approach is to use double
buffering: the next required projection data is loaded from
external memory, meanwhile the ongoing loaded projection
data are back-projected. In this case, CPU and GPU memory
strategies are based on an extensive use of the cache. For
example Yang et al. [13] have observed that enabling a GPU
cache is more competitive than software prefetching. On the
other hand, the Cell and FPGA memory strategies have to be
taken in charge by the software designers.

3. OVERCOMING THE MEMORY BOTTLENECK

In this section, we focus our study on finding out the best
appropriate memory strategy to get the best fit between the
3D BP algorithm and a hardware architecture.

3.1. Memory access strategy

As the sinogram is kept in an SDRAM-like external memory,
we need an efficient memory management to overcome its
latency and allow a high level of parallelism. The main
difficulty is to deal with the high strides of addresses due to
the sinusoidal pattern of references in the 4D space. A cache
would help to hide the high latency of the external memory
despite these strides. Standard caches therefore are inefficient
as they exploit temporal and address locality of references.
Hence they are used at their best when the references follow a
1D linear pattern as a cache line is loaded when a miss occurs.

Indeed, as shown earlier, the reconstruction of a single
voxel f (�x ) needs to follow a 3D sinusoid in the 4D sinogram.
Such a pattern is of poor address locality but has a high
index locality. Moreover, because of the v‖ dimension, the
memory accesses for 3D BP have higher strides and are more
distributed in the memory space than in the 2D BP case [22].
The challenge is to speed up these memory accesses in a 4D
data structure.
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for n = 0 to nmax do
for Delta = 0 to Deltamax do

for psi = 0 to psimax do
for �r = �rmin(n) to �rmax(n) do

f (�r )+ = bin(psi, Delta,u‖(psi,�r ), v‖(psi,�x))

Algorithm 1: The loop reordering of the 3D BP improves spatial
and temporal locality.

Therefore, a new cache mechanism is needed. Estimating
which bins would be referenced would help the cache to
download the needed bins during the computing process.

3.2. Improvement of spatial and temporal locality

A reconstruction with the voxel-driven bilinear interpolation
(VBI) standard BP is made of three loops, as described in
Algorithm 1: the first loop is on the voxels �r, the second
on the segments (Delta), and the third on the angles (psi).
Since voxels can be reconstructed independently, the loop
on voxels can be split into two parts: one loop on blocks
of voxels (0, . . . ,nmax) and the other loop on the voxels of a
block n(�rmin(n), . . . ,�rmax(n)).

A loop reordering increases the temporal and spatial
locality of memory accesses. Indeed, for given psi and Delta
values, the data bin(psi,�r ) will be used several times for
different voxels since the projection of a 3D block of voxels
is a 2D plane in the 4D space of the sinogram.

Figure 2 shows that the proposed loop reordering allows
to cache a part of the sinogram. The BP of a block of voxels
makes the references follow a coherent 3D sinusoid in the
sinogram along the time.

3.3. Mean bin reuse rate (MBRR)

To give a theoretical estimation of the best achievable cache
efficiency, the mean bin reuse rate (MBRR) is defined as the
ratio between the number of bins accessed in cache memory
by the processing units and the number of bins loaded in
cache memory from the external memory. The ideal MBRR
can be computed analytically. It depends on the shape of the
block of reconstructed voxels. Figure 3 presents this optimal
MBRR computed for each segment versus the size of the
block.

4. A 3P ARCHITECTURE FOR PET

In this section, we present the pipelined, prefetched, and
parallelized architecture for PET (3PA-PET). The 3PA-
PET architecture is made of a high-performance pipeline
connected to a 3D adaptive and predictive cache (3D-AP
cache). It allows to perform an update of a voxel value up to
1 operation per clock cycle (100% pipeline utilization), even
for high latency memories.

4.1. Pipelined architecture

The pipeline in Figure 4 implements the different steps of
the VBI standard BP: the computation of u‖(psi,�r ) and
v‖(psi,�r ), the bilinear interpolation of the bin, and finally the
accumulation of the voxel value. The forward flow control is
done by packets passing through each stage of the pipeline.

The 4 bins needed for the bilinear interpolation are
fetched through the memory bridge. This bridge controls the
3D-AP cache and can freeze (or not) the pipeline depending
on the requested data availability. A backward flow control
synchronizes the pipeline and the 3D-AP cache.

4.2. Prefetch architecture

The 3D-AP cache [3] masks the latency of the external
memory so that the pipeline is no more systematically stalled.
The memory bridge gets four bins from the cache at each
clock cycle.

The 3D-AP cache is a semigeneric cache memory
mechanism that prefetches references following a continuous
path into a 3D memory space. It was originally designed as
a cache for a computer vision lip tracking application [3]
but it targets a large class of multidimensional processing
algorithms. In the 3PA-PET architecture, the 3D-AP cache is
tuned to follow the references needed to reconstruct a block
of voxels, as shown in Figure 5. The pipeline issues spatial
coordinates of the requested bin, here (psi,u‖, v‖), to the 3D-
AP cache. A part of the sinogram, namely, the cached zone,
is copied in an embedded memory. A tracking mechanism
tries to maintain the center of the cached zone in the mean
coordinate of the referenced data.

The 3D-AP cache estimates dynamically which data is
likely to be requested in the future. This is done by a
statistical analysis on each axis of the previous references.
Moreover, the 3D-AP cache masks the data transfer between
the external memory and the internal cache memory. In
the mean time, the cache grabs new data from the external
memory, the data shared by the old and the new cached zone
stay available for the processing unit.

The 3D-AP cache parameters have to be set beforehand
by the user. In this study, we set for each dimension the value
of the following five parameters.

(i) Cut off and sampling frequencies: the mean coordinate
is computed by a first-order low-pass IIR filter
configured by these two frequencies.

(ii) Cached zone size: this zone is notified to the memory
bridge to be available in cache. In this study, this size
is a static parameter.

(iii) Guard zone size when the mean coordinate is out of
this zone, the cache zone is updated.

(iv) Cache speed: it has to be set according to the speed
of the data accesses performed by the application on
each spatial dimension.

The cache is customized to allow four concurrent accesses to
the bins needed to perform a bilinear interpolation. Figure 6
gives a simplified view of the 3D-AP cache to illustrate the
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involved memory architecture. The cache control unit grabs
data from the external memory and splits the incoming
data words to the different embedded memories. The cache
control unit also manages the cache misses that could occur
for some requested bins.

4.3. Parallelized architecture

To increase the computing power, several pipelines are
parallelized. A hierarchical cache reduces the memory bus
occupation, when BP units work in parallel. In this hierar-
chical design, one leaf cache is associated to one 3D BP unit
while a root cache is feeding each of these leaf caches.

The spatial locality of the references of the pipelines is
enabled by reconstructing a set of neighbor blocs. A pipeline
reconstructs one bloc of voxels and all the pipelines share a
loop over psi. Some of the sinogram data are shared by the
pipelines in the same way they are shared to reconstruct one
bloc of data. The bins needed during the reconstruction of a
set of blocs draw a 3D sinusoid. The cache concept presented
previously with one unit applies here in the same manner.
Each leaf cache stores a 3D sinusoid needed to reconstruct a
bloc. A higher level cache stores the union of these sinusoids
as presented in Figure 7.

5. 3PA-PET PERFORMANCES

5.1. Accuracy of reconstruction

The implemented VBI standard BP is a fixed-point version
of the original algorithm. Moreover, the sinogram data is
converted in float to short integer (16 bits). The accuracy of
reconstruction of 3PA-PET is measured between a reference
reconstruction software and a software bit-true model of
3PA-PET.
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The reference dataset used is a sinogram of a 3D Shepp-
Logan volume of 128 × 128 × 63 voxels. This phantom
is a standard volume used in tomography to measure
the accuracy of reconstruction. The sinogram is obtained
from the STIR open source tool kit [23]. The volumes

Table 1: Accuracy of reconstruction and compared reconstructions
for the Shepp-Logan phantom.

Compared volumes Data MAPE PSNR

Accuracy of reconstruction

STIR/original Float 3.89% 10.5 dB

VBI-Flt/original Float 3.88% 10.5 dB

VBI-Fix/original Float 3.88% 10.5 dB

VBI-Flt/original Int16 3.97% 10.5 dB

VBI-Fix/original Int16 3.97% 10.5 dB

Compared reconstructions

STIR/VBI-Flt Float 0.35% 21.5 dB

VBI-Fix/VBI-Flt Float 0.13% 26.2 dB

VBI-Fix/VBI-Flt Int16 0.13% 23.0 dB

VBI-Fix/VBI-Flt Int16/flt 1.1% 19.0 dB

reconstructed by STIR and by 3PA-PET are shown on Figures
8 and 9.

The accuracy of reconstruction of the 3PA-PET BP is
measured with two metrics: the mean absolute percentage
error (MAPE) and the peak signal-to-noise ratio (PSNR).
Both compare a volume f1 with a volume of reference fref.
The PSNR corresponds to the ratio between the maximum
of fref (dynamic range) and the mean squared error (MSE)
of f1 compared to fref,

PSNR = 20·log10

max
(
fref
)

√
MSE

(
fref, f1

) . (7)

In Table 1, we compared the reference volume and
the volumes reconstructed with STIR, with VBI floating-
point arithmetic (VBI-flt) or with VBI fixed-point arith-
metic (VBI-fix). All of the reconstruction methods have
an intrinsic error around 3.9% with a PSNR of 10.5 dB
when compared with the original volume. The floating-
point and the fixed-point implementations have an MAPE
of 0.13% and a PSNR of 23 dB. With different data types
(short int versus float), the MAPE is about 1.1% and the
PSNR of 19 dB. Thus we can conclude that the 3PA-PET
implementation of the VBI BP is an accurate reconstruction
system.

5.2. 3PA-PET complexity

The hardware resources used by the 3PA-PET architecture are
presented in Table 2. The main BP FSM and the root cache
control are shared between all of the units of the 3PA-PET
architecture. Therefore, the cost of an additional pipeline is
only 800 slices. The sizes of a leaf and the root caches are,
respectively, 2 KB and 18 KB. Hence, 9 BP units fit in a Xilinx
Virtex 2 Pro VP30 chip and 16 units in a virtex 4 FX100.

5.3. Efficiency of reconstruction

In order to assess the efficiency of the 3PA-PET architecture,
we have measured the BP time on an Avnet development
board connected to a PC host through a PCI interface
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Figure 6: Memory architecture for bilinear interpolation.
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Figure 7: Each leaf cache is fed by the root cache.

(see Figure 10). The board contains an external SDRAM
memory and a Xilinx system on programmable chip (SoPC).
In order to investigate the 3PA-PET behavior with respect
to the memory features, we have plugged it with a fake

Table 2: Hardware resources used by the 3PA-PET on a Xilinx
Virtex 2 Pro VP30.

1 unit 4 units 9 units

3D BP

CLB slices
573 1817 3924

(4.2%) (13.3%) (28.6%)

Multipliers
12 48 108

(9%) (35%) (79%)

3D-AP cache

CLB slices
672 2830 4804

(4.9%) (20.6%) (35.1%)

RAMs
2 kB 24 kB 36 kB

(0.6%) (7.8%) (11.7%)

3D BP + 3D-AP cache

CLB slices
1245 4637 8728

(9.1%) (32.9%) (63.7%)

memory bus which could be set with different values of
memory latency (lmem) and memory bandwidth (BWmem).
The memory simulator estimates the time to access Nline lines
of Sline bytes following the relationship

tmem = Nline·
(
lmem +

Sline − 1
BWmem

)
. (8)

The times of reconstruction presented in this section are
in clock cycles and scaled to one operation. An operation
corresponds to one update of a voxel. The number of voxel’s
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Figure 8: A slice of the 3D Shepp-Logan phantom reconstructed by STIR and 3PA-PET BP.
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Figure 9: Profile of the 3D Shepp-Logan phantom slices corre-
sponding to the lines on Figure 8.

updates is equal to the number of voxels multiplied by the
number of segments times the number of angles.

The results presented in Figure 11 are achieved with one
BP unit for the segment +2 which represents the worse
case because the memory accesses draw the most incurvated
3D sinusoid. 3PA-PET is robust to high latencies and low
bandwidth: the pipeline computes a voxel update in about
1 clock cycle, even for a memory latency of 30 cycles. This
shows that the 3D-AP cache succeeds to take advantage of
the high spatial and temporal locality of the BP algorithm
presented in Section 3. The 3D-AP cache follows the 3D
memory path drawn during the BP process rather well. The
cache miss rate stays low (about 0.05% with lmem = 5 cycles
and BWmem = 8 bytes/cycle) which means that the 3D-
AP cache prediction is satisfactory and manages to hide the
external memory latency.

Host PCRS232

SDRAM

PCI

PCI
bridge

Avnet evaluation board

SRAM32
32

Switch Virtex II pro

Ctl
interupt

Ctl
SRAM

Ctl
SDRAM BRAM

OPB
32

PLB
64

UART
IOCM PPC DOCM

3D-AP
cache

3D back
projection

Figure 10: Evaluation system.

As illustrated in Figure 12, the parallel 3PA-PET perfor-
mances are not plenty satisfactory. Indeed, the efficiency of
parallelization decreases with the number of BP units. For
instance, with a memory latency of 5 and for a complete
BP, 4 units allow an acceleration of 3.2 (1.25 cycle/op per
pipeline) and 8 units allow an acceleration of 4.7 (1.7
cycle/op per pipeline). Because the more units are working
in parallel, the more busy the memory bus is. However, the
hierarchical cache allows to make parallelization a little bit
more efficient thanks to the exploitation of the spatial and
temporal locality existing between the data retrieved by each
BP unit. Moreover, the measured MBRR for 8 units between
the leaf loads and the leaf requests stays close to the MBRR
measured for a single unit. This MBRR is about 8 for 8 units
and 9 for 1 unit.
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6. COMPARISON WITH GENERAL PURPOSE AND
GRAPHICS PROCESSORS

In Table 3, the 3PA-PET execution times are compared with
STIR and the ones from software VBI BP on a desktop PC, a
workstation and a GPU.

6.1. CPU implementation

Different software versions of BP, nonoptimized (v1), and
optimized (v2 and v3) have been tested and compared to
the STIR one on a Pentium 4 and on a bi-Xeon dual core.
Two techniques of optimization have been applied with an
extensive use of the cache memory and a reduction of the
arithmetical operations.

First, an acceleration factor of 3 is obtained due to the
reconstruction through blocks of voxels. This software loop
reordering increases the use of the L1 cache (16 Ko). Indeed,
the time of reconstruction with and without introduction
of data locality, is, respectively, 54.7 seconds (v1) and 17.4
seconds (v2).

Secondly, the reduction of the arithmetic operations to
compute the projection coordinates allows an acceleration
by a factor 7 (software v3/software v2 in Table 3). Indeed,
the time performance is improved by a factor 2 due to
an incremental computation of the coordinates as done by
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Figure 12: Cycles per operation per processing units for 1, 4, and 8
units of BP with respect to the latency and bandwidth of the external
memory.

for n = 0 to nmax do
for delta = 0 to deltamax do

for psi = 0 to psimax do
u‖ = xn0· cosψ + yn0· sinψ
for xn = xn0 to xnmax do

u‖ = u‖ + cosψ
for yn = yn0 to ynmax do

u‖ = u‖ + sinψ
for zn = zn0 to znmax do

f (xn, yn, zn)+ = bin(delta, psi,u‖, v‖)

Algorithm 2: Reduction of operations to compute u‖ (same
techniques used for v‖).

Kachelrieß et al. [4] and again by a factor 3.5 when the inner
loop is over z. The optimized code (VBI-flt(v3)) is presented
in Algorithm 2.

Finally, this code has been parallelized using the pthread
C-library to use the four cores of a bi-Xeon dual core
workstation. One thread is associated to the reconstruction
of one block.

6.2. GPU implementation

Current GPUs are cost effective solutions for the implemen-
tation of 3D tomography reconstruction because of their
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Table 3: Compared time performance for the 3D PET BP of a 128 × 128× 63 volume from a Siemens HR+ sinogram (5 segments, span 9,
96 angles of projection). Throughput of reconstruction (cycles per voxel update) is presented for the global architecture and per processing
element (PE).

3D-BP algorithm PE (threads) Time
Cycles/Op

/PE total

Desktop PC: Pentium 4

(core frequency = 3.2 Ghz, BWmem = 64 GB/s)

STIR1 1 11.13 s 70.4 70.4

VBI-flt(v1) 1 54.7 s 355 355

VBI-flt(v2) 1 17.4 s 113 113

VBI-flt(v3) 1 2.5 s 16 16

Workstation: bi-Xeon dual core

(core frequency = 3 Ghz, BWmem = 10.6 GB/s)

STIR1 1 (1) 5.74 s 34.5 34.5

VBI-flt(v3) 1 (1) 1.17 s 7.1 7.1

VBI-flt(v3) 2 (2) 583 ms 7.06 3.53

VBI-flt(v3) 4 (4) 294 ms 7.12 1.78

GPU: GTS8800

(shader frequency = 1.2 Ghz, BWmem = 64 GB/s)

VBI-flt(v4) 96 (192) 99 ms 25.9 0.27

VBI-flt(v5) 96 (192) 50 ms 13.0 0.14

FPGA2: virtex 4

(frequency = 200 Mhz, BWmem = 0.8 GB/s, lmem = 25 nanoseconds)

VBI-fix 1 2.5 s 1 1

VBI-fix 4 774 ms 1.25 0.31

VBI-fix 8 526 ms 1.7 0.21

ASIC3: one memory bank

(frequency = 1.2 Ghz, BWmem = 4.8 GB/s, lmem = 25 nanoseconds)

VBI-fix 1 499 ms 1.21 1.21

VBI-fix 4 214 ms 2.07 0.517

VBI-fix 8 135 ms 2.62 0.328

ASIC3: five memory banks

(frequency = 1.2 Ghz, BWmem = 24 GB/s, lmem = 25 nanoseconds)

VBI-fix 40 27 ms 2.62 0.065
1

Time normalized to a 128∗128∗63 volume. (STIR reconstructs 642π∗63 cylindrical volumes).
235 Mhz results scaled to 200 Mhz (lmem = 5 cycles).
335 Mhz results scaled to 1,2 Ghz (lmem = 30 cycles).

high level of parallelism. Moreover, the Nvidia GPUs are effi-
ciently and easily programed with the CUDA environment.

The Nvidia Geforce 8880 family has 2 to 16 vector
processors (12 in our case), each one having 8 stream
processors. It is programmable using standard C language
with a few extensions without any knowledge about graphics
pipeline. A nonincremental code is parallelized to run
efficiently on these 12 × 8 multithreaded stream processors.
One thread is associated to one voxel reconstruction. Threads
are grouped in blocks (16 × 16 in our case) which are
scheduled at runtime, one block per vector processor. Each
couple of vector processors are associated with an 8 KB L1 2D
texture read-only cache memory with 1D and 2D hard-wired
interpolation. Moreover, the GPU offers a high memory
bandwidth (BWmem = 64 GB/s) and uses floating-point

computation. This makes it possible to efficiently parallelize
the BP loops, as blocks of voxels correspond to 2D blocks of
threads having access to the read-only sinogram organized in
2D arrays through the 2D cache memory. The voxels are also
organized in 2D arrays, each divided in 64 16× 16 blocks
associated to a grid of 64 16×16 blocks of threads. Thus each
thread is responsible of 63 voxels considering a 63×128×128
volume.

Two versions of thread code have been implemented. In
the VBI-flt(v4) thread code, the loop over ψ is the inner
loop, while in VBI-flt(v5) thread code, the loop over z is the
inner loop as it is done for the VBI-flt(v3) CPU code. This
allows a reduction of the number of projection coordinate
computation. A speedup factor of 2 is obtained with this code
optimization (see Table 3).
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6.3. Discussion

The reconstruction times and efficiencies, global and per
processing element (PE), are presented in Table 3 for CPU,
GPU, and our 3PA-PET. To fairly compare our architecture
with other technologies, the time measured on a Virtex 2 Pro
has been scaled to a virtex 4. Indeed, this technology is the
same generation as the CPU and GPU used in this study.
We have scaled the 35 MHz results to the GPU frequency
(1.2 GHz) as well. This higher frequency could be reached
through the design of a customized integrated circuit like an
ASIC. Moreover, as Nvidia GTS 8800 GPU has five memory
banks, we also present a prospective ASIC architecture
which would have also five memory banks coupled with 5
processing blocks of 8 BP units each.

For the 200 MHz and the 1.2 GHz 3PA-PET, a memory
latency (lmem) of 25 nanoseconds has been used for the
simulated memory bus. It corresponds, respectively, to a
latency of 5 and 30 clock cycles.

On one hand, the GPU is the fastest hardware solution
with a final reconstruction time of 50 milliseconds. The ratio
of computation over memory access is high enough for the
GPU to allow the automatic overlapping of memory accesses
with computations by the thread scheduling mechanism.
Thus, due to its greatest computational power (96 PEs
and hard-wired interpolation), Nvidia 8800 GTS graphic

processor is 10 times faster than 3PA-PET mapped on a virtex
4, 10 times faster than a Xeon dual core, and 50 times faster
than a Pentium 4.

On the other hand, 3PA-PET is the most efficient
architecture with a computational efficiency per processing
element (PE) of about 2 cycles per operation for a processing
block made of 8 units coupled with one memory bank.
Because of the fewer available computational and memory
resources, the FPGA technology does not allow to have an
efficient 3PA-PET system compared to GPU. Nevertheless,
considering that a market would exist to justify it, an ASIC
with five memory banks and five units of 3PA-PET (8
pipelines each) running at 1.2 Ghz would be twice faster
than the Nvidia GPU, 20 times than a Xeon dual core, and
100 times than a Pentium 4. Furthermore, a better tuning
of the 3D-AP cache would allow to increase the available
parallelism and again increase the speedup. Also, an ASIC
implementation would be likely to have a lower consumption
than a GPU (Nvidia 8800 GTS needs 130 Watts).

All the studied architectures succeed to benefit from
the spatial and temporal localities without any developer
effort to set a double buffering memory strategy. This is
only possible because of their own memory cache (1D cache
for CPU, 2D texture cache for GPU, and the semigeneral
purpose 3D-AP cache for 3PA-PET). Nevertheless, 3PA-
PET is the one that best exploits the memory throughput,
as illustrated in Figure 13. In this figure, all the 3D BP
implementations are placed according to their computa-
tional efficiency (cycles/op) and to their available memory
throughput (GB/s). The “optimal architecture” in this figure
corresponds to a hardware architecture that would have an
optimal balance between its computational and memory
throughputs. Each PE of this optimal architecture computes
one operation per cycle and its prefetching memory strategy
only loads the necessary data in cache and delivers it in
time to the processing units. Of course, the more PEs it
has, the greater the memory throughput has to be. As one
can observe, 3PA-PET is the architecture with a cache-based
memory strategy that is the closest to the optimal one. This
makes 3PA-PET the architecture with the best potential of
acceleration.

7. CONCLUSION

This paper presents several ways to speed up the BP algo-
rithm on different target architectures: general purpose CPU,
GPU, and FPGA/ASIC. These solutions exploit the temporal
and 3D spatial locality that can be found in the BP algorithm.
A suitable loop reordering shows to be efficient despite the
high nonlinearity of the algorithm. The 3PA-PET (prefetched
and parallelized architecture for PET) architecture is the one
that makes the best use of this locality and allows a high level
of parallelization with a high computational throughput.

Thanks to the 3D-AP cache together with a loop
reordering, 3PA-PET architecture proves to be an efficient
parallel architecture that overcomes the memory bottleneck.
Indeed, as it has been measured on an SoPC prototype,
the pipelines are seldom stalled and the high latency and
low bandwidth of memories can be overcome. Moreover,
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the comparison between the 3PA-PET architecture with a
general purpose processor and a GPU highlights 3PA-PET
efficiency. On one hand, the GPU has the best reconstruction
time on a wall clock (followed by 3PA-PET and the CPU), on
the other hand 3PA-PET makes the best use of the pipeline
and clock cycles. An ASIC implementation with the same
technological resources than of GPU would be of lower
power consumption and would be faster: it would be twice
faster than today’s GPUs and 20 times faster than CPUs.

To conclude, the method of loop reordering and the
use of an appropriate cache could be extended to other
algorithms. The architecture principles presented in this
article could be applied for the cone beam BP needed in CT
reconstruction.
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1. INTRODUCTION

Today, digital cameras are rapidly becoming ubiquitous, due
to reduced costs and increasing demands of multimedia
applications. Improvements in the growing digital imaging
world continue to be made with two main image sensor
technologies: charge-coupled devices (CCDs) and CMOS
sensors. Historically, CCDs have been the dominant image-
sensor technology. However, the continuous advances in
CMOS technology for processors and DRAMs have made
CMOS sensor arrays a viable alternative to the popular
CCD sensors. This led to the adoption of CMOS image
sensors in several high-volume products, such as webcams,
mobile phones, PDAs, for example. Furthermore, new recent
technologies provide the ability to integrate complete CMOS
imaging systems at focal plane, with analog-to-digital con-
version, memory and processing [1–5]. By exploiting these
advantages, innovative CMOS sensors have been developed
and have demonstrated fabrication cost reduction, low
power consumption, and size reduction of the camera [6–8].

The main advantage of CMOS image sensors is the
flexibility to integrate processing down to the pixel level. As
CMOS image sensors technologies scale to 0.18 μm processes

and under, processing units can be realized at chip level
(system-on-chip approach), at column level by dedicating
processing elements to one or more columns, or ar pixel-
level by integrating a specific unit in each pixel or local of
neighboring pixels. Most of the researches deal with chip
and column level [9–12]. Indeed, pixel-level processing is
generally dismissed because pixel sizes are often too large to
be of practical use. However, as CMOS scales, integrating
a processing element at each pixel or group of neighboring
pixels becomes more feasible since the area occupied by
the pixel transistors decreases, leading to an acceptable
small pixel size. A fundamental tradeoff must be made
between three dependent and correlated variables: pixel size,
processing element area, and fill-factor. This implies various
points of view:

(1) for a fixed fill-factor and a given processing element
area, the pixel size is reduced with technology
improvements, as a consequence, reducing pixel size
increases spatial resolution for a fixed sensor die size;

(2) for a fixed pixel size and a given processing element
area, the photodiode area and the fill-factor increase
as technology scales since the area occupied by the
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pixel transistors in each processing element decreases.
It results in better sensibility, higher dynamic range
and signal-to-noise ratio;

(3) for a fixed pixel size and a given fill-factor, the
processing element can integrate more functionalities
since the transistors require less area as technology
scales. Consequently, the image processing capabili-
ties of the sensor increase.

In summary, each new technology process offers (1) to
integrate more processing functions in a given silicon area,
or (2) to integrate the same functionalities in a smaller
silicon area. This can benefit the quality of imaging in terms
of resolution, noise, for example, by integrating specific
processing functions such as correlated double sampling
[13], antiblooming [14], high dynamic range [15], and even
all basic camera functions (color processing functions, color
correction, white balance adjustment, gamma correction)
onto the same camera-on-chip [16]. Furthermore, employ-
ing a processing element per pixel offers the ability to exploit
the high speed imaging capabilities of the CMOS technology
by achieving massively parallel computations [17–20].

In this paper, we discuss hardware implementation issues
of a high-speed CMOS imaging system embedding low-level
image processing. For this purpose, we designed, fabricated,
and tested a proof-of-concept 64 × 64 pixel CMOS analog
sensor with per-pixel programmable processing element in
a standard 0.35 μm double-poly quadruple-metal CMOS
technology.

The rest of the paper is organized as follows. Section 2
is dedicated to the description of the high speed algorithms
embedded at pixel-level. Section 3 is a general description
of the characteristics of the sensor. These characteristics are
well detailed in Section 4, which talks about the design of
the circuit, with a full description of the main components
such as the photodiode structure, the embedded analog
memories, and the arithmetic unit are successively described.
In Section 5, we describe the test hardware platform and
the chip characterization results, including an analysis of
the fixed pattern noise. Finally, some experimental results of
high-speed image acquisition with pixel-level processing are
provided in Section 6 of this paper.

2. HIGH SPEED FOCAL PLANE
IMAGE-PROCESSING CAPABILITIES

In an increasingly digital world, the most part of imaging
systems has become almost entirely digital, using only
an analog-to-digital (ADC) between the sensor and the
processing operators. However, low-level image processing
usually involves basic operations using local masks. These
local operations are spatially dependent on other pixels
around the processed pixel, since the same type of operations
is applied to a very large dataset, these low-level tasks are
computationally intensive and require a high bandwidth
between the image memory and the digital processor. In
this case, an analog or a mixed-approach can offer superior
performance leading to a smaller, faster, and lower power
solution than a digital processor [21]. Low-level image

processing tasks are inherently pixel-parallel in nature.
Integrating a processing element within each pixel based on
a single instruction multiple data (SIMD) architecture is a
natural candidate to cope with the processing constraints
[18]. This approach is quite interesting for several aspects.
First, SIMD image-processing capabilities at focal plane have
not been fully exploited because the silicon area available
for the processing elements is very limited. Nevertheless,
this enables massively parallel computations allowing high
framerates up to thousands of images per second. The par-
allel evaluation of the pixels by the SIMD operators leads to
processing times, independent of the resolution of the sensor.
In a classical system, in which low-level image processing is
externally implemented after digitization, processing times
are proportional to the resolution leading to lower framerates
as resolution increases. Several papers have demonstrated
the potentially outstanding performance of CMOS image
sensors [22–24]. Krymski et al. [22] describe a high speed
(500 frames/s) large format 1024 × 1024 active pixel sensor
(APS) with 1024 ADCs. Stevanovic et al. [23] describe a
256 × 256 APS which achieves more than 1000 frames/s with
variable integration times. Kleinfelder et al. [24] describe a
352× 288 digital pixel sensor (DPS) with per pixel bit parallel
ADC achieving 10 000 frames/s or 1 Giga-pixels/s.

Secondly, the high speed imaging capability of CMOS
image sensors can benefit the implementation of new
complex applications at standard rates and improve the
performance of existing video applications such as motion
vector estimation [25–27], multiple capture with dynamic
range [28–30], motion capture [31], and pattern recognition
[32]. Indeed, standard digital systems are unable to operate
at high framerates, because of the high output data rate
requirements for the sensor, the memory, and the processing
elements. Integrating the memory and processing with the
sensor on the same chip removes the classical input output
bottleneck between the sensor and the external processors in
charge of processing the pixel values. Indeed, the bandwidth
of the communication between the sensor and the external
processors is known as a crucial aspect, especially with high
resolution sensors. In such cases, the sensor output data flow
can be very high, and needs a lot of hardware resources
to convert, process and transmit a lot of information. So,
integrating image processing at the sensor level can alleviate
the high data rate problem because the pixel values are pre-
processed on-chip by the SIMD operators before sending
them to the external world via the communication channel.
This will result in data reduction, which allows sending
the data at lower data-rates, and reduces the effect of the
computational-load bottleneck.

Thirdly, one of the main drawbacks to design specific
circuits integrating sensing and processing on the same
chip is that these vision chips are often built as special-
purpose devices, performing specific and dedicated tasks,
and not reusable in another context [33]. So, it can be widely
beneficial to integrate a versatile device, whose functionality
can be easily modified. Moreover, except the basic operations
such as convolutions with small masks, the majority of
computer vision algorithms require the sequential execution
of different successive low-level image processing on the
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Figure 1: Overview of the image sensor with a processor-per-pixel array.

same data. So, each processing element must be built
around a programmable execution unit, communication
channels, and local memories dedicated to intermediate
results. Because of the very limited silicon area, the pro-
cessing units are necessarily very simple, providing the
best compromise between various factors such as versatility,
complexity, parallelism, processing speeds and resolution.

To sum up, the flexibility to integrate processing down
to the pixel level allows us to rearchitect the entire imaging
system to achieve much higher performances [34]. The key
idea is (1) to capture images at a very high framerate, (2) to
process the data on each pixel with an SIMD programmable
architecture exploiting the high on-chip bandwidth between
the sensor, the memory and the elementary processors, and
(3) to provide results at the best framerate depending on the
complexity of the image processing. In this paper, we present
our approach to the design of a massively parallel, SIMD
vision chip based implementing low level image processing
based on local masks. Our analog processing operators are
fully programmable devices by dynamic reconfiguration,
and can be viewed as a software-programmable image
processor dedicated to low-level image processing. The main
objectives of our design are (1) to evaluate the potential
for high-speed snapshot imaging and, in particular, to reach
a 10 000 frames/s rate, (2) to demonstrate a versatile and
reconfigurable processing unit at pixel level, and (3) to
provide an original platform for experimenting with low-
level image processing algorithms that exploit high-speed
imaging.

3. DESCRIPTION OF THE ARCHITECTURE

The proof-of-concept chip presented in this paper is depicted
in Figure 1. The core includes a two-dimensional array
of 64 × 64 identical processing element (PE). It follows

the single instruction multiple data (SIMD) computing
paradigm. Each of the PE is able to convolve the pixel
value issued from the photodiode by applying a set of mask
coefficients to the image pixel values located in a small
neighborhood. The key idea is that a global control unit can
dynamically reconfigure the convolution kernel masks and
then implements the most part of low-level image processing
algorithms. This confers the functionality of programmable
processing devices to the PEs embedded in the circuit. Each
individual PE includes the following elements.

(i) A photodiode dedicated to the optical acquisition
of the visual information and the light-to-voltage
transduction.

(ii) Two analog memory, amplifier and multiplexer struc-
tures called [AM]2, which serve as intelligent pixel
memories and are able to dissociate the acquisition
of the current frame in the first memory and the
processing of the previous frames in the second
memory.

(iii) An analog arithmetic unit named A2U based on
four analog multipliers, which performs the linear
combination of the four adjacent pixels using a 2 × 2
convolution kernel.

In brief, each PE includes 38 transistors integrating
all the analog circuitry dedicated to the image processing
algorithms. The global size of the PE is 35 μm × 35 μm
(1225 μm2). The active area of the photodiode is 300 μm2,
giving a fill-factor of 25%. The chip has been realized in
a standard 0.35 μm double-poly quadruple-metal CMOS
technology and contains about 160 000 transistors on a
3.67 mm × 3.77 mm die (13.83 mm2). The chip also contains
test structures on the bottom left of the chip. These structures
are used for detailed characterization of the photodiodes and
processing units.
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4. CIRCUIT DESIGN

4.1. Pixel structure

Each pixel in the CMOS image sensor array consists of a
photodiode and a processing unit dedicated to low-level
image processing based on neighborhoods. In our chip, the
type of photodiodes is one of the simplest photo element
in CMOS image sensor technology. It consists of N-type
photodiodes based on an n+-type diffusion in a p-type
silicon substrate. The depletion region is formed in the
neighborhood of the photodiode cathode. Optically gener-
ated photocarriers diffuse to neighboring junctions [35]. In
order to achieve good performances, the photodiodes should
be designed and optimized carefully, in order to minimize
critical parameters such as the dark current and the spectral
response [36]. The shape of photodiode layout, the structure
of the photodiode, and the layout have significant influences
on the performance of the whole imager [37, 38]. The
active area of the photodiode absorbs the illumination energy
and turns that energy into charge carriers. This active area
must be large as possible in order to absorb a maximum of
photons. In the mean time, the control circuitry required
for the readout of the collected charges and the interelement
isolation area must be as small as possible in order to obtain
the best fill factor. We have theoretically analyzed, designed
and benchmarked different photodiodes shapes [39], and
finally, an octagonal shape based on 45◦ structures was
chosen (see Figure 1). More details about the photodiodes
design can be found in the aforementioned paper. Here, only
the basic concept behind the photodiodes design has been
briefly overviewed.

The second part of the pixel is the analog processing unit.
Existing works on analog pixel-level image processing can be
classified into two main categories. The first one is intrapixel,
in which processing is performed on the individual pixels in
order to improve image quality, such as the classical active
pixel sensor or APS [9, 40]. The second category is interpixel,
where the processing is dedicated to groups of pixels in order
to perform some early vision processing and not merely
to capture images. Our work clearly takes place in this
category because our main objective is the implementation of
various in situ image processing using local neighborhoods.

Based on this design concept, this forces a rethinking of
the spatial distribution of the processing resources, so that
each computational unit can easily use a programmable
neighborhood of pixels. For this purpose, the pixels are
mirrored about the horizontal and the vertical axes in order
to share the different analog arithmetic units (A2Us). As
example, a block of 2 × 2 pixels is depicted in Figure 1. The
main feature of its innovative distribution is to optimize the
compactness of the metal interconnections with pixels, to
contribute to a better fill factor, and to provide generality of
high-speed processing based on neighborhood of pixels.

4.2. Analog memory, amplifier and multiplexer: [AM]2

In order to increase the algorithmic possibilities of the
architecture, the key point is the separation of the acquisition
of the light inside the photodiode and the readout of the
stored value at pixel-level [41]. Thus, the storage element
should keep the output voltage of the previous frames
whereas the sensor integrates photocurrent for a new frame.
So, we have designed and implemented dedicated pixels
including a light sensitive structure and two specific circuits
called analog memory, amplifier, and multiplexer ([AM]2), as
shown in Figure 2.

The system has five successive operation modes: reset,
integration, storage, amplification, and readout. All these
phases are externally controlled by global signals common
to the full array of pixels. They all occur in parallel over
the sensor (snapshot mode) in order to avoid any distortion
due to a row-by-row reset. In each pixel, the photosensor is
an N-type photodiode associated with a PMOS transistor
reset. This switch resets the integrating node to the fixed
voltage Vdd. The pixel array is held in the reset mode until
the init signal raises, turning the PMOS transistor off. Then,
the photodiode discharges for a fixed period, according to
the incidental luminous flow. The first NMOS transistor acts
as a transconductance, producing the voltage Vph, directly
proportional to the incident light intensity. The integrated
voltage is polarized around Vdd/2 by the second NMOS
transistor. The calibration of the structure is ensured by the
positive reference bias voltage (Vbias = 1.35 V).

Following the acquisition stage, two identical subcircuits
[AM]2

i (with i = 1, 2) take place to realize the storage
phase of Vph. Each [AM]2 includes three pairs of NMOS and
PMOS transistors and a capacitor which acts as an analog
memory. The subcircuit [AM]2

i is selected when the sti signal
is turned on. Then, the associated analog switch is open
allowing the integration of the photogenerated current in the
corresponding Ci capacitor. Consequently, the capacitors are
able to store the pixel value during the frame capture from
one of the two switches. The capacitors are implemented
with double-polysilicium. The size of the capacitors is as
large as possible in order to respect the fill-factor and the
pixel-size requirements. The capacitors values are about
40 fF. They are able to store the pixel value for 20 milliseconds
with an error lower than 4%. Behind the storage subcircuit,
a basic CMOS inverter is integrated. This inverter serves as
a linear high-gain amplifier since the pixel signal is polarized
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aroundVdd/2. Finally, the last phase consists in the readout of
the stored values in the capacitors Ci. The integrated voltage
across the capacitor Ci can be readout on the output outi
through one of the two switches, controlled by the ri signals.

Figure 3 describes the experimental results of successive
acquisitions in an individual pixel. The acquisitions occur
when one of the two signals st1 or st2 goes high. The two
combinations of acquisitions are presented in this example.
After the first reset, st2 is followed by st1 whereas the inverted
sequence of acquisitions is realized after the second reset. The
signal Vph gives the voltage corresponding to the incidental
illumination on the pixel and the the two outputs (out1 and
out2 give the voltage stored in each of the capacitors when
the associated readout signal raises.

One of the main advantages of the two [AM]2 structures
is that the capture sequence can be made in the first memory
in parallel with a readout sequence and/or processing
sequence of the previous image stored in the second memory,
as shown in Figure 4.

Such a strategy has several advantages.

(1) The framerate can be increased (up to 2×) without
reducing the exposure time.

(2) The image acquisition is time-decorrelated from
image processing, implying that the architecture
performance is always the highest, and the processing
framerate is maximum.

(3) A new image is always available without spending any
integration time.

4.3. Analog arithmetic unit: A2U

When designing a pixel-level processing unit, you should
consider adopting efficient strategies to minimize the silicon
area occupied by the processor. To that end, we designed
an analog arithmetic unit (A2U) which is able to perform
convolution of the pixels with a 2 × 2 dynamic kernel. This
unit is based on four-quadrant analog multipliers [42, 43]
named M1, M2, M3, and M4, as illustrated in Figure 5.
Each multiplier requires 5 transistors. So, the transistor count
of the complete unit is only 22 transistors. The last two
transistors not depicted on the Figure 5 serve as an output
switch, driven by the column signal. It features relative
small area, simplicity, and high speed. These characteristics
make it an interesting choice in low-level image processing
embedded at focal plane. Each multiplier Mi (with i =
1, . . . , 4) takes two analog signals Vi1 and Vi2 and produces an
output ViS which is their product. The outputs of multipliers
are all interconnected with a diode-connected transistor
employed as load. Consequently, the global operation result
at the VS point is a linear combination of the four products
ViS. Image processing operations such as spatial convolution
can be easily performed by connecting the inputs Vi1 to the
kernel coefficients and the inputs Vi2 to the corresponding
pixel values.

In order to keep the analysis simple, it is assumed in
this section that the contribution of parasitic capacitances
is negligible. Considering the MOS transistors operating in
subthreshold region, the output node ViS of a multiplier can
be expressed as a function of the two inputs Vi1 and Vi2 as
follows:

kr
(
VThN −Vi1

)(
Vi1 −Vi2 −VThN

)

= (Vi1 −ViS −VThN
)(
Vi2 −ViS −VThN −VThP

) (1)

with kr represents the transconductance factor, VThN and
VThP are the threshold voltages for the NMOS and PMOS
transistors. Around the operating point (Vdd/2), the vari-
ations of the output node mainly depend on the product
Vi1Vi2. So, the equation 1 can be simplified and finally, the
output node ViS can be expressed as a simple first-order of
the two input voltages Vi1 and Vi2.

ViS =MVi1Vi2 with M = kr − 1
2VThN + VThP

≈ 8.07/V.

(2)

The important value of the coefficient M gives to the struc-
ture a good robustness by limiting the impact of the second-
order intermodulation products. The first consequence is
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a better linearity of our multiplier design integrating only 5
transistors.

The theoretical analysis has been validated by an exper-
imental study realized on the test structures embedded on
the chip. Figure 6 shows the experimental measures obtained
with two cosine signals as inputs of the multiplier structure.

Vi1 = A cos
(
2π f1

)
with f1 = 2.5 kHz,

Vi2 = B cos
(
2π f2

)
with f2 = 20 kHz.

(3)

In an ideal case, the voltage VS at the output of the
multiplier can be expressed as

VS = AB

2

[
cos
(
2π
(
f2 − f1

))
+ cos

(
2π
(
f2 + f1

))]
. (4)

The frequency spectrum, represented in Figure 6(b)
contains two main frequencies (17.5 kHz and 22.5 kHz)
around the carrier frequency. The residues which appear
in the spectrum are known as intermodulation products.
Intermodulation is caused by nonlinear behavior of the
structure (around 10 kHz and 30 kHz) and the insulation
defects of input pads (at 40 kHz). Nevertheless, the ampli-
tude of these intermodulation products is significantly lower
than the two main frequencies. Indeed, at 40 kHz, the level
of intermodulation is 9 dB under the level of the main fre-
quencies. Therefore, the contribution of the insulation defect
is eight times smaller than the main signals. Furthermore,
the experimental measures highlighted that the linearity of
the multiplier is maximum for input signals with amplitude
range between 0.6 V and 2.6 V. This corresponds to the
typical range of values coming from the pixel since the [AM]2

structures provide values around Vdd/2 = 1.65 V.

5. CHIP CHARACTERIZATION

An experimental 64 × 64 pixel image sensor has been
developed in a 0.35 μm, 3.3 V, standard CMOS process

with poly-poly capacitors. Its functional testing and its
characterization were performed using a specific hardware
platform. The hardware part of the imaging system contains
a one million Gates Spartan-3 FPGA board with 32MB
SDRAM embedded. This FPGA board is the XSA-3S1000
from XESS Corporation. An interface acquisition circuit
includes three ADCs from analog device (AD9048), high-
speed LM6171 amplifiers and others elements such as the
motor lens. Figure 7 shows the schematic and some pictures
of the experimental platform.

5.1. Electrical characterization

The sensor was quantitatively tested for conversion gain,
sensitivity, fixed pattern noise, thermal reset noise, output
levels disparities, voltage gain of the amplifier stage, linear
flux, and dynamic range. Table 1 summarizes the main chip
properties and the characterization results.

To determine these values, the sensor included specific
test pixels in which some internal node voltages can be
directly read. The test equipment hardware is based on a
light generator with wavelength of 400 nm to 1100 nm. The
sensor conversion gain was evaluated to 54 μV/e− RMS with
a sensitivity of 0.15 V/lux.s, thanks to the octagonal shape of
the photodiode and the fill-factor of 25%. At 10 000 frames/s,
measured nonlinearity is 0.12% over a 2 V range. These
performances are similar to the sensor described in [24].
According to the experimental results, the voltage gain of
the amplifier stage of the two [AM]2 is Av = 12 and the
disparities on the output levels are about 4.3%.

5.2. Fixed pattern noise

Image sensors always suffer from technology related nonide-
alities that can limit the performances of the vision system.
Among them, fixed pattern noise (FPN) is the variation
in output pixel values, under uniform illumination, due to
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device and interconnect mismatches across the image sensor.
Two main types of FPN occur in CMOS sensors. First, offset
FPN which takes place into the pixel is due to fluctuations
in the threshold voltage of the transistors. Second, the most
important source of FPN is introduced by the column
amplifiers used in standard APS systems. In our approach,
the layout is symmetrically built in order to reduce the offset
FPN among each block of four pixels and to ensure uniform
spatial sampling, as already depicted in the layout of a 2 × 2
pixel block in Figure 1.

Furthermore, our chip does not include any column
amplifier since the amplification of the pixel values takes
place into the pixel by means of an inverter. So, the gain
FPN is very limited and only depends on the mismatch
of the two transistors. FPN can be reduced by correlated

Table 1: Chip characteristics and measurements.

Technology 0.35 μm 2-poly 4-metal
CMOS

Array size 64 × 64

Chip area 13.8 mm2

Pixel size 35 μm × 35 μm

Number of transistors 160 000

Number of transistors/pixel 38

Sensor fill factor 25%

Dynamic power consumption 110 mW

Conversion gain 54 μV/e− RMS

Sensitivity 0.15 V/lux.s

Fixed pattern noise retina (FPN), dark 225 μV RMS

Thermal reset noise 68 μV RMS

Output levels disparities 4.3%

Voltage gain of the amplifier stage 12

Linear flux 98.5%

Dynamic range 68 dB

double sampling (CDS). To implement CDS, each pixel
output needs to be read twice, once after reset and a
second time at the end of integration. The correct pixel
signal is obtained by substracting the two values. A CDS
can be easily implemented in our chip. For this purpose,
the first analog memory stores the pixel value just after
the reset signal and the second memory stores the value
at the end of integration. Then, at the end of the image
acquisition, the two values can be transferred to the FPGA,
responsible for producing the difference. In Figure 8 the
two images show fixed pattern noise with and without
CDS using a 1 millisecond integration time. On the left
image, the FPN is mainly due to the random variations in
the offset voltages of the pixel-level analog structures. The
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(a) (b)

Figure 8: Images of fixed pattern noise (a) without CDS and (b) with CDS for an integration time of 1 millisecond.

experimental benchmarks of our chip reveal an FPN value of
225 μV RMS. The right picture shows the same image after
analog CDS, performed as described above. The final FPN
has been reduced by a factor of 34 to 6.6 μV. In the rest of
the results, CDS has not been implemented since FPN has
low values. Only, an entire dark image is substracted from
the output images on the FPGA. Focus has been made on
the development of low-level image processing using the two
analog memories and the associated processing unit.

6. HIGH-SPEED IMAGE PROCESSING APPLICATIONS

In this section, we provide experimental results of image
processing implemented on our high-speed vision chip. First,
we demonstrate the possibility of acquisition of raw images
at different framerates, up to 10 000 frames/s. Secondly, we
present an implementation of edge detection, based on the
well-known Sobel operator.

6.1. Sample images

The prototype chip was used for acquisition of raw images.
First, sample raw images of stationary scenes were captured
at different framerates, as shown in Figure 9. In the three
views, no image processing is performed on the video stream,
except for amplification of the photodiodes signal. From left
to right, we can see a human face obtained at 1 000 frames/s,
a static electric fan at 5 000 frames/s, and an electronic chip
at 10 000 frames/s.

Figure 10 represents different frames of a moving object,
namely, a milk drop splashing sequence. In order to capture
the details of such a rapidly moving scene, the sensor
operates at 2 500 frames/s. and stores a sequence of 50
images. The frames 1, 5, 10, 15, 20, 25, 30, and 40 are shown
in the figure.

6.2. Sobel operator

The characteristics of our sensor, especially the analog
processing unit, make it extremely useful for low-level image
processing based on convolution masks. In this paragraph,

we report an edge detector, the Sobel detector. The Sobel
operator estimates the gradient of a 2D image. This algo-
rithm is used for edge detection in the preprocessing stage of
computer vision systems. The classical algorithm uses a pair
of 3 × 3 convolution kernels (5), one to detect changes along
the vertical axis (h1) and another one to detect horizontal
contrast (h2). For this purpose, the algorithm performs a
convolution between the image and the sliding convolution
mask over the image. It manipulates 9 pixels for each value to
produce. The value corresponds to an approximation of the
gradient centered on the processed image area:

h1 =
⎛

⎜
⎝
−1 0 1
−2 0 2
−1 0 1

⎞

⎟
⎠ , h2 =

⎛

⎜
⎝
−1 −2 −1
0 0 0
1 2 1

⎞

⎟
⎠ . (5)

The structure of our architecture is well adapted to the
evaluation of the Sobel algorithm. It leads to the result
directly centered on the photosensor and directed along
the natural axes of the image. The gradient is computed
in each pixel of the image by performing successive linear
combinations of the 4 adjacent pixels. For this purpose, each
3 × 3 kernel mask is decomposed into two 2 × 2 masks that
successively operate on the whole image. For the kernel h1,
the corresponding 2 × 2 masks are:

m1 =
(
−1 0
−1 0

)

, m2 =
(

0 1
0 1

)

. (6)

Figure 11 represents the 3 × 3 mask centered on the
pixel ph5. Each octagonal photodiode phi (i = 1, . . . , 9) is
associated with a processing element PEi, represented with a
circle on the figure. Each PEi is positioned on the bottom
right of its photodiode, as in the real layout of the circuit
(see Figure 1). The first mask m1 contributes to evaluate the
following series of operations for the four PEis:

V11 = −
(
Vph1 + Vph4

)
,

V12 = −
(
Vph2 + Vph5

)
,

V14 = −
(
Vph4 + Vph7

)
,

V15 = −
(
Vph5 + Vph8

)
,

(7)
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(a) (b) (c)

Figure 9: Various raw images acquisition at 1 000, 5 000 and 10 000 frames/s.

Experimental  system Frame 1 Frame 5

Frame 10 Frame 15 Frame 20

Frame 25 Frame 30 Frame 40

Figure 10: A 2 500 frames/s video sequence of a milk drop splashing.
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ph1 ph2 ph3

ph4 ph5 ph6

ph7 ph8 ph9

(PE1) (PE2)

(PE4) (PE5)

h =

ph1 ph2 ph3

ph4 ph5 ph6

ph7 ph8 ph9

(PE1) (PE2)

(PE4) (PE5)

Figure 11: 3 × 3 kernel used by the 4 processing elements.

and the second mask m2 computes:

V21 = +
(
Vph2 + Vph5

)
,

V22 = +
(
Vph3 + Vph6

)
,

V24 = +
(
Vph5 + Vph8

)
,

V25 = +
(
Vph6 + Vph9

)

(8)

with Vij corresponding to the result provided by the
processing element PEj ( j = 1, 2, . . . , 9) with the mask mi

(i = 1, 2), and Vphk (k = 1, 2, . . . , 9), the voltages representing
the incidental illumination on each photodiode phk. Then,
the evaluation of the gradient at the center of the mask
can be computed by summing the different values on the
external FPGA. Note that V12 = −V21 and V15 = −V24.
So, the final sum can be simplified and written as Vh1 =
V11 + V22 + V25 + V14. If we define a retina cycle as the time
spent for the configuration of the coefficients kernel and the
preprocessing of the image, the evaluation of the gradient on
the vertical direction only spends a frame acquisition and
two retina cycles. By generalization, the estimation of the
complete gradient along the two axes spend 4 cycles because
it involves 4 dynamic configurations.

In short, the dynamic assignment of coefficient values
from the external processor gives the system some interesting
dynamic properties. The system can be easily reconfigured
by changing the internal coefficients for the masks between
two successive computations. First, this allows the possibility
to dynamically change the image processing algorithms
embedded in the sensor. Secondly, this enables the evaluation
of some complex pixel-level algorithms, implying different
successive convolutions. The images can be captured at
higher framerates than the standard framerate, processed
by exploiting the the analog memories and the reconfig-
urable processing elements and output at a lower framerate
depending of the number of the dynamic reconfigurations.
Moreover, the analog arithmetic units implementing these
pixel-level convolutions drastically decrease the number of
single operations such as additions and multiplications
executed by an external processor (an FPGA in our case) as
shown in Figure 7. Indeed, in the case of our experimental
64 × 64 pixel sensor, the peak performance is equivalent to
4 parallel signed multiplications by pixel at 10 000 frames/s,
that is, more than 160 million multiplications per second.

Figure 12: Sequence of 16 images with Sobel operator.

With a VGA resolution (640 × 480), the performance level
would increase to a factor of 75, leading to about 12 billion
multiplications per second. Processing this data flow by
external processors will imply important hardware resources
in order to cope with the temporal constraints.

As an illustration of the Sobel algorithm, Figure 12 is an
example sequence of 16 images of a moving object, namely,
an electric fan. Two white specific markers are placed on
the fan, that is a small circle near the rotor and a painted
blade. The speed rotation of the fan is 3750 rpm. In order
to capture such a rapidly moving object, a short integration
time (100 microseconds) was used for the frames acquisition.
The Sobel algorithm allows to distinguish clearly the two
white markers even with a high framerate.

6.3. Strategies used for general spatial filter

In the preceding sections, we focused on 2 × 2 and 3 × 3
convolution masks. In the case of a 2 × 2 mask, the coeffi-
cients are fixed once before the beginning of the acquisition
frame. In the case of a 3 × 3 mask, two possibilities can
occur. First, the 3 × 3 mask presents some symmetrical
properties (such as the Sobel kernel) and then the coefficients
values can be fixed as in a 2 × 2 mask. Second, if the mask is
not symmetric, it is necessary to dynamically reconfigure the
coefficients during the acquisition frame. For masks which
size is greater than 3 × 3 and more generally in the case of
an N × N mask, a dynamic reconfiguration of coefficients is
necessary during the acquisition frame in order to evaluate
the successive values of the linear combinations of pixels.

7. COMPARISON WITH OTHER SIMD VISION CHIPS

Table 2 shows an overview of some representative SIMD
vision chips based on different alternatives for implementing
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Table 2: Comparison with other SIMD sensors.

Chip This work SCAMP-3 [44, 45] MIMD IP chip [46] ACE16k [18, 47] VCS-IV [48, 49] PVLSAR2.2 [50]

Technology 0.35 μm 0.35 μm 1.2 μm 0.35 μm 0.35 μm 0.8 μm

Resolution 6 × 64 128 × 128 80 × 78 128 × 128 64 × 64 128 × 128

Pixel pitch 35 μm × 35 μm 49.35 μm × 49.35 μm 45.6 μm × 45 μm 75.5 μm × 75.3 μm 67.4 μm × 67.4 μm 60 μm × 60 μm

Fill factor 25% 5.6% 33% ? 10% 30%

Transistors/PE 38 tr. 128 tr. 9 tr. 198 tr. 84 tr. 50 tr.

PE type Analog Analog Analog Analog Digital Digital

Framerate 10 000 fps 1000 fps 9 600 fps 1000 fps 1000 fps 1000 fps

Image Mask-based Low-level Spatial Spatial Low-level Low to mid-level

processing image processing image processing convolutions convolutions image processing image processing

vision processing at focal plane. The first column corre-
sponds to the chip described in this paper. On the second
column, we can find the main characteristics of SCAMP-3,
a general purpose processor array implementing a variety
of low-level image processing tasks at a high framerate. The
third column describes a multiple instruction multiple data
image processing chip (MIMD IP Chip) performing spatial
convolutions using kernels from 3 × 3 to 11 × 11. The
fourth column presents a vision chip integrating an imager
and an array of mixed-signal SIMD processing elements that
can process gray scale images with cellular neural network
universal machines (CNN-UMs) mode of operation. The
fifth vision chip in the table is a programmable SIMD
vision chip that can perform various early visual processing
such as edge detection, smoothing or filtering by chain-
ing processing elements and reconfiguring the hardware
dynamically. Finally, the last one is a programmable artificial
retina in which each pixel contains a tiny digital processing
element capable of gray-level image processing from low-
to mid-level vision (motion detection, segmentation, pattern
recognition).

Compared to this state-of-the-art of high-speed CMOS
image sensors, one easily sees that the chip reported in
this paper leads to some major improvements. With a pixel
size of 35 μm by 35 μm, the pixel pitch is almost 1.5 more
compact than the smallest pixel described in [44, 45]. This
contributes either to a better resolution of the sensor for
a given chip area or a lower cost for a given resolution.
At the same time, as compared with the other processing
elements, our solution relies on a compact analog arithmetic
unit based on a four-quadrant multiplier architecture using
only 38 minimal size transistors. This leads to a fill factor of
about 25%. Consequently, the active area of our photodiode
is bigger compared to the major part of the other chips,
providing a best sensibility to the sensor at high framerates
of thousands of images per second.

From the performance point of view, all the chips on the
table implement low-level image processing by programming
or dynamically configuring the processing elements. Our
solution is able to capture image, run user-defined 3 × 3
convolution masks, and provide the results on the sensor
output bus in less than 200 microseconds, giving a framerate
of 5000 images per second. These temporal performances are
compatible and even slightly higher than the other sensors

since each of them is only able to provide low-level image
processing results at 1000 frames per second, except the
MIMD IP Chip.

From the programability point of view, our chip can
suffer from less versatility compared to other programmable
sensors. Indeed, the implementation of complex low-level
image processing requires successive reconfigurations of the
internal masks coefficients of the processing elements. This
task may be more difficult in comparison with algorithms
easily written in a machine-level language for the pro-
grammable sensors, such as the SCAMP-3 sensor.

8. CONCLUSION AND PERSPECTIVES

An experimental pixel sensor implemented in a standard
digital CMOS 0.35 μm process has been described in this
paper. Each 35 μm × 35 μm pixel contains 38 transistors
implementing a circuit with photocurrent integration, two
analog memory, amplifier, and multiplexer ([AM]2), and an
analog arithmetic unit (A2U).

Experimental chip results reveal that raw image acqui-
sition at 10 000 frames per second can be easily achieved
using the parallel A2U implemented at pixel-level. With basic
image processing, the maximal framerate slows down to
about 5 000 fps. The potential for dynamic reconfiguration
of the sensor was also demonstrated in the case of the Sobel
operator.

The next step in our research will be the design of a
similar circuit in a modern 130 nm CMOS technology. The
main objective will be to design a pixel of less than 10 μm ×
10 μm with a fill factor of 20%. A second possibility would
be the design of a sensor with emergent technologies using
amorphous silicon in which 3D pixels can be built. With a
photosensitive layer placed just behind the optical part, the
pixel fill-factor can reach 100% since the processing elements
can be packed in the empty space below the photodiode.

Thus, with the increasing scaling of the transistors in
such technologies, we could consider the implementation of
more sophisticated image processing operators dedicated to
face localization and recognition. Previous work of our team
[51] has demonstrated the needs of dedicated CMOS sensors
embedding low-level image processing such as features
extraction. Moreover, actual works [52] focus on a recent face
detector named convolutional face finder (CFF) [53]. CFF
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is based on a multilayer convolutional neural architecture.
The CFF consists of six successive neural layers. The first four
layers extract characteristic features, and the last two perform
the classification. Our objective would be to implement at
pixel-level the first layers based on convolutions by different
masks from 2 × 2 to 5 × 5.

In order to evaluate this future chip in some realistic
conditions, we would like to design a CIF sensor (352 × 288
pixels), which leads to a 3.2 mm × 2.4 mm in a 130 nm
technology. The exploitation of high FPS capability with this
sensor could be achieved by two complementary ways. The
first one is to integrate a dedicated input/output module,
which is able to cope with a Giga pixel per second bandwidth.
Such modules have been already designed in other high-
speed CMOS sensors. As an example, we can cite the digital
pixel sensor [24] with his 64 bit (8-pixel) wide bus operating
at 167 MHz, able to output 1.33 GB/s. The second way is to
build a large sensor by assembling 64× 64 pixel modules with
a dedicated output bus for each of them. For example, with a
384× 256 pixel sensor, this solution only requires 6 × 4 = 24
dedicated outputs. In the same time, we will focus on the
development of a fast analog to digital converter (ADC).
The integration of this ADC on future chips will allow us
to provide new and sophisticated vision systems on chip
(ViSOC) dedicated to digital embedded image processing at
thousands of frames per second.
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1. INTRODUCTION

Face detection and analysis in images defining a parallel
and video streams is an important research field and has
many applications in security access control, image indexing,
and person identification. New applications on power-
constrained devices are foreseen, like video coding in mobile
videoconference and intelligent user interfaces.

Many algorithms for face detection have been proposed
in the past twenty years [1]. The chosen face detection
method is the Convolutional Face Finder (CFF), introduced
by Garcia and Delakis in [2]. It leads to the best performance
on standard face databases. The CFF is an image-based
neural network approach that allows robust detection in
real world images of multiple semifrontal faces of variable
size and appearance, rotated up to ±20 degrees in image
plane and turned up to ±60 degrees. In [3], the authors
have shown that the CFF algorithm can be implemented
efficiently on embedded software platforms, while keeping
a good detection rate and a low false alarm rate. Many
optimisations were done, leading to significant gains in

terms of processing speed and memory requirements, thus
enabling face detection on a mobile phone with five QCIF
(176 × 144) frames per second and only 220 KBytes of
memory [3]. However, face detection is most often the first
step of a face analysis process and will require a faster system.

There have been a few attempts at hardware systems for
face detection [4, 5] but the authors report lower detection
rates and higher false alarm rates than with the CFF [2], and
frame rates up to 50 QVGA (320 × 240) frames per second.
So far, no hardware implementation of the CFF algorithm
has been reported.

We, therefore, aim to design the first fast and robust
face detection optimised hardware by defining a parallel
architecture for the CFF algorithm. In [6], we have described
an optimised algorithm architecture matching methodol-
ogy, consisting of dataflow modelling of the algorithm,
parallelism extraction, and complexity analysis. Using this
information, we have performed a coarse-grain design space
exploration, which enabled us to specify an efficient parallel
architecture, consisting of a ring of PE where each PE
processes the whole face detection algorithm on a small block
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of data and communicates a small amount of data to one of
its neighbours. In this paper, we present the implementation
of such a PE capable of handling the successive convolutions
of the CFF algorithm.

In order to ease and accelerate the implementation of
complex algorithms, new methodologies have been studied
and developed in the past twenty years. High-Level Synthesis
(HLS) methods produce designs by specifying them using a
high-level language like C. Many approaches and tools for
HLS are now available [7–11] and are starting to be mature
enough to be used for complex designs. In this paper, we
propose a guided HLS approach using the UGH tool [11].
Using this approach, we are able to explore and implement
several PE alternatives.

The remainder of the paper is organised as follows.
In Section 2, we present the CFF algorithm and previous
works which have introduced a dataflow model of the
algorithm and a theoretical architecture of PEs efficiently
implementing this algorithm. In Section 3, we present our
high-level synthesis based exploration which enables us
to evaluate several implementation alternatives. We give
processing times and synthesis results for four PE alternatives
and select one optimal PE. In Section 4, we present a parallel
architecture composed of the previous PE, which enables
us to process images of different sizes. We, finally, give the
performances of this architecture, and we compare our face
detection systems with those in the literature. We will then
conclude this paper and give our perspectives in Section 5.

2. THE CFF ALGORITHM-OVERVIEW
AND PREVIOUS WORKS

2.1. Overview of the CFF algorithm

The Convolutional Face Finder was presented in [2] and
relies on convolutional neural networks introduced by
LeCun and Bengio [12].

In this paper, we will only consider the core of the face
localization process as depicted in Figure 1. The convolu-
tional neural network used to implement the face detector
has been previously optimised in [3], and consists of a set of
two different kinds of layers.

(i) CSi layers are called convolutional layers and contain
a certain number of planes. Each element in a plane
receives input from a small neighbourhood (biologi-
cal local receptive field) in the planes of the previous
layer. Each plane can be considered as a feature map
that has a fixed feature detector, which corresponds
to a pure convolution with a mask applied over the
planes in the previous layer. A bias is added to the
results of each convolutional mask. Multiple planes
are used in each layer so that multiple features can be
detected. Once a feature has been detected, its exact
location is less important. Hence, each convolutional
CSi layer is typically done with horizontal and vertical
steps of two pixels which correspond to perform
local averaging and subsampling operations. Then,
the results are passed through a hyperbolic tangent
function, used as an activation function. As a result,

Input
32× 36

CS1 f. map
14× 16

CS2 f. map
6× 7 N1 layer

14

N2 layer
1

Convolutions
6× 6

Convolutions
4× 4

Output

Figure 1: Convolutional Face Finder pipeline.

the CSi layer also performs a reduction by two of the
dimensionality of the input.

(ii) Ni layers are called classification layers and are
applied after feature extraction and input dimension-
ality reduction of CSi layers. These layers correspond
to a multilayer perceptron.

All parameters (convolution kernels, biases, neuron weights)
have been learnt automatically using a modified version
of the backpropagation algorithm with momentum [2]. In
the remainder of this paper, we will only consider the face
localization process when training has been completed.

The detail of CFF layers is given in Figure 1.

(i) CS1 layer performs convolutions with masks of
dimension 6 × 6. It contains four feature maps and
therefore performs four convolutions on the input
image.

(ii) CS2 layer performs 4 × 4 convolutions and has
fourteen feature maps. Each of the four-subsampled
feature maps of CS1 is convolved by two different 4×4
masks, providing the first eight feature maps of CS2.
The other six feature maps of CS2 are obtained by
fusing the results of two 4 × 4 convolutions on each
possible pair of CS1 feature maps.

(iii) N1 layer contains 14 sigmoid neurons. Each neuron
is fully connected to exactly one feature map of the
CS2 layer whose size is 6× 7.

(iv) N2 layer consists of a unique neuron fully connected
to all the neurons of the N1 layer. The output of this
neuron is used to classify the input image as face
(positive answer) or non-face (negative answer).

2.2. Previous works—dataflow model description

In [6], we have established a design space exploration
methodology based on dataflow modelling and parallelism
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Figure 2: Dataflow model for one PE of the CFF algorithm for
producing two data of N1 layer.

extraction of the CFF algorithm. This exploration has shown
that the maximum parallelisation efficiency is obtained by
massive data parallelism exploitation with a ring of PE.

In Figure 2, we detail the corresponding dataflow model
for a given path in the CFF algorithm, which involves four
successive PEs (N , N − 1, N − 2, and N − 3) and seven
successive temporal iterations for the calculation of two N1
layer output data.

Each PE processes the whole algorithm on a block of
8 lines of 12 pixels and transfers a small amount of data
(overlapping parts) to one of its neighbours. The several
slashed parts in Figure 2 represent the data to be transferred
between successive PEs.

To start with, CS1 6 × 6 convolutions are applied on a
12× 8 block of data with horizontal and vertical steps of two
pixels, thus producing 2 × 4 output data. Then, PE N has to
send a 2 × 2 output data to PE N + 1 and receives a 2 × 2
block from PE N − 1. Using data from previous iteration,
CS2 is applied on a 4×6 data block which produces two data
to be used as input of the N1 layer. These data are sent to the
nearest neighbour and each PE gathers five data from three
other PEs. With the six previous iterations, two N1 output
data and two face detections can be computed.

3. IMPLEMENTATION OF A PROCESSING ELEMENT

In this section, we detail a complete implementation of a PE
able to process the whole CFF algorithm. The design of this
PE is guided by the results of the DSE/AAA methodology
presented in [6]. The coarse-grain PE model previously
used in this exploration does not detail neither the internal
dataflow needed to process the convolutions nor the way the
coefficients for the convolutions are handled.

In this paragraph, we will describe the local dataflow
necessary to implement each CFF layer on the same PE. We
will see that the requirements of the CFF algorithm in terms
of dataflow management make it difficult to do an optimised
design in manual VHDL coding.

We will then present a high-level synthesis based imple-
mentation which enables us to quickly evaluate several
implementations of this complex dataflow. We then give
simulation and synthesis results of this implementation.

8

12

6

6

C1S1 2

4

Figure 3: Local dataflow of CS1 and kernel coefficient reusing.

3.1. Convolutions and local dataflow

In the design of a PE, we need to consider the local dataflow
of the computation in terms of input data and also in terms
of convolution kernel coefficients. Each PE processes CS1,
CS2, N1, and N2 layers on an input block of 12 × 8 pixels,
as described in Figure 2. To illustrate the complexity of the
local dataflow, we will focus on the CS1 layer whose details
are given in Figure 3.

The slashed part on the left side (resp., on the right side)
represents the first 6 × 6 input window (resp., the result of
CS1 on this input window). Dotted borders represent the
next horizontal and vertical input windows (resp., the next
results) considering horizontal and vertical steps of two
input pixels. There are eight input windows to compute,
depicted in Figure 3 by crosses on their top-left corner. These
windows comprise many overlapping data: 17% of the input
image block is involved in the computation of six different
windows.

Thus, the first coefficient of each kernel is applied to these
data, and each coefficient is used eight times. In addition,
each window is processed with four different CS1 kernels.
This complex local dataflow can also be represented sequen-
tially as a 5-deep “for” loop nest written in C language, as
depicted in Figure 4. The inner operation in the loop nest
is a Multiplication-Accumulation (MAC) between a kernel
coefficient, an input data, and a previous accumulation.
Furthermore, as presented in Section 2.1, the CS2 and N1
layers also have very complex local dataflow.

Our main goal is to design a PE which processes the
whole algorithm on a window of size 12 × 8 and com-
municates with its neighbours as described in the dataflow
definition in the Section 2.1. Concerning the local dataflow
of the algorithm, there are three main issues to cope with.

(1) PE memory organisation and bandwidth: each fea-
ture map has to be stored and read back in a parallel
way to enable local task parallelism (e.g., two CS2
feature maps computed in parallel).

(2) Fine scheduling and address generation: a choice
of scheduling has to be made to efficiently exploit
data locality and convolution regularity, and address
sequences have to be computed for each memory.

(3) Inter-PE communication and temporal iterations:
overlapping parts between PEs have to be transferred
and data between successive iterations have to be
stored and read back.



4 EURASIP Journal on Embedded Systems

Each issue can be addressed with several implementation
solutions. For example, issues one and three involve a
choice of the type of memory (FIFO or shared RAM, dual
port RAM, register banks, etc.) and its size, as well as
the definition of the links between PEs. In addition, there
are many fine scheduling choices to exploit different kinds
of parallelism, and for each scheduling, complex address
generation has to be computed for each memory.

The complexity and interdependency of these issues
make it hard to do a manual RTL description for each possi-
ble implementation solution. Even if theoretical study using
polyhedral models and loop transformation techniques [13]
could be done in order to define an optimised fine scheduling
of one loop nest, such a study on the whole algorithm is
beyond the scope of this paper.

In the next paragraph, we present a High-Level Syn-
thesis (HLS) flow which enables us to explore several
fine schedulings, memory organisations and bandwidths,
and inter-PE communications, in high-level C language,
and to automatically generate a synthesizable PE including
datapath, control and address generation. Our objective is
to quickly obtain an efficient and functional PE prototype
which will be used to implement the parallel dataflow
described in Section 2.2.

3.2. PE design using a high-level synthesis tool

(1) High-level synthesis

We have chosen to use an HLS approach in order to
accelerate exploration, implementation, and validation of the
PE. Many approaches for HLS have been proposed. There are
commercial tools [7–9] which provide complete frameworks
for hardware synthesis. Such tools are designed to accelerate
and ease the development in a hardware project. The
formalisms, formats, or platforms used are thus proprietary
and often very specific and locked. Therefore, these tools may
not be well suited for research purposes. On the contrary,
some academic tools are open-source [10, 11], and provide
the user with more flexibility and visibility on the tool
behaviour. In Section 3.3, we present our implementation
using UGH (User-Guided HLS) tool, an open-source HLS
tool integrated in a larger framework for SoC design called
dysident, and was developed by LIP6 laboratory. This tool is
adapted to our study for two main reasons. First, it allows
an architecture to be targeted by specifying the available
resources before synthesis. This allows us to rely on the
previous results of our manual PE implementation [6].
Second, UGH allows us to describe directly in C language all
data input/output transfers, address calculation and dataflow
management (e.g., ping pong strategies, modulo addressing,
multiple data sources, etc.), which are required for our
application [11].

(2) UGH design flow

A complete description of the UGH design flow can be found
in [11]. In this paper, we will focus on the first part of
UGH design flow (Figure 5) which performs a Coarse-Grain

{result[i1][i4][i0]+ = data[2× i0 + i2][2× i1 + i3]× coeff[i4][i2][i3] ;}

//filter number
// output window row number
// output window column number
// coefficient row number
// coefficient column number

for (i4 = 0; i4<4; i4 ++)
for (i0 = 0; i0<2; i0 ++)

for (i1 = 0; i1<4; i1 ++)
for (i2 = 0; i2<6; i2 ++)

for (i3 = 0; i3<6; i3 ++)

Figure 4: Sequential description of CS1: Loop nest.

UGH-CGS

DDP
Behavioral
C subset

VHDL
data path

VHDL
FSM/C

Figure 5: UGH coarse-grain scheduling design flow.

Scheduling (CGS) with a behavioural C description of the
algorithm and a Draft Data Path (DDP). The C description
uses a subset of the C language whose main limitation is the
forbidden use of pointers. Special data types are introduced
to handle variable bit sizes (e.g., unsigned integer coded on
4 bits). The DDP describes the available resources for the
target design (e.g., ALUs, RAMs, multipliers, bitwise logic,
etc.) and UGH-CGS binds and schedules the algorithm on
the available resources, and generates a VHDL Finite State
Machine (FSM) and a VHDL structural datapath which are
both synthesisable.

Two particular features of UGH have been much used in
our design.

(i) Automatic parallelisation, datapath, and address gen-
eration: UGH-CGS is able to detect parallelism at
the instruction level and schedules it on the available
resources which are specified in the DDP file. UGH-
CGS is then able to automatically generate the cor-
responding datapaths and all necessary links (multi-
plexers and corresponding connections) between the
resources, and also all control signals such as memory
addresses

(ii) Flexible communication model: inputs and outputs
can be specified in a direct and flexible way, by
simply writing specific “ugh read” and “ugh write”
operations at any time of the source C code, and by
defining the corresponding input or output port in
the DDP.

Given that the C description exhibits some parallelism at
the instruction level, the first feature makes it possible to
quickly test and compare several implementation alternatives
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{result[i1][i4][i0]+= data[2× i0 + i2][2× i1 + i3]× coeff[i4][i2][i3] ;}

// output window row number

// output window column number

// coefficient row number
// coefficient column number
// filter number

for (i0 = 0; i0<2; i0 ++)
for (i1 = 0; i1<4; i1 ++)

for (i2 = 0; i2<6; i2 ++)
for (i3 = 0; i3<6; i3 ++)

for (i4 = 0; i4<4; i4 ++)

{result[i1][i4][i0]+= data[2× i0 + i2][2× i1 + i3]× coeff[i4][i2][i3] ;}

// output window row number

// coefficient row number
// filter number
// coefficient column number
// output window column number

for (i0 = 0; i0<2; i0 ++)
for (i2 = 0; i2<6; i2 ++)

for (i4 = 0; i4<4; i4 ++)
for (i3 = 0; i3<6; i3 ++)

for (i1 = 0; i1<4; i1 ++)

for (i0 = 0; i0<2; i0 ++)
for (i2 = 0; i2<6; i2 ++)

for (i4 = 0; i4<4; i4 ++)

// output window row number
// coefficient row number
// filter number

{result[1][i4][i0] += data[2× i0 + i2][0]× coeff[i4][i2][0];}
{result[2][i4][i0] += data[2× i0 + i2][2]× coeff[i4][i2][0];}
{result[3][i4][i0] += data[2× i0 + i2][4]× coeff[i4][i2][0];}
{result[4][i4][i0] += data[2× i0 + i2][6]× coeff[i4][i2][0];}
{result[1][i4][i0] += data[2× i0 + i2][1]× coeff[i4][i2][1];}
{result[2][i4][i0] += data[2× i0 + i2][3]× coeff[i4][i2][1];}
{result[3][i4][i0] += data[2× i0 + i2][5]× coeff[i4][i2][1];}
{result[4][i4][i0] += data[2× i0 + i2][7]× coeff[i4][i2][1];}
{result[1][i4][i0] += data[2× i0 + i2][2]× coeff[i4][i2][2];}
· · ·
· · ·
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Figure 6: Example of loop transformations done on CS1, interpretation, and an associated datapath.

(e.g., degree of parallelism). The second feature enables us to
describe our PE with the same dataflow as in our previous
dataflow modelling, by specifying the data acquisition and
the successive transfer between PEs as described earlier.

(3) Data paths and low level parallelisation

As explained in the previous paragraph, in order to
enable UGH-CGS to parallelise computation on the avail-
able resources (DDP), a manual loop transformation and
unrolling has to be done. For instance, in Figure 6 we present
a loop nest permutation and unrolling that enables the
exhibition of an inner loop with four independent MACs
using the same kernel coefficient. Then, specifying in the
DDP file that four multipliers and four adders are available,
UGH-CGS is able to automatically generate four appropriate
datapaths and all necessary control signals. An example of
such a datapath is shown at the bottom-left of Figure 6.

Such transformations have been done for each CFF layer.
Table 1 details for each CFF layer an example of loop nest
permutation enabling UGH to parallelise the algorithm on
four or eight datapaths.

(4) Memory issues

UGH memory models are only single or dual port memory.
In order to be able to parallelise the computation on several
datapaths, multiple memory banks have to be introduced,
thus increasing the memory bandwidth (e.g., to read four
distinct columns of input data for CS1, we use four

memories). This can be easily managed with UGH by
dispatching data on different C arrays. UGH generates one
memory bank per C array and handles address generation
for each memory. In this way, we control the memory access
parallelism, by specifying exactly the number and size of the
memory needed for our system.

Furthermore, address calculation has to be performed
carefully in order to handle seven successive iterations,
which can be simply done in C by computing the necessary
addresses using increments and modulos (e.g., in CS1, four
new lines are acquired and four previous lines are reused in
the current iteration).

3.3. PE design case study

(1) Algorithm description

Using techniques described above, we describe the full
CFF algorithm which consists of CS1, CS2, N1, and N2
layers. Each layer is described using a partially unrolled
loop nest with MAC operations. Using an appropriate DDP,
UGH successfully generates the FSM and the datapaths
implementing the entire algorithm. We also define the
appropriate I/O ports in the PE in order to handle input data
acquisition, coefficient loading, CS1 and CS2 data transfers,
and face detection results output.

(2) Design exploration and performance analysis

We use the flexibility offered by UGH to explore several
architecture alternatives for the PE. This can be done by
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Table 1: Low-level parallelisation of the CFF algorithm.

Layer Number of windows Number of filters Total complexity Parallelisation scheme
on 4 datapaths

Parallelisation scheme
on 8 datapaths(convolution size) (data parallelism) (task parallelism) (number of MAC)

CS1 (6× 6) 8 4 1152 4 windows 4 windows and 2 filters

CS2 (4× 4) 2 20 664 2 windows and 2 filters 2 windows and 4 filters

N1 (6× 7) 2 14 1176 2 windows and 2 filters 2 windows and 4 filters

N2 (1× 1) 2 14 28 2 windows and 2 filters 2 windows and 4 filters

Table 2: Cycle-time details for each PE version.

Layer PEA PEB PEC PED

Number of cycles/efficiency

CS1 1344/0.86 740/0.78 437/0.66 261/0.55

CS2 738/0.87 412/0.81 251/0.66 252/0.33

N1 + N2 1346/0.89 749/0.80 457/0.66 466/0.33

modifying the available resources given in the DDP, and
by doing some transformations in the C source code. In
order to compute the convolutions, we describe datapaths in
the DDP, with MAC blocks performing multiply accumulate
operations. Each datapath contains a MAC block and one to
four register files. Each register file is composed of four 16
bits registers. We have explored four datapath alternatives to
build the following PE versions.

(i) PEA: 1 datapath only with 1 MAC block, 4 register
files.

(ii) PEB: 2 datapaths, each with 1 MAC block, 2 register
files.

(iii) PEC : 4 datapaths, each with 1 MAC block, 1 register
file.

(iv) PED: 8 datapaths, each with 1 MAC block, 1 register
file.

Figure 7 depicts the architecture of PEC . Dotted lines and
boxes represent everything that is automatically handled by
UGH: links, FSM, addresses, and so on. The remaining grey
parts are provided in the DDP. TH blocks represent activa-
tion functions which are applied after each convolution.

We then obtain 4 PE versions containing 1, 2, 4, and
8 MAC blocks, respectively. We have validated the VHDL
codes generated by UGH using the same test sets as in the
behavioural initial C description of the PE and in a VHDL
test bench. The processing cycle times for each version are
summed up in Table 2, where each layer of the CFF algorithm
is detailed. We also point out in this table the efficiency
of parallelisation, by computing the theoretical minimum
number of cycles Tth achievable for each CFF layer (the
number of MAC operations given in Table 1 divided by
the number of MAC blocks); the efficiency is then equal
to Eff = Tth/Tpar. We can see in Table 2 that the average
efficiency of PEA is about 0.9. As PEA contains only 1
MAC, it allows no possible parallelisation. The efficiency
of PEA can be interpreted as follows. 90% of the time

is used for computing the MACs and the remaining 10%
corresponds to controlling overhead due to the handling of
loops and addresses. PEB and PEC have average efficiencies
of 0.8 and 0.7, respectively, which corresponds to average
acceleration factors of 1.6 and 2.8. This efficiency remains
high considering the complexity of the algorithm. However,
we can point out that for PED, there is a significant loss
in efficiency which can be interpreted as follows. The CS1
layer is successfully parallelised on 8 MACs but for CS2 and
N1 N2, memory bandwidth is not large enough to enable
an efficient use of 8 MACs simultaneously. For instance, an
efficient parallelisation of N1N2 on 8 MACs would require
a simultaneous access to four distinct coefficients and eight
distinct data. This could be addressed by using data and
coefficient buffer memories to provide more local parallelism
and reusing of data.

Synthesis results for each version are given in Table 3 for a
Virtex-4 SX35 FPGA. No major modification has been made
on the VHDL code generated by UGH. Implementation
memory banks are balanced between flip flops, distributed
RAM (RAM implemented in logic blocks [14]), and block
RAM (embedded static RAMs), depending on the memory
bank size and the number of ports needed. DSP48 blocks
are used to implement MAC blocks in the datapaths. The
maximum frequency of each version of the PE is 80 MHz
and is mainly due to unpipelined utilisation of DSP48
blocks and the large number of memories which imply
much multiplexing logic. From Table 3, we see that synthesis
results are close from one version to another. This is due
to the fact that the size of the PEs is mostly because of the
size of the control unit (finite state machine) and of the
multiplexers, rather than the datapaths which are only MAC
blocks and registers. Hence, we can conclude that PEC is
a good compromise as it enables a high acceleration factor
(2.7) and requires about the same resources as PEA and PEB.
Therefore, we choose PEC as the best implementation for the
PE (in the rest of the paper, we will refer to PE instead of
PEC) because it achieves a good tradeoff between size and
efficiency.
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Table 3: Synthesis results for each PE version on Virtex-4 SX35 FPGA.

PEA PEB PEC PED

Device occupancy/capacity

Number of slices 2258/15360 2259/15360 2466/15360 2866/15360

Number of flip flops 363/30720 388/30720 345/30720 457/30720

Number of block rams 15/192 19/192 19/192 19/192

Number of DSP48 5/192 6/192 8/192 12/192

Maximum frequency 80 MHz 80 MHz 80 MHz 80 MHz

Control path

ALU ALU ALU ALU
FSM Coefficient

memory
+ Registers for addresses
+ Registers for loop indexes

I/O
ports

Data
memories Muxes

Muxes

MAC R1 R2 R3 R4

MAC R1 R2 R3 R4

MAC R1 R2 R3 R4

MAC R1 R2 R3 R4

TH TH TH TH

Figure 7: Architecture of a PE with 4 datapaths (PEC).

4. MULTI-PE PARALLEL SYSTEM

In this section, we present a parallel architecture based on
the previously designed PE. In Section 4.1, we describe this
architecture and its application for processing a whole image
of any size. In Section 4.2, we give its performances, in terms
of frame processed per second, for different image sizes,
and finally, we compare these performances to other face
detection systems.

4.1. Generic parallel architecture

In previous work [6], we have shown that a good tradeoff
between efficiency and number NPE of PE is obtained when
the input image is divided into P = NPE blocks of 8 rows of
12 pixels. Each block is processed by one PE, and each PE is
connected to two other PEs, thus building a ring architecture.
Considering data overlapping, this allows the processing of
an image of width 12 + (NPE−1)∗8 and of any height greater

or equal to 36 (the minimum number of rows necessary to
compute a face detection). We rely on this result to establish
a generic architecture using a ring of PEs and a FIFO memory
(Figure 8).

We divide the input image into vertical strips of width
12 + (NPE − 1)∗8 and process each strip by dividing it into
blocks of 12 × 8 as described above. The FIFO is connected
to the first and the last PEs of the ring and is used to provide
the overlapping data from the previous strip and to write the
overlapping data for the next one (grey blocks in the top of
Figure 8). We have successfully simulated a 4 PE ring with
FIFO. Synthesis estimates show that a ring of 25 PE fits in a
Virtex-5 LX 330 device, the largest FPGA available.

4.2. Performances

In this architecture, each PE works synchronously. At each
vertical iteration, four new input lines are loaded in the PEs
and if we consider that this load is done in pipeline with the
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Table 4: Comparison of hardware face detection implementation.

Implementation Frame size Frame rate Clock freq. (MHz)

CFF embedded software [3] 176× 144 10 624

Kianzad et al. [15] 320× 240 12 125

McCready [16] 320× 240 30 12,5

Theocharides et al. [4] 320× 240 52 500

Nguyen et al. [5] 320× 240 42 12,5

Hori et al. [17] 320× 240 30 100

CFF 4 PE ring 320× 240 30 80

CFF 25 PE ring 320× 240 127 80

CFF 25 PE ring 640× 480 35 80

12 4

PE N PE N − 1 PE 2 PE 1

· · ·

· · ·

To
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FIFO

PE
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Figure 8: Generic ring and a FIFO architecture.

algorithm computation, we can give the processing time of
the algorithm on a complete image of size width L and height
M using the following formulae.

(i) TCFF: time to process the CFF algorithm on one 8×12
block.

(ii) Number of vertical iterations: Nit = (M − 4)/4.

(iii) Number of vertical strips per PE: Nstr = (L− 4)/(8×
NPE).

(iv) Processing time of a strip: Tstr = Nit∗TCFF.

(v) Total processing time: Ttot = Nstr∗Tstr.

In order to detect faces of different sizes, an image pyramid
is built to apply the CFF algorithm to each image (see [3]).
This pyramid is constituted of a set of subimages obtained
from the initial image by applying a reduction factor of 1.2
to each dimension. We can obtain an estimation of the total
processing time of the entire pyramid by adding together the
processing times of each subimage.

In Figure 9, we sum up the performances (in frames per
second) of this parallel architecture on several image sizes
and for 1 to 64 PEs (to improve image readability both
axes have logarithmic scales). We also represent the real-time
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Figure 9: Performances of PE ring architecture at 80 MHz.

threshold of 25 fps on this figure. An architecture consisting
of four PEs fits in a Virtex-4 SX35 FPGA and performs real-
time face detection at 30 QVGA images per second. When
considering a larger system with 25 PEs, we can process
127 QVGA images per second, which leaves enough time to
consider other face analysis tasks in real-time following face
detection.

Table 4 presents a comparison between the main hard-
ware implementations of face detection found in literature.
All these implementations are done on FPGA hardware and
therefore run at relatively low clock frequencies (except [4]
which is an ASIC implementation). We can see that our
system compares well with the others in terms of frame
rate, depending on the number of PEs implemented. The
main drawback of the other implementations is usually a
significant loss in overall detection rates or even a lack of
detection performance measure. most works do not give
results of detection accuracy of their hardware implemen-
tation. Contrary to this, our system has the same detection
performances as the original CFF software implementation
[3], therefore it is very robust in terms of detection accuracy
and has a very low false alarm rate [2].
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Area comparison is not straightforward since the FPGA
targets of the considered implementations are different. In
[16], the authors report an area of 89856 Logic Elements
and approximately 442 Kbits of memory on a system which
contains eighteen 10k100 Altera FPGAs. In [5], the authors
report an area of 15050 Logic Elements and 268 Kb of
memory on a Altera Stratix FPGA. Our 4-PE ring on Virtex-
4 uses approximately 8802 Xilinx Slices and about 1272 Kb
of embedded memory. We cannot make a direct comparison
between these implementations but a rough estimate can be
given by considering that one Altera Logic Element is the
equivalent of one to two Xilinx Virtex-4 Slices. Hence, our
system has a slightly higher hardware cost in terms of logic
and uses much more embedded memory. This is due to the
large number of coefficients and temporary results which
have to be stored in the FPGA. However, as said earlier, our
system is capable of a very robust face detection with complex
backgrounds.

5. CONCLUSIONS—PERSPECTIVES

We have implemented a parallel architecture for face detec-
tion composed of Processing Elements based on the CFF
algorithm. Using a high-level synthesis approach, we were
able to explore several PE architecture alternatives. We
selected a PE with four datapaths exploiting efficiently local
parallelism of the algorithm. This PE has been successfully
simulated and synthesised on a Virtex-4 SX35 FPGA, and
occupies approximately 16% of the device, and is capable
of running at a maximum frequency of 80 MHz. We have
then presented a ring of PE with a FIFO memory, which
constitutes a generic parallel and scalable architecture able
to process images of variable sizes. Such an architecture with
four PEs can process up to 30 QVGA images per second. An
architecture with 25 PE achieves real-time face detection of
VGA images.

We are currently working on optimising this PE in order
to be able to implement more PE in our targeted FPGAs,
and to increase its maximum clock frequency. In future work,
we will investigate the generalisation of such modelling and
architectures for other algorithms based on convolutional
neural networks. We will also investigate the opportunity of
using source-to-source transformations in order to enhance
the user-guided approach proposed by UGH, by providing
a semiautomated tool which transforms the C code before
inputting UGH; such techniques can be used to ease memory
partitioning and loop unrolling.
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1. INTRODUCTION

Nowadays, smart cameras are more and more applied for
their specific performances and their processing capabilities
in different application fields. We can distinguish three
typical classes of smart cameras.

(i) Artificial retinas: in which dedicated processing is
directly integrated aside the pixel. The processing
capabilities are usually fixed or limited to a few simple
and local functions [1–3].

(ii) Standard cameras directly connected to a computer via
a standard interfaces: all the processing is performed
into the computer CPU [4, 5].

(iii) Cameras including embedded processing units: the
processing is performed into the camera and only
the processing results or some image features are
transferred outside the camera [6, 7].

For the class of the artificial retinas cameras, the image
processing capabilities, or better the pixel imaging capabili-
ties, are usually fixed locally to a small pixel neighborhood

and remain very limited in scope. No application specific
processing can be added at the image acquisition stage.
However, such kind of sensors can achieve very high
frequency acquisition rates that are necessary for some class
of applications. In the case of a standard camera interfaced
with a computer, the data transfer between the camera
and the computer is limited by the connection interface.
When dealing with applications requiring high frame-rate
or very high resolution cameras, usually the problem is the
amount of data that needs to be transferred to the CPU.
This may largely exceed the available standard interface
bandwidth. For such class of applications, different camera
architectures that include embedded processing units have
been developed.

This paper proposes a novel smart camera architecture
based on a specific coprocessor designed for on-line indus-
trial process control. This paper describes a coprocessor unit
design providing an interface for the full control of the sensor
acquisition process driven from the main application CPU.
This key feature enables the acquisition to be controlled
on the fly in function of the algorithm’s scheduling. The
main processor and the coprocessor are, respectively, in
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charge of the high-level tasks, the acquisition and processing
decision imposed by the application, and the lower-level
tasks, characterized by high level of processing regularity and
parallelism. The processing can be adapted easily, thanks to
the structure, to the application’s requirements.

The paper is organized as follows. Section 2 presents the
context and the objectives of the new embedded system.
Section 3 presents the coprocessor platform. The coprocessor
architecture is presented in Section 4 and its features are
discussed in detail. The performance of the coprocessor
architecture are reported in Section 5 and compared to a
classical image acquisition and processing scheme. Results
of a complete postal sorting application are presented in
Section 6 showing the potential parallelism of this platform.
Finally, Section 7 concludes the paper presenting the per-
spectives of further work.

2. CONTEXT AND COPROCESSOR INTO
PROCESSING/ACQUISTION LOOP

For image-processing applications requiring very high-
performances, an adaptive image acquisition stage is very
often the key feature to satisfy the real-time constraints.
Although we can nowadays observe the wide availability of
low-cost high-speed high-resolution sensors, the high pixel
rate to be transferred to the central processing unit from the
image sensor is often the main system bottleneck in terms
of performance. This fact indeed pushes the theoretically
achievable system performance to higher and higher levels so
as to be able to cover new demanding applications. However,
higher pixel rates require new architectural approaches so as
to reduce the costs of the interfacing and processing stages
that are now the real bottleneck of such systems. Whenever
such high pixel rate can be reduced according to the analysis
of its intrinsic semantic content (i.e., image portions can
be discarded not being relevant for the application), the
response time of common system architectures is too slow
to timely adapt the acquisition stage to the relevant image
sequence content. Indeed, the transfer time from the sensor
to the CPU unit is often too large to enable the system to
react, and finally results in being too expensive in terms of
equipment and interfaces.

The coprocessing approach has been investigated in the
last few years by several authors. Some works presented
in literature are based on hardware coprocessing designs
specifically dedicated to a single application [8–10]. The
performance improvements reported in literature are quite
relevant, when comparing architectures with or without
coprocessor, those results present speed-up factors up to
few hundreds. Other authors have proposed generic systems
whose property is the possibility to implement different
algorithms on a coprocessing-based architecture [11]. In the
class of “generic” coprocessor units, only a few authors have
mentioned the possibility to control the image acquisition
stage simultaneously with the processing stage. Gorgon
proposed a coprocessor unit to control the acquisition stage
of charge coupled devices (CCDs) sensor [12]. Jung et al.
presented a preprocessing unit to control CMOS sensor [13],
but the achieved functionality operates only on the specific

image corrections used to compensate physical limitation
of the CMOS sensor. The key point is to control the
acquisition on the fly in function of the different algorithm
tasks.

The integration of a coprocessing element into the image
acquisition loop of a CMOS sensor has very interesting fea-
tures. Standard CCD-based image systems are synchronous
and require that the full image is downloaded before pro-
ceeding to a new acquisition. CMOS sensors are much more
flexible because not only they are intrinsically asynchronous,
but they are also capable of performing image acquisitions
on limited section of the sensor up to the acquisition of
single pixels. For several applications such flexibility can be
successfully exploited so as to reduce the data transfer to
the central CPU thus considerably reducing the necessary
data bandwidth. As a consequence, the overall processing
requirement of the application has just to process a limited
portion of the original image. The key to achieve such results
is to be able to provide to the main application the necessary
information to adapt the acquisition stage without the need
to transfer the full image to the central CPU. In other words,
CMOS imaging can achieve the following:

(i) a selective image acquisition stage depending on the
image content itself and on the requirements of the
application,

(ii) a relevant reduction of the data volume to be
transmitted to the processing unit once the selective
acquisition stage has been activated.

The condition for which such features can be achieved
is that a “coprocessing” element is inserted in the image
acquisition loop driven by the “high-level” application.
Different approaches can be considered; the implementation
of an embedded ASIC or a configurable processor is one of
them. The processing capabilities of these components, as the
STV0676 (ST Microelectronics: STV0676 datasheet; avail-
able at http://www.datasheetcatalog.org/datasheet/stmicroe-
lectronics/9068.pdf) or the CMOS coprocessor introduced
by [14–16], are examples. However, the level of flexibility of
such architecture is quite limited since only a few processing
parameters can be configured according to the application
constraints. All the components are fixed with their own
processing. A recently designed chip with a coprocessor is
the named OMAP DM-510 (Texas Instrument: OMAP DM-
510 page; available at http://focus.ti.com/general/docs/wtbu/
wtbuproductcontent.tsp ? templateId=6123 & navigationId=
12802&contentId=41258). Such component is very inter-
esting, but only addresses low-power applications, typically
mobile phones. Moreover, all the chip components have
dedicated interfaces, thus the control of specific CMOS is
very complex or even impossible, for the number of control
signals to handle. For instance, the high-speed CMOS
sensor MT9M413 (Micron-Aptina: MT9M413 datasheet;
available at http://www.aptina.com/products/images ensors/
mt9m413c36stc/#overview) required almost 150 pins to
be implemented (included data). The “artificial retina”
approach has similar features in terms of processing possi-
bilities [17]. These architectures are frequently developed
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to process a neighborhood of the pixels [1–3], however
the process is usually reduced to small size neighborhoods
(usually smaller than 16 × 16). The acquisition can be
controlled, but is dependent on the architecture and the
targeted applications. So as to obtain the features presented
above, a heterogenous architecture is proposed: a processor
associated to an FPGA. The acquisition is a task of the
FPGA, therefore any CMOS sensor can be controlled.
Consequently, any CMOS sensor with specific acquisition
modes (as, e.g., scan line) can be interfaced. The flexibility of
the heterogeneous structure offers a large panel of solutions
for the implementation of image processing for on-line
industrial control.

In such architecture the “coprocessing” unit besides
the control of the acquisition stage becomes naturally in
charge of the standard low-level repetitive tasks such as
filtering, denoising, and binarization. In fact, the full control
of the acquisition stage enables the right control of the
preprocessing tasks usually performed at the level of the
central CPU or high-level application.

For instance, the “instructions” for a selective image
acquisition stage, that is, an acquisition stage for which
only a (small) portion of the image that presents certain
features needs to be “acquired” and transmitted to the
central CPU for further high-level processing, are handled
by the “coprocessor” accessing directly the CMOS sensor
itself in an asynchronous manner. At this point also the
processing associated to the specific feature “found” in the
image can be efficiently implemented at the “coprocessor”
level. Then, only the “selected” image portion already
preprocessed and/or prefiltered is transferred to the central
CPU unit. The coprocessing task schedule can be selected
on the fly depending on the acquisition commands and is
adapted to the acquisition form that is region/pixel-based.
By this approach, the necessary data bandwidth can be
drastically reduced eliminating in most of the cases the major
system limitation. An example of achievable performance for
some classical preprocessing stage is provided in Section 5.
The main processor, freed from image acquisition and
preprocessing tasks, can then be used for further process-
ing and/or high-level algorithms defined by the specific
application.

The challenging aspects of the coprocessor design are
mainly related to the variable acquisition mode (i.e., input
image format and layout). Obviously, the bandwidth asso-
ciated to a window processing can be optimized; moreover,
the nature, the complexity, and the number of possible
processing stages can be adapted at each acquisition mode.
Many different acquisition modes are then available. In all
modes, a window can be selected in the full-range image,
the size and the integration time are defined, and a sub-
sampling (on Y and X) can also be specified. In the simple
multiexposition mode, the same window is acquired several
times or periodically and the delay between two acquisitions
can be defined. Also in the tracking multiexposition mode,
the window can be translated. Such modes allow to create
a “subimage” image by row or column accumulation when
the sensor is used as line sensor even with lines varying their
position during the acquisition itself.

Main
processor

/DSP

Processing Acquisition CMOS
sensor

COP

Data
Controls

Figure 1: Block diagram of the coprocessor-based architecture.

The first interesting result achieved by implementing this
architecture is that relevant speed-up factors are obtain-
able for reconfigurable processing modules, thus providing
enough flexibility in terms of choices of processing and
in terms of acquisition modes defined on the fly by the
application itself (selection and preprocessing of any kind of
area of interest). The second interesting result is that such on-
the-fly adaptation of the acquisition mode yields a further
bandwidth reduction for the transfer of the image data to
the central CPU. This feature represents for some application
a further speed-up in the overall system performance in
terms of reduction of processing or increase of the achievable
acquisition/processing frame rate.

3. ARCHITECTURE OF THE COPROCESSOR CAMERA

The overall system can be described as an autonomous
intelligent camera with powerful embedded processing when
compared with modular systems associated with a computer.

The system has been thought for monitoring applications
such as road monitoring [18] or intrusion detection or any
other similar application. Quality control and control of
industrial processes, where very high frame-rate on specific
image sections are required, is another application field of
the system. For such kind of processes, only the “relevant”
portions of the images are necessary to be transmitted to
the host CPU for further processing. In some cases, only
the result of the preprocessing, or of the processing (i.e., the
detected feature), is needed to be transmitted outside the
system to a local host PC or via Internet.

The system is composed of an embedded frame-grabber
equipped, at different levels, of processing capabilities for the
image acquired by the sensor and it is illustrated in Figure 1.
This figure illustrates the main architectural components
of the camera with embedded coprocessing stage. In this
architecture, the coprocessor part (COP) is divided in two
parts: a part dedicated to the acquisition and a second part
dedicated to a preprocessing stage.

The association of the processing and acquisition stages
aims at reducing the pixel rate for applications where
“irrelevant” image portions are detected by the coprocessor.
The processing is then complemented by the processor for
higher-level tasks at a possibly lower pixel-rate. The partition
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of the tasks is made by exploiting the specificity of each
element, to use it as efficiently as possible, thus reducing the
pixel-rate when possible and the processing time so as to
increase the overall throughput. This architectural approach
to the processing of sequences is particularly adapted to
and performing, but not limited to, tracking applications,
pattern recognition applications, and compression applica-
tions. Video compression is generally used in camera systems
so as to reduce the bandwidth of the data transfer and to
be able to use a standard communication channel without
addition of acquisition boards such as the camera-link for
instance. However, with high performance sensors, there is
immediately the problem of the connection that becomes
now the system “bottleneck”, and prevents from transfer-
ring the images rate provided by the sensor. The system
described in this paper also supports the implementation
of a compression stage (thanks to multimedia processor’s
functionalities) that makes it possible to approach to the
sensor limit capabilities.

The system is composed of a compact stack of 4 boards,
enabling to easily interface various types of sensor/cameras
and thus answering to various resolution and acquisition
speed requirements in the most modular and economic way.
The four boards described hereafter are the following:

(i) the motherboard containing the main processor,

(ii) the communication board,

(iii) the board including the coprocessor,

(iv) the camera interface board.

3.1. Motherboard

The motherboard contains a Nexperia PNX1500 (Philips:
PNX 1500 datasheet; available at http://www.nxp.com/
acrobat download/literature/9397/75010486.pdf) processor
at 300 MHz and includes functions for the sound and image
processing. This processor has been selected for the powerful
VLIW core and for the variety of supported integrated
interfaces such as Ethernet controller, DDRam controller,
and PCI. Moreover, it includes a 32-bit TriMedia 3260 CPU
core with 5-issue slot engine and 31 pipelined functional
units. It operates up to 10000 Mops and 1300 Mips and can
execute up to 5 operations per clock cycle. In addition,
Nexperia integrates a graphic 2D engine able to display up
to a resolution of 1024 × 768 to 60 Hz. A large library can
be used to program several standards (MPEG, H263, etc.)
and several interfaces. The Nexperia power consumption
depends on the processing charge, typically it is around
1.5 W. Around this processor, we can find communication
interfaces such as Ethernet and ISDN, as well as acquisition
and rendering of video images and analogical sound. The
motherboard contains a 64 Mbytes DDR Ram (333 MHz) to
store data. In addition, there are 32 Mbytes of flash memory
used to store the programs or different information. Several
interface components can communicate via a PCI bus, like
Ethernet and VGA. Thus, motherboard contains an internal
bus which is a PCI and all the platforms communicate via
this bus.

3.2. Communication board

The second board is based on an FPGA Spartan XL
(Spartan XL (Xilinx: Spartan XL datasheet; available at
http://direct.xilinx.com/bvdocs/publications/ds060.pdf)) to
manage the PCI arbiter, the communication interfaces such
as USB2.0 and Firewire that can be driven to connect
the camera with digital standard interfaces. This board
provides four functionalities. It extends the communication
of the motherboard with standards USB 2.0, IEEE1394,
and Ethernet 10/100. The ethernet connection is important,
because systems and a computer can communicate by this
interface with a simple IP number. It also provides a
centralized power supply for the system. On this board, a
converter N/A is used to display on a standard VGA monitor.
All the components cited before have a PCI input to avoid
different link with the processor.

3.3. Acquisition and processing board

This board is the COP part in charge of the acquisition and
the preprocessing stages of the video signal coming from
the CMOS sensors or cameras. The preprocessing part is
independent from the acquisition part. Its architecture is
illustrated in Figure 2. The main functions are partitioned
into two FPGAs. The first FPGA is a Virtex2Pro VP4-fg456-5
(Xilinx: Virtex 2 Pro datasheet; available at http://direct
.xilinx.com/bvdocs/publications/ds083.pdf), their functions
are to acquire images and communicate the configuration
and orders to the camera. This FPGA drives the camera
and can be adapted to several sensors or cameras; it is
just an implementation with the right driver. Therefore, it
implements a wide variety of acquisition modes (random
region acquisition, variable image size, variable acquisi-
tion modes line/region based, multiexposition image). The
second FPGA is a Virtex2Pro vp20-fg676-53, and high-
performance image preprocessing (calibration, filtering,
denoising, binarization, pattern recognition) is its principal
function. These FPGAs include, respectively, 1 IBM Power
PC, 28 18 kb BRAMs, 3008 slices and 2, 88, 9280 for the
large one. Both FPGAs communicate through two high-
speed serial channels, specific to Xilinx, called RocketIO
(Xilinx: RocketIO User Guide; available at http://www
.xilinx.com/bvdocs/publications/ug024.pdf). Moreover, each
FPGA communicate with the processor via the PCI bus.
Xilinx FPGAs have been chosen, because of their high-speed
serial communication, PowerPC are available, and they are
flexible and reprogrammable. Interface drivers are already
developed and optimized by Xilinx.

This board contains, in addition of FPGAs:

(i) 2 SDRAM until 128 Mbytes associated with the
acquisition FPGA used to store several images,

(ii) 2 ZBT until 8 Mbytes associated with the coprocess-
ing FPGA used for processing tasks,

(iii) 4 optocoupled inputs,

(iv) 4 optocoupled output,

(v) 2 encoders.
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Figure 2: Block diagram of acquisition and processing board
architecture.

Power consumption of this board also depends on the
processing performed. The power dissipation ranges from 3
up to 12 W depending on FPGA and memories utilization.
For example, in the implemented application, explained
Section 6, power dissipation is below 7 W.

3.4. Camera interface board

The fourth board is a simple interface board between
the FPGA board and the camera. This board depends on
the camera interface. It can be adapted and changed.
Thus, the system can be used with several CMOS
image sensors, for the results described in this paper,
a sensor IBIS4-1300 (Cypress: IBIS4-1300 datasheet;
available at http://www.datasheetcatalog.org/datasheet2/2/
044ipph9289eg3l6qa3eadzds1fy.pdf), with a resolution of
1280 × 1024 pixels and a 40 MHz pixel frequency has been
used for the experimental results. Its interface is a Camera
Link.

The main boards communicate through bus PCI v2.2
allowing to transfer a large number of data (up to
133 Mbytes/s) to the host processor (in accordance with
Nexperia bus interface). The entire architecture is illustrated
in Figure 3, with processing components and available
interfaces.

However, the main idea of the system architecture is
indeed to reduce as much as possible the data rate after the
coprocessor unit by transmitting only the processed image
sections or by controlling the acquisition.

This architectural solution provides exceptional process-
ing potential and offers wide communication possibilities.
The processing part is built with pipelined or parallel HW
processing modules to obtain high performance. Further-
more, a processing and data transfer, from CMOS sensor
to processor, can be operated in parallel so as to increase
performances.

The main additional advantages of this system, besides
the capability of controlling the acquisition loop and the
achievable processing performances compared to a tradi-
tional modular PC system, can be summarized as follows:

(i) a low dissipated power,

(ii) compact dimensions,

Interfaces

RS-232
RS-485
USB
Dig I/O

SDRAM CMOS
sensor

System
control

Trimedia COP

PCI

Ethernet
control

VGA
control

PCI
extension

Figure 3: Block diagram of the system architecture.

(iii) a greater robustness (mean time between failures)
because it does not integrate mobile components
(ventilators, hard disks),

(iv) a greater commercial lifespan because components
in the computers world are very volatile and can-
not be replaced with components having the same
characteristics. Sometimes, after only a few years,
partial redesign of the system is required to critical
applications.

Power supply of the system is operated at 12 V and can
reach up to 36 W. In the test case applications, it works
at about 20 W, including the power supply of the CMOS
camera. Dimensions of this system are 150×150×60 mm. In
future versions, dimensions will be reduced and the internal
communication bus could be directly replaced by the PC104
or another similar performing bus.

4. COPROCESSOR DESIGN

The essential problem of the coprocessor architecture is
the tradeoff between processing efficiency and flexibility
required to exploit the CMOS potential features. Two
different parts essentially constitute the COP architecture
(Figure 4): the processing and the acquisition parts. The
functional blocks constituting the processing part are a
processor interface (PCI interface), a command controller,
a processing controller, a processing unit, and an SRAM.
Thus, the COP architecture is essentially constituted by the
following functional blocks (Figure 4):

(1) a processor interface (bus interface),

(2) a bus bridge, a command controller,

(3) a processing controller,

(4) a processing structure,

(5) a CMOS sensor interface.

The command controller receives the acquisition commands,
the processing commands from the main application. The
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Figure 4: Block diagram of the COP architecture.

task scheduling is controlled by the processing controller
and is executed by the processing structure unit configured
according to the received commands. The data and image
portions, provided by the main CPU and used by the
coprocessor for the actual processing tasks, are transferred
to the processing structure via the bus bridge and via the
processing controller. This feature enables to implement a
true coprocessing stage and not a simple preprocessing.

The link between sensor and acquisition part is specific
for each image sensor, consequently it should be modified
after any sensor change. The connection between acquisition
and processing is standard, therefore independent of the
sensor. Acquisition commands are constituted of parameters
defined to cover a large number of acquisition modes
to enable to interface a large sensor sort (linear CCD,
CMOS matrix). Eventually, the connection with coprocessor
and processor are linked with standard PCI. Hence, the
coprocessor is independent of the processor and could be
used as embedded IP with any PCI system. The coprocessor
architecture enables a full data rate to be obtained on PCI
bus.

The possibility to adapt the number and nature of the
processing and to operate on variable size/shape images is
provided by the flexibility of the processing structure unit.

In essence, it is constituted by five different components
(Figure 5): CONTROL MEM is in charge of the main
memory, CONTROL PRO is in charge of the processing
control, the processing modules, the system control, and the
FIFO is in charge of the temporary storage. Such architec-
ture implements several options for the data flow control
(Figure 5). The input data, provided by CMOS sensor and
by the processor, are referred to in Figure 5, respectively,

with the numbers 1 and 3. There is no FIFO in 1 since
there is a memory in the CMOS interface. The broadcasting
nets referred to as 2, 4, and 5 allow to copy the data and
transfer them on each output branch. The copy is specified
for each net by the command word. The nets referred to
as 2 permit to transfer the input image without processing.
The nets 4/5 permit to transfer the result image between
two processings, simultaneously with data loading/result
reading. The processing structure unit can be configured to
adapt its processing in function of the acquisition mode and
in function of the high-level application via software. The
current acquisition data has to be stored into an internal
memory to allow the preprocessing stage. Several types of
preprocessing require a pixel neighborhood for each pixel
process. A common way to operate is to use a video line
to store few image rows. Unfortunately, such solution is
not possible because the subimage size is not fixed. In
the architectural solution presented here, an internal cache
memory is associated at each processing. Consequently, the
processing flow might not be synchronized with the output
data flow of the memory MEM. Such solution enables to
decrease the number of accesses to MEM. The size and
features of the cache are defined to match the selected
processing.

The processing modules are sharing the same input and
output busses that are connected to the bidirectional main
memory bus. So in order to store the results in the same
memory, the input data enables to cascade the processing
or to apply the same processing several times [19]. The
tasks implemented in HW can be scheduled by the user by
simple ordering of the tasks execution without any ordering
constraint. To illustrate the intrinsic processing potential of
the coprocessing, the performance of different implemented
processings are reported in Section 6. A full application using
SW/HW processing is presented in Section 5, to illustrate the
capacity of the full system in terms of processing and data
flow parallelism.

5. EXAMPLE OF ACHIEVABLE PERFORMANCE

The image processing presented in this section are commonly
used by on-line industrial control systems. All these process-
ing algorithms are quite regular and require a neighborhood
of pixels and common operators (accumulation, multiplica-
tion, square, sorting, and logical). Therefore, they present a
high potential parallelism that can be exploited during exe-
cution. Thus a hardware implementation is directly inserted
in the coprocessor architecture. The image acquisition FPGA
contains the camera driver, a PCI core and a rocket IO core.
These FPGA resources are used for about 90%. No processing
is implemented on this component. All the processings of
the coprocessor are implemented in the other FPGA. Three
different processing types have been implemented in the
coprocessor:

(i) a median filter on different basic kernels (1×3, 1×5,
3× 3),

(ii) a local adaptive binarization (Niblack algorithm)
with a neighborhood of 8× 8 or 16× 16 pixels [20],
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Figure 5: Diagram of the COP functional.

Table 1: Time processing of median filter 3× 3.

3× 3 1× 3, 1× 5

Number of slices 313 265

Number of block RAM 9

Number of mult 16× 16 0

Frequency (MHz) 100

Image size Time processing (ms)

512× 512 5.22 2.61

256× 256 1.30 0.65

128× 128 0.32 0.16

(iii) a binary pattern recognition based on block matching
with 32× 32 and 64× 64 pattern size.

All the implementation of the three processing includes
a cache memory to provide data without latency to the
designed architecture. The performances and the required
hardware-resources obtained by the coprocessor architecture
are reported in Table 1 for the median filter, Table 2 for the
local adaptive binarization, and Tables 3 and 4 for the pattern
recognition.

The median filter is a simple sliding-window spatial filter
that replaces the center value in the window with the median
of all the pixel values in the window. The median filter is
normally used to reduce noise in an image. In the median
filter implementation, two kinds of filter are implemented:
a one dimensional (1 × 3, 1 × 5) and a two dimensional
(3 × 3). The required resources for each kind are 265 and
313 slices for processing, the reunification use 893 slices
which include all the processing tasks and the handling of
all transfers and local buffers. Used in the preprocessing
stage, the local adaptive binarization not only provides a very
performing algorithm in presence of illumination or object
variations, but also allows to reduce the bandwidth to the
central CPU like an artificial retina sensor can perform. For
example, a 1024 × 1024 full-range image requires 1 Mbytes

to be stored but the binarized image only 1 Mbits. If an
area can be selected in the full-range image, for example a
256×256, the result image size would reduce to 64 Kbits. This
process allows gaining a factor 64 on the original bandwidth.
A threshold is processed for each pixel considering a fixed
size neighborhood (8 × 8 or 16 × 16 can be selected). The
following algorithm defines the local adaptive binarization:

Threshold = Mean(NE)− [0.1875× Std(NE)]

If Std2(NE) < STDREF then B = 0

Else if P < Threshold then B = 1 else B = 0,

(1)

where NE is the considered neighborhood, STDREF is the
standard deviation of reference (determined experimen-
tally), P is the pixel grey level and B is the binary value.
Figure 6 describes the pipelined implementation of this
algorithm (as mean, standard deviation, and variance). A
cache memory (not represented in Figure 6) provides 4 pixels
to the accelerator at each cycle. The signal Sel8o16 enables the
size of neighborhood to be selected.

For the third processing, the binary shapes search,
different tests have been made to compare with different
image size and search sizes. The goal of this processing is to
recognize one or more shapes in a binary image. The search
window and the binary shape are both binary. The different
shapes are searched in the defined window. The detection is
based on the comparisons using the logical operator XNOR,
which replaces the traditional matching criterion based on
the sum of absolute difference (SAD). The binary correlation
algorithm is defined as follows:

f (i, j) =
M−1∑

x=0

M−1∑

y=0

[s1(x, y)XNORs2(x − i, y − j)] (2)

i and j between 0 and N−M. with S1 the binary shape (M×M
size), S2 the binary search window (N ×Nsize).
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Figure 6: Block diagram of the coprocessor component implementing local adaptive binarization process.

Table 2: Local adaptative binarization.

Number of points 2 4 8

Number of slices 477 965 1605

Number of mult 16× 16 5 9 17

Frequency (MHz) 25 25 25

Size Time processing (ms)

Image Block

512× 512 M16× 16 158.09 79.04 39.52

M8× 8 40.80 20.40 10.20

256× 512 M16× 16 76.66 38.33 19.16

M8× 8 20.12 10.06 5.03

256× 256 M16× 16 37.75 18.59 9.87

M8× 8 9.92 4.96 2.48

128× 128 M16× 16 8.17 4.09 2.04

M8× 8 2.34 1.17 0.59

64× 64 M16× 16 1.54 0.77 0.38

M8× 8 0.52 0.26 0.13

Cycle time 40 20 10

This binary approach is commonly used in the optical
character recognition field [21]. The binary shapes usually
represent characters with different orientations. The entire
processing is implemented and require 3021 slices and 9
blocks RAM of 18 kb each. In the table, only the required
slices for a single processing are reported.

A comparison has been done between the performance
obtained by the coprocessor architecture (COP) and a PC,

Bi-Xeon 1.7 GHz, 256 Mo Ram, Rambus 800 MHz (2 ×
400 MHz). The performance results reported in Table 5 do
not consider camera frame-grabber transfer time for the
PC-based platform. The comparison shows that, besides the
achieved speed-up factor up to a factor of 5 that would
certainly result in higher considering the frame-grabber
transfer time, the central CPU in the coprocessor approach
is fully available for further processing. Moreover, when
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Table 3: Binary shapes research with a 50 MHz frequency.

Shape size 64× 64 32× 32 16× 16

Block size 64× 128 32× 64 16× 32

Mem. blocks 6 3 2

Slices/ 2328 1300 1250 700 750 400

detect. block 127 70 40

detection block used 16 8 16 8 16 8

Image Size Processing time (ms)

512× 512 16.05 9.2 4.93 32.1 18.4 9.86

256× 256 2.96 2.015 1.155 5.92 4.03 2.31

256× 512 6.9 4.32 2.39 13.8 8.64 4.78

128× 128 0.335 0.375 NC 0.67 0.75 NC

Table 4: Time to search a shape in an image (ms).

Number of shapes 5 4 3 2 1

256× 512 68.52 59.88 51.24 42.6 33.96

256× 256 32.67 28.64 24.61 20.58 16.55

128× 128 6.73 5.99 5.24 4.49 3.74

Table 5: Processing comparisons.

Processing PC (Mpixel/s) COP (Mpixel/s)

Median 1× 3 41 100

Median 1× 5 28 100

Median 3× 3 27 50

Niblack 8× 8 5 25

Niblack 16× 16 4 14

a bandwidth reduction is possible by means of adaptive
acquisition, the coprocessor approach provides much higher
speed-up gains.

6. APPLICATION EXAMPLE: READING A BAR CODE
FOR POSTAL SORTING

6.1. Application description

The postal sorting is a real-world example showing the
processing possibilities and the achieved level of parallelism
of the system [22]. The goal of this application is to read
bar codes on the letters, to enable the automatic sorting
at the different stages of the logistic postal letter handling.
If the bar codes cannot be read, the letter is rejected and
need to be processed manually. This application has been
developed with the objective of replacing an exiting platform
which integrates a camera associated with a PC. The new
embedded solution has been developed to increase as much
as possible the processing performances and to obtain a
portable and more flexible system. Indeed due to the fact
that bar codes printed on letters may be of bad quality or
superposed to other visual information the possibility of
implementing more complex processing increase the rate of
correct detections/decodings achievable. Ideally, to correctly
read the largest percentage of bar codes, each processing stage

Figure 7: Example of an image which contains a bar code.

should require as much as possible processing power so as
to guarantee that the bar code area is correctly localized
(framed in Figure 7). In reality the processing resources are
limited and, results are easier to extract and process a small
part of the image that with a high probability includes the
bar code, instead of dealing with the entire image of the
letter which includes extra information that can potentially
create errors for the code bar detection and decoding. In the
postal sorting test application example, a letter is grabbed
with the CMOS camera, and the speed of the transporter is
around 4 meters per second. In the coprocessor platform, the
processing stages used are

(i) transposition,

(ii) high pass filtering,

(iii) dilatation plus subsampling,

(iv) blobbing.

The final blobbing task is performed in the main processor.
Details of these processing stages are provided in the
following section. The final task is to read the bar code and
send it to the postal sorting machine.

6.2. Details of the processing

So as to grab a letter, the CMOS camera is configured in
the line scan mode since the high speed of the transporter
(4 meters per second) would result into an image deformed
as reported in Figure 8(a). The camera grabs the same line
during a predefined number of lines or continuously and
the acquisition FPGA rebuilds an image; this mode is shown
in Figure 8(b). In this picture, the difference between the
two modes is shown, and particularly the effect on the bar
code. In area scan mode, the bar code would be completely
unreadable. The first processing applied is a transposition.
The transposition is used to rotate the rebuilt image to
90 degrees. A transposition is necessary because the other
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(a) Area scan mode

(b) Line scan mode

Figure 8: Visualization of the bar code with the two different
acquisition modes of the camera.

Processing direction

Acquisition
direction

Figure 9: Transposition of an image to change in the appropriate
processing sense.

processing stages are only compatible with a horizontal
scanning (Figure 9). Four 32 bits words of four lines are
stored in the memory, transposed, and stored again at a
correct place in the SRAM memory. Transposition operation
uses 4 registers to store temporally the result. The resources
used by the FPGA are 186 slices (only about 2%). The
first real image processing is a high pass filter. The high
pass filter is used to delete the background and to raise
the white bar code as shown in Figure 10(b) compared to
the original image in Figure 10(a). As shown previously,
the data bus is a 32 bits bus, and transfers 4 pixels at the
same time. This task processes 4 pixels at the same time
(i.e., 4 filters are active simultaneously). The high pass
filter is a convolution between the image and the window
which includes the coefficients. Results are directly stored
in the SRAM. Obviously the coefficients of the filters are
reprogrammable to be adapted to any other application.
Resources used for this processing are 1125 slices (12%) and
44 (4× 11) multipliers (50%).

The second processing stage is a dilation. The dilation
is used to complete the region which integrates the bar
codes, thus it will be easier to detect this region as shown in
Figure 10(c). This latter processing is performed to replace

the central pixel by the maximum value of the 32 neighbor
pixels.

The subsampling is the third processing. In fact, only
one of 4 pixels is transferred, moreover one line over four
(Figure 10(d)). The goal is to divide the size of the image
by 16 and consequently the original pixel bandwidth. The
dilation and the subsampling are executed in the same tasks
to reduce memory access. As described in the two last
processing, results are stored into the SRAM.

These three last processing stages are performed in one
dimension (line dimension) to obtain the best result and
to reduce the processing time with the access of the second
dimension. The implemented processings (including the
SRAM address controller) request all together 2623 slices
(26%) and 44 multipliers (46%). Each processing is spilt
in several dependent tasks in the pipelined architecture.
Full application with all driver interface use 3880 slices
(41%), 4 BRAMs (4%), and 44 multipliers (50%). 3 BRAMs
are used like FIFOs to save the transfer of data in the
interface, due to different clock domains. (processing ⇒ PCI,
RocketIO ⇒ processing and PCI ⇒ processing). The fourth
BRAM is used to store all the configuration sent via the
PCI bus (configuration of each processing and of the
application). Between each processing (transposition, high
pass filter, and dilation + subsampling), a storage of results
is made. Results after the high pass filter need to be stored
and kept. In this image, only the areas will be sent after the
coordinates calculation. As seen in the previous section, only
the blobbing is made by the SW processor and all the other
processing stages are performed by the FPGA (coprocessor).
The blobbing is the last processing stage of the code bar
detection. After the dilation, several white (or grey) areas
are labeled. In Figure 10(d), two large areas are detected
(the number of areas depends on the number of sections in
which the bar code is partitioned), that correspond to the
area including the bar codes, but other areas may be detected
which are probably not part of the code. The goal is to
determine the coordinates of the two zones that contain the
code. The processor receives the result image of the dilation
from the SRAM of the coprocessor and stores it into the
DDR RAM associated with the processor. So as to detect a
region (blob), the image is described row by row and when
a pixel value exceeding the threshold is founded, the object
is squared and associated with a label. Once the image is
fully analyzed and labeled, the two largest areas, that are
chosen probably including the bar code and the coordinates
of these two objects, are extracted. Figure 11 shows a part of
the blobbing image where white areas are detected (squared
in grey). The transfer of these coordinates is made to the
coprocessor and the coprocessor transfers only the selected
regions to the processor. The regions are taken on the filtered
image which is stored temporally in the SRAM (Figure 12).
When bar codes are transferred to the processor, the
decoding can be activated. To decode the bar code, an FFT
is made following several tests to read correctly percentage
rates approaching 100% of bar code detected. As shown in
Figure 12, the decoded bar code value in the picture example
is “1111010111101011111001001111010111001111” and
after all the processing the system correctly read the code.
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(a) Original image

(b) Image after high pass filtering

(c) Image after dilatation

(d) Image after subsampling

(e) Image after blobbing

Figure 10: Resulting images after each processing.

(a) Zoom of the subsampling image on one bar code area

(b) Zoom on the same bar code area after the blobbing

Figure 11: Principle of the blobbing processing.

In Figure 13, the efficacy of the system is illustrated also
with a bad bar code image which is not even readable at
sight and without an appropriate processing. However, the
system can correctly read it. Here, the bar code cannot be
read exactly, but the system reads the correct bar code which
is “111001101101010111111001011101010111001111”. It
proves the efficiency of the system.

So as to speed up processing tasks and decoding, the
different stages can be performed in parallel and not
sequentially. The application is divided in three main stages:
acquisition (task 1), processing (task 2), and reading (task 3).
Task 2 is the association of all the processing tasks executed
by the COP and the blobbing including all the data transfer.
These 3 tasks are executed in parallel to gain time and
increase the number of letters processed. In Figure 14, a
sequential sequence (task 1 following 2 and 3) is shown and
during the acquisition the processor and the coprocessor do
not work. The same remarks are valid when the coprocessor
or the processor works simultaneously.

The specificity of the platform is that the 3 principal
actions can work in parallel (i.e., tasks 1, 2, and 3 simul-
taneously). When an image is grabbed at time T, then

Figure 12: Zone transferred after processing to read the bar code.

(a) Original image not readable at sight

(b) Image readable after processing

Figure 13: Preprocessing for improvement of “unreadable” bar
code.

COP processes the image T-1 and the processor reads the
bar code of the image T-2. Only the transfer between the
FPGAs prevents an acquisition or a processing into the
coprocessor. Moreover, the processor is implemented using
a full DMA mode and can work continuously. It receives
data and at the same time it decodes the bar code. By using
this configuration, the processing time is the same from
acquisition to the output, but the number of processed letters
is increased. Results are shown in the following section, and a
comparison between a sequential mode, a parallel mode, and
the PC performances is provided.

6.3. Results and comparisons

In this section, the results of the processing are provided. A
comparison between the classical PC-based system and the
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Figure 14: Scheduling of the 3 different tasks in parallel.

Table 6: Processing time.

Processing Time (ms)

Acquisition 15.4

Transfer between the 2 FPGAs 4.6

Transposition 1.54

High pass filtering 1.54

Dilatation plus subsampling 1.54

Transfer in the processor of the subsampling image 0.15

Blobbing 4

Transfer in the processor of the bar code image 0.11

Reading the bar code image 12

Total 40.88

Table 7: Platform versus PC (approximative time).

Sequential Parallel PC (ROI)

Time processing (ms) 40 40 40

Number of letter 15 30 15

Theoretical speed (m/s) 4 8 4

coprocessor platform is made. The PC platform is equipped
with the camera (BCi4; Vector international/CCAM Tech-
nologies, available at http://www.vector-international.be/)
associated with the compatible frame grabber. The coproces-
sor platform is obviously equipped with the same camera.
The PC has a processor 3.2 GHz and 1 Go of RAM.

In Table 6, the necessary time for each processing needed
to decode a bar code is shown. The tests were made with an
image of 180 pixels width and 1712 rows captured. It is about
a standard acquisition for a letter. Transfer is considered
as a processing in the table. The transfer time from the
coprocessor to the processor by the PCI is considerably
reduced. The transfer of an entire image by the PCI takes
2.3 microseconds, but to transfer a subsampled image, it
is 16 times lower (0.15 microsecond) and for the bar code
it is 20 times lower (0.11 microsecond). This saving is a
very important factor to speed up the overall processing
performance.

(a) Coprocessor platform plus camera

(b) PC and coprocessor platform

Figure 15: Portability: coprocessor platform versus PC.

Table 7 presents the comparison between

(i) the coprocessor platform and a sequential reading,

(ii) the coprocessor platform and a parallel reading,

(iii) the current PC platform.

In the sequential and parallel mode, the processing time is
approximately the same as a PC platform, but employing
the parallelism, the number of the processed letters can be
increased (i.e., number of images). In the case of the PC, the
size of the processed image is reduced to a small ROI (around
512× 70), against 1712× 180 with the coprocessor platform.
If the size is reduced to include correctly the bar code and
not the image of the letter, the number of letters read can
be increased up to 50. Moreover, the coprocessor platform
is more efficient in hostile environment, small in size, and
equivalent in terms of the percentage of bar codes correctly
read. The portability of the two systems is illustrated in
Figure 15. The size is reduced and results in being more
appropriate for the integration in an industrial process.

7. CONCLUSION

Despite the increasing speed of PC processors and bus
frequencies, the implementation of embedded coprocessor
architectures expressly conceived for image sensors and
inserted in the acquisition loop presents several advan-
tages. Very high processing speed and reduced image data
bandwidth are achievable. The architecture also provides
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high degree of flexibility in the preprocessing stage for
the different acquisition modes specific of CMOS imaging.
Moreover, new processing tasks can be easily added in
function of the application and the platform supports a wide
panel of data interfaces. A complete test case application
has been successfully implemented on this platform, with
significant performance improvements when compared to a
classical PC-based platform.
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1. INTRODUCTION

Signal and image processing applications require a lot
of computing resources. Until recently, many of them
were implemented using digital signal processor (DSP)
that provides flexibility and computing power at a low
cost. Nevertheless, since the beginning of the decade, the
frequency of the processor cores does not increase anymore
while their power consumption increases dramatically with
performances [1, 2]. This power wall leads to unmanageable

thermal and autonomy issues in embedded systems with
an emphasis for battery-powered applications. Despite those
limitations, the application roadmaps are still requiring a
substantial increase of computing resources. In order to cope
with those limitations, consumer electronics applications
use the system-on-chip (SoC) approach where optimized
accelerators supply DSP and GPP cores to meet the system
constraints within a limited power envelope [3]. This
approach has the main drawback to be very expensive
and leads to complex systems that are difficult to validate.
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Therefore, they are used for very high volumes applications
like mobile phone handsets [4].

Professional electronics applications are characterized by
low volumes and a high design count compared to consumer
ones preventing the use of an expensive SoC approach.
They rather use DSP or GPP combined with FPGA in
order to increase the computation capabilities and meet
requirements imposed by the roadmaps. Nevertheless, FPGA
designs are static and lack flexibility compared to a pure
DSP approach. However, roadmaps’ evolution is shifting
to multistandards or even software defined applications,
requiring a virtualization layer to adapt or change their
behavior dynamically. It is for example the case for the
software-defined radio (SDR) application [5]. In order to
cope with this flexibility issue, DPR of FPGA can be used
[6, 7]. Indeed, it brings virtualization upon static hardware
making it possible to handle hardware functional blocks
like software components. Thank to this feature, SDR is
announced by Xilinx to be the main target applications for
DPR [8].

During the last decade, DPR has been widely studied in
academia [9–11]. There are many works related to the com-
ponent programming issue as well as case studies for possible
applications [12–17]. Nevertheless, all those experiments are
carried out for research purpose, and only a few of them
take into account its impact for real applications. Indeed,
despite all the researches done, it exists today very few real
applications using DPR. Therefore, there is a lack of feedback
on its use in real products providing relevant research issues
to address in order to improve its applicability.

The contribution of this paper is to evaluate the interest
and limitations when using DPR in real professional elec-
tronics applications, and to provide guidelines to improve
its applicability. First, it makes a fair evaluation based on
experiments made on a set of seven signal and image pro-
cessing applications carried out in real conditions. Second,
based on a precise analysis of the current flow for real usage,
it identifies the missing elements for its use in professional
electronics applications with highlights on the issues raised
by SDR. Third, it identifies a set of advantages for using DPR
in professional electronics applications. Fourth, it provides
research directions in order to improve its usage. Fifth,
it introduces a fast reconfiguration manager used by the
experiments providing an 84-time improvement compared
to the vendor solution. To our knowledge, it is the first
reconfiguration manager working at this speed on the Virtex
4. Indeed in [18], the full speed has been tested only in Virtex
II for an 8-bit ICAP.

This paper is based on the researches carried out as part
of the RECOPS project that aims to study the use of DPR in
military applications [19]. The evaluation is made on FPGA
from the Virtex family from Xilinx Inc., Calif, USA. As they
are the biggest matrixes available supporting DPR, they were
selected as the FPGA platform for the project.

In the remainder of this paper, Section 2 explains
the specificities of professional electronics applications.
Section 3 exposes the DPR possibilities in the latest Xilinx
Virtex components with its current design flow usable in
real applications. Sections 4 and 5 give the main interests

for using DPR in professional electronics applications and
the issues for their implementation using DPR. Section 6
presents the experiments carried out. Section 7 details the
main results obtained, and Section 8 discusses remaining
issues raised by this technology based on the experiments,
followed by the conclusion in Section 9.

2. PROFESSIONAL ELECTRONICS APPLICATIONS

Nowadays, the electronics market is mainly directed by
consumer applications. They are characterized by a very
short time to market, high volumes, autonomous and
battery-powered applications, and have very few validations
or qualification constraints.

However, professional electronics applications are quite
different. They are sold in low volumes, and they take longer
time for development. They are often maintained, or even
updated, during their lifetime that can reach several decades.
They need to address precise requirements and validation
processes. Moreover, most of them are strongly coupled with
other components inside complex systems. It is for example
the case for the electronic subsystems in a plane, or for
an airport radar part of an air traffic management system.
They are also quite diverse. Indeed, a radar application, for
example, performs in real time a very large FFT of up to tens
of thousands of points and must fit in a small volume in order
to be integrated into a plane, while a software-defined radio
(SDR) requires a high level of virtualization, with very low
power consumption for handheld devices.

For systems with a high level of safety, further validations
and certifications are performed. It is the case for systems
that may affect the life of human beings. The ED80/DO254
for hardware and ED12B/DO178B for software, in civil
aviation, are among the most restrictive standards [20].
They impose to strictly validate and demonstrate that
the application requirements are fulfilled in any possible
situation, and identify the possible failure modes.

3. DYNAMIC PARTIAL RECONFIGURATION

Current FPGAs are composed by a user programmable logic
plane, configured by an underlying memory plane. The logic
plane holds fine-grain customizable logic made of LUT and
interconnection resources, but also optimized macroblocks
like SRAM arrays, DSP accelerators, clock tree managers,
I/O modules, and so forth. For most of the components,
the configuration memory is filled at startup by a bitstream
through a reconfiguration interface. In order to do this,
several interfaces are implemented; they are connected to the
reconfiguration engine accessing the configuration memory.
In Xilinx FPGA, the bitstream is a packet sequence, each
packet containing a header and its data. The header holds
commands and information for the configuration engine, so
that very few external control signals are required during the
reconfiguration process.

In some components of the high-end Virtex family
from Xilinx, an internal interface internal configuration
access port (ICAP) allows accessing the configuration engine
directly from the user logic plane. Thanks to this interface, it
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is possible for an application to perform self-reconfiguration
while it is running. Moreover, according to the vendor, the
internal implementation of the configuration ensures that
(i) modifying a region of the component does not affect
the configuration memory of other, unmodified, regions
and (ii) when the content of the configuration memory is
overwritten by the same content, its corresponding logic can
operate normally without being affected. In order to perform
a dynamic partial reconfiguration (DPR), a partial bitstream
is written into the ICAP. Since it is made of raw configuration
data highly component dependent, special tools are required
for its generation.

3.1. New DPR possibilities in latest
Xilinx Virtex component

The Virtex family encompasses the highest performances
and biggest FPGA from Xilinx. Furthermore, DPR was
introduced in this family with the Virtex II component. Its
layout was organized in columns, defining an entire column
of the component as the basic configuration granularity.
Therefore, the DPR had to cope with severe hardware
constraints that lessen its use in professional applications.

Since the Virtex 4, several improvements facilitate the
use of DPR, making it a credible solution for some spe-
cific applications like software-defined radio (SDR). The
improvements for DPR are on the layout architecture, the
clock tree, and the ICAP. The component is still organized
in columns but the partial reconfiguration granularity is
reduced to a frame, which is here only a part of a column.
Therefore, the partial reconfigurable region (PRR) can be
almost any height and width. Clock regions are rectangular,
allowing to be matched by a PRR. This leads to better timing
performances and clock tree management. Moreover, the
output frequency and phase shift of the digital clock manager
(DCM) can be modified using DPR.

Finally, the width of the ICAP port is extended to 32 bits,
and its speed is increased up to 100 MHz. This significantly
speeds up the reconfiguration time, which is a main concern
when using DPR. Indeed, the HW in the PRR cannot be
used during the reconfiguration process. With all those
improvements, the HW capabilities are far less a limitation
for using DPR in real applications.

3.2. New tools dedicated for reconfiguration

The implementation of DPR in Virtex FPGA requires a
nonstandard flow [21]. It is driven by constraints on
the area and primitives location. It uses special dedicated
resources, bus macro (BM) for communications, and uses
the PlanAhead tool.

Area constraints make it possible to partition a design in
a fixed part and a reconfigurable part. They are required to
force a design to be placed & routed (P&R) in a predefined
region composed of a fixed set of frames.

The BMs are slice-based prerouted elements made of
simple LUT. They enable the communication between the
fixed and the dynamic parts of the design. Indeed, since
placement constraints cannot be directly applied to routing

resources, they lock the starting or the ending point of the
wires to ensure their correct connection after reconfigura-
tion. They can be located on any edge of a PRR (left, right,
top, bottom). They can be asynchronous or clocked, have a
fixed direction (in or out); they are device dependent. Their
main drawbacks are that they consume a significant amount
of resources, and their automatic placement is not supported
by the tools.

PlanAhead is a proprietary tool from Xilinx that is used
to manage the DPR constraints and to drive the imple-
mentation process. It is a production tool with graphical
interface allowing to handle constraints and area location of
a PRR at component level. It provides a hierarchical design
view at netlist level and a resource view at component level.
Moreover, it makes a rough resources and bitstream size
estimation, performs some design rule checking, and exports
the results for implementation.

Finally, a specific partial flow is used to P&R the different
portions of the design. It is based on a modular flow available
in ISE [22]. It requires special patch updates that are cur-
rently available for selected customers and research centers.
The flow is compatible with the embedded processors (PPC
and MicroBlaze). At the end, it provides full and partial
bitstreams that can be directly written into the ICAP. Note
that with this flow, the modules do not have to follow the
restrictive constraints of the XAPP290 [23] anymore.

3.3. The next generation

The latest high-end FPGA available in Xilinx is the Virtex
5. It is fabricated in a 65 nm technology, and it introduces
innovations like diagonal routing capabilities and 6-entry
LUT. It has new configuration ports and can manage
multiple configurations. Regarding DPR, the component will
support the features available on Virtex 4. Since DPR is today
highly component dependent, specific tools and patches are
required on top of the standard flow as for Virtex 4. However,
it is not sure that the upcoming components will support
DPR, and there are today no clear vendor roadmap regarding
this technology.

4. ADVANTAGE FOR USING DPR IN
PROFESSIONAL ELECTRONICS

The DPR allows using more hardware than that physically
present in the FPGA. This can be used to reduce the
size of the FPGA and its overall power consumption. This
also permits to execute an algorithm with an optimized
implementation depending on its parameters and data set.
Furthermore, upon the usual speed and power research
goals, DPR offers system-level advantages for professional
electronics [19]. The advantages considered are the follow-
ing.

(a) Task speed. By shifting the partitioning between
hardware and software toward (faster) hardware. More
functions can be implemented in hardware without being
limited by the size of the component.

(b) Power reduction. By having less hardware instanti-
ated and running, and by using a smaller FPGA.
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(c) Survivability. By allowing selection and operation in
a degraded mode when a part of the system is damaged. It
is necessary for applications running in harsh environments
where environmental conditions can exceed the normal
operating range.

(d) Mission change. By allowing to configure the appli-
cation for an entire mission without interrupting services.
The real-time issue is not critical here. The application is
configured for a long period. DPR provides an easy and safe
way to strongly modify an entire system without having the
complexity of implementing all the functionalities in one
design. It is very useful and it facilitates the validation of
applications interconnected in a complex system.

(e) Environment change. During operation, the applica-
tion can be developed specifically for several environments
and switch dynamically. Here, the real-time issue is critical.

(f) Adaptive algorithm change. By adapting dynamically
an algorithm depending on the external conditions. It is a
lower granularity than environment change.

(g) Online system test. A system in harsh environment
can be damaged. For critical systems, it is necessary to know
its level of functionality, for example, to decide to power on
a redundant one.

(h) Hardware virtualization. By having more hardware
available than that physically present in the FPGA. It allows
to manage a set of hardware modules as a component library.
It is used for example in SDR applications.

5. IMPLEMENTATION OF DPR IN
PROFESSIONAL APPLICATIONS

In order to implement DPR in real applications, some issues
need to be carefully handled. The most important ones are
the design flow, the constraints brought by the use of DPR
on the application board, and the minimum development
required for its integration.

5.1. The design flow issue

The deep validation requirements or even the certification
in critical applications is not only performed on the final
product, it also imposes the use of a validation methodology
during the whole development process. In this scope, the
design flow is a key point. For severe requirements, it must
be certified [20]. The validation imposes that at each step
of the development, from the first specifications to the final
tests, one must be able to verify that the application meets
the requirements. For this, it is necessary to have precise
simulations and modeling capabilities and to have efficient
tools, at least for productivity reasons.

The standard design flow for a digital system is based on
a top-down approach. The main steps are the following.

(a) System specification.

(b) Functional modeling and simulation.

(c) Hardware/software partitioning.

(d) Architecture definition.

(e) HW and SW development.

(f) Platform integration.

(g) Validation and qualification.

A complete design is rarely done in one conception pass.
Indeed, in order to meet the application requirements, it
is often necessary to make several iterations until reaching
acceptable performances. The following paragraph focuses
on the missing elements for DPR regarding this flow.

5.2. Identification of missing elements for
the dynamic reconfiguration flow

For each step of the design flow, it is mandatory to have a
simulation model of the DPR. For the first steps until the
architecture definition, a model can be built with SystemC.
For critical designs or for productivity issues, those steps
are usually automated by tools. None of the existing tools
supports DPR. Nevertheless, it is important to note that
FPGAs are generally not well supported. It is for example
difficult to find SystemC models for the complex hard or soft
IP in FPGA like the PowerPC 405 or the MicroBlaze.

For the hardware development step, it is necessary to
have a behavioral model of the ICAP, the BM, and the
configuration process. Indeed, a hardware-level model is
required to make functional simulation, ensure real-time
constraints, and for debug. Without a behavioral model of
the hardware, it is only possible to simulate the modules
independently and verify the design when committing the
application to the final on-board tests. Then, it is possible
to verify a DPR design only when performing the platform
integration. Therefore, if something fails, it is not possible to
reproduce the problem by simulation. Moreover, debugging
tools like ChipScope from Xilinx [24] are not working in a
reconfigurable region. Without complete behavioral models,
the validation and qualification step can only be done on
the hardware platform. Serious difficulties occur, when it is
necessary to take into account the design flow for validation.

The DPR modeling, using a powerful tool like SystemC
[25–28], is mandatory in order to implement complex and
challenging applications like SDR [29, 30]. Moreover, in
order to maintain consistency in the model but also preserve
good validation capabilities, the successive refinements of the
SystemC model during the design flow should also support
DPR.

5.3. The hardware platform and constraints

The board here is the printed circuit board hosting the
FPGA. Its constraints are of two kinds. The first is that
it requires a large amount of external FLASH memory, in
order to permanently store the partial bitstreams, but also
fast external memory like DDR in order to load bitstream
and perform a reconfiguration at the maximum speed. The
second kind of constraints is on the I/O position. For
example, with DDR I/Os, the memory controller needs to be
placed in front of the I/Os, constraining the placement of the
PRR. Regarding those constraints, the standard development
boards can easily be used to test DPR on a reference
application.
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5.4. Developments required for DPR evaluation

The developments required for evaluation are the design of
a reconfiguration controller and a scheduler. The controller
is based on an interface between the on-chip peripheral bus
(OPB) available in the Virtex and the ICAP. It offers the
flexibility of the standard bus that allows connecting any
type of memory through a standard interface. Furthermore,
the bus benefits from DMA services that provide sustained
data rate to reach the maximum speed of the ICAP. Since
the configuration manager is connected to a bus that can
be connected to a MicroBlaze or a PowerPC, the scheduler
can be implemented in software, which strongly reduces
its development cost. Note that an OPB-ICAP interface is
available from Xilinx, but not for all the components, and
the full utilization of the ICAP is not supported on the latest
one.

6. EXPERIMENTS

The DPR is evaluated in industrial conditions on a broad
range of applications mainly in the field of defense applica-
tions. The approach is to use a common platform in order
to easily share development experiences, make relevant com-
parisons, and demonstrate the platform flexibility offered by
the FPGA implementation. The broad range of applications
is required by the diversity of applications and constraints
encountered in professional electronics.

6.1. The evaluation applications

The experiments are made on real applications or on a
representative part of them. They have been chosen in order
to have a representative set of challenging applications in
the field of signal and image processing in professional
electronics. They have not been specially chosen for a good
match with DPR. Nevertheless, they all offer opportunities
for improvement by using DPR compared to the usual
solutions at least with several advantages discussed in
Section 4. They are listed in the following with a highlight
on their implementation challenge.

(a) Portable device for remote-control video capture and
transfer. This application realizes image acquisition and
transfer with remote control video using wireless commu-
nication. Several compression algorithms and several band-
widths have to be supported. The quality of the image and the
bandwidth are both adapted depending on the context and
the battery charge. All must fit within a minimal HW. The
reconfigurable process performs axis motion control, image
capture, and data transmission in the same reconfigurable
region.

(b) Blanking management for naval electronic counter
measure/electronic support measure systems. This application
generates control signals avoiding interferences between the
ECM and ESM systems. The system must operate with a
high level of safety and support multiple context switches.
Therefore, the design complexity must be as low as possible.

(c) Real-time image processing unit for missile applications.
It applies several operators on an image with hard real-time

constraints. The number of operators is potentially high, and
they must be optimized in order to be very fast. The change
of operators must be taken within a narrow time slot. The
operators are implemented in a reconfigurable region.

(d) Front end processing for airborne radar. The maximum
speed of the FPGA is used. The functionality must change
very quickly, and the scenario depends dynamically on the
context of the application. It tests the impact of reconfigu-
ration on the use of high-speed I/O links and the front-end
data processing under hard real-time and jitter constraints.

(e) Short range radio modem. It is used for local and
private data communications and needs to support several
data rates. Only the baseband of the modem needs to change
but it is a very high computational task with only signal
processing. The goal is to obtain the highest data rate in a
given situation. The baseband functions of the modem are
implemented in a reconfigurable region.

(f) Software defined radio transmitter. Only the modula-
tion waveforms are implemented in a reconfigurable region.
It tests the waveform parameterization and change. As the
SDR application is highly reconfigurable, the maximum
variability of the modules is required.

(g) Software defined radio receiver. This application
focuses on all the upper layers of the SDR. Since they are
usually implemented in software, the HW/SW interface with
a high variability support is a main challenge when using
dynamic hardware. It evaluates the hardware virtualization
brought by the dynamic reconfiguration and demonstrates
the partial reconfiguration of the FPGA by software from the
SCA core framework. It has been published in [31].

Each demonstrator covers its own area of assessment, but
together, they cover a large panel of activities and techniques.
The tests are carried out to emphasize the different areas
where the use of DPR can be interesting. It is not possible to
detail them all here. Nevertheless, we will highlight features
of the software defined radio application.

6.2. The software-defined radio experiments

The opportunity for SDR is to use the virtualization brought
by DPR in order to be implemented in hardware, rather than
in software. It is thus a very good candidate to take benefit
of the dynamic reconfiguration. The experiments conducted
with the SDR transmitter for multiband, multimode radio,
are performed by switching between two different wave-
forms, the D8PSK and the 16QAM. The reconfiguration is
controlled by the internal Power PC core of the FPGA. The
mappings of data patterns to symbol, and symbols to in-
phase and quadrature components, are done in the PRR.
The pulse-shaping filter is also implemented in the PRR. The
experiments with the receiver implement the SCA layer of the
SDR in an FPGA platform using DPR.

6.3. The evaluation platform

The platform targeted for all the experiments is the ML410
development board from Xilinx. It hosts an XC4V-FX60 with
sufficient external storage resources for storing the partial
bitstreams for all the applications. No other specific board
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development is needed by using the platform. Nevertheless,
the boards ML403 and ML405 are also used for some
experiments (due to the late availability of the ML410 board).
The components used by all the experiments are the XC4V-
FX12, FX20, FX60, and LX60.

6.4. The reconfiguration controller

For hard real-time applications that need to change fre-
quently the reconfigurable module, a high bandwidth
through the ICAP port is required. It is for example the
case for the image processing application, which applies
sequentially a set of reconfigurable functions for each image
in a narrow time frame. The theoretical speed of the ICAP
is 100 MHz, and its width can be programmed as an 8-bit
or a 32 bits port allowing a bandwidth of 0.75 or 2.98 Gbit/s.
The ICAP is usually connected to an OPB bus. This allows
to use easily all the existing memory resources of the board
by means of standard interfaces. The bus is driven by a
microprocessor that can be a hard embedded PPC core or by
a soft MicroBlaze core. Unfortunately, when the experiments
were carried out, the interface provided by the vendor
was able to operate at no more than 40 MHz in the 8-
bit mode, and was designed for the Virtex II component.
Those performances are not sufficient to meet the real-time
constraints of the image processing application. Therefore,
an improved version based on the OPB-ICAP interface for
Virtex II was developed. The improvements allow working
with the ICAP in the 32 bits mode at 100 MHz. Moreover, it
also provides DMA services allowing to use the OPB bus with
the required bandwidth.

Figure 1 shows a functional description of the reconfigu-
ration controller implementing the OPB-ICAP interface. It is
viewed as an OPB peripheral through an IPIF from the bus.

It is written in VHDL, and generic parameters allow
selecting the memory size as well as the ICAP mode of 8
or 32 bits. A control and status register allows writing and
reading bits to command and control the reconfiguration
controller. It implements a DMA able to steer data from the
bus at a sustained rate. The parameters are first written in
two registers, a DMA START ADDR register that holds the
base address of the data segment and a DMA BURST SIZE
register that defines its size (max 1024 words). Then, a
start bit in the CTRL/STATUS register is set to start the
transfer. When it is finished, a status bit is set in the same
register. The BRAM memory is used as a buffer. It was
originally implemented in the Virtex II controller to convert
the data from a 32 bits stream from the bus to an 8-
bit stream toward the ICAP. Nevertheless, its instantiation
is not mandatory. Indeed, the ICAP can be controlled at
data word level by an enable signal, thus a single 32 bits
register can be used to split the 32 bits data in four 8-bit
words. When using the DMA, the buffer is bypassed. The
reconfiguration controller supports read back, allowing to
transfer the content of selected configuration frames to the
bus. The DMA is not supported with this feature. Configured
in the 32 bits mode, the reconfiguration manager occupies
973 slices and 1 BRAM. It corresponds to 3.7% of the mid-
range XC4VLX60 Virtex 4 component.
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Figure 1: Reconfiguration controller.
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The memory organization for the image processing
application is given in Figure 2. The external flash is used
to permanently store the bitstreams. The DDR and zero bus
turnaround (ZBT) are used as fast memories. The bitstream
size for the reconfigurable region is around 300 KB for the
biggest. In order to obtain high-speed transfer, the partial
bitstreams need to be stored in a fast external memory.
Indeed, the permanent flash memory is very slow; it can only
deliver 8 bits at 10 MHz. Therefore, the ZBT SRAM or the
DDRs are used since they are the only memories on the board
able to sustain the 100 MHz, 32 bits, throughputs. When the
application starts, the bitstreams are first copied from the
flash to the ZBT SRAM or the DDR depending on the speed
requirements of the application.

7. RESULTS

The results are presented here from a system-level approach
with highlights on the virtualization in the SDR experiments.
Finally, measures of the performances of the ICAP are
detailed.

The characteristics of the seven applications are given
in Table 1. The first column gives the XC4V component
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Table 1: Applications characteristics.

Component N. reconf. region PRR size [%] Reconf. time [ms] Bitstream size [KB] Real-time constr.

(a) Im. acq. FX60 1 16 2.2 330 20 ms

(b) Naval FX12 1 28 195 90 1 s

(c) Im. proc. FX60 1 13 1.3 17 5 ms

(d) Radar FX20 1 33 0.47 166 1 ms

(e) Modem FX12 1 32 3.5 241 1 s

(f) SDR Tx FX12 1 9 31.6 38 1 s

(g) SDR Rx FX12 2 12 15.5 46 1 s

used, then the number of reconfigurable regions and the
relative size of the reconfigurable regions counted in slices.
The fourth column gives the reconfiguration time followed
by the maximum size of all the partial bitstreams targeted
to a region. Note that not all the applications use the fast
reconfiguration manager. Moreover, they can use 8-bit or 32
bits interfaces, and their bus may be interrupted by other
tasks. Therefore, the reconfiguration time summarizes the
application performances for doing a reconfiguration while
respecting its real-time constraints. The last column gives the
real-time constraint for performing a reconfiguration.

7.1. System-level assessment

Most of the advantages listed in Section 4 are tested by
the experiences. The results are given in Table 3. For each
advantage, a rating between −2 and +2 evaluates its benefit
in the application. An empty evaluation means that the
advantage was not tested during the experiments by the
application. A rating between parenthesis means that the
advantage was not directly evaluated during the experiments
but rather estimated. Results show that the most interesting
advantages are virtualization, environment, and mission
change. They allow changing the functionality of a system
under weak real-time constraints. Moreover, in all the
applications using this feature, the architecture of the system
remains the same while an instance of a particular function
is changed. This leads to add more functionalities without
increasing the complexity of the data path of the application.
The telecommunication applications change their waveforms
simply by reconfiguring a region. The adaptive algorithm
change is obtained by the virtualization advantage. It was
only lightly tested by the experiments, since this feature
is today rarely used in the applications due to its novelty.
There was no increase of the tasks’ speed of the application,
except for the SDR applications, where more accelerators
can be instantiated in the FPGA instead of being executed
on a DSP. For the other applications, the accelerators are
always instantiated in hardware. The power reduction is then
obtained by using a smaller FPGA when using DPR, reducing
the leakage and the dynamic power consumption generated
by unused hardware. The survivability possibility of the
application is lower for the SDR application because the DPR
brings new failure modes to the system. Since they are not yet
well characterized, they have to be cautiously handled. The
online system test is experienced by the radar and the image

F1A F2A

(a)

F1B F2B

(b)

F1A F2A

(c)

Figure 3: PRR reservation.

processing application where every reconfigurable module
has its own communication lines. Therefore, it is possible
for the application to monitor the good operation of the
functions and the reconfiguration process.

Most the evaluated features bring the promised advan-
tages to the application. Nevertheless, a drawback comes
from the size of the design. Indeed, where few virtualization
is used, there is a significant size overhead when using DPR
compared to the static implementation.

7.2. The hardware virtualization

Specific hardware virtualization tests are carried out in the
SDR receiver application. The experiments compare imple-
mentations of crypto algorithms for an SDR application.
The radio has two channels implemented and running at
the same time, one requiring encryption and the other
decryption. The algorithms can be changed dynamically
and can be different for each channel. Three functions are
considered, PLAIN, SCRAMBLER, and DES. Plain returns
the clear message (no encryption), scrambler performs basic
bit scrambling, and DES is a standard symmetric algorithm.
The implementation is done with two PRR and a static
region. Since the PRRs are statically defined, they need
to be sufficiently big to fit the biggest module, and a
significant amount of resources can be wasted. This problem
is illustrated in Figure 3 for two PRRs in three situations. In
Figure 3(a), the PRRs are dimensioned to hold F1A and F2A.
When reconfiguring with F1B and F2B in Figure 3(b), the
place left by F2B cannot be used by F1B. Therefore, the PRR
reserved for F1 in Figure 3(c) needs to be maximal.

The resources consumption for the three modules and
the static part of the design for an XC4VFX12 component
is presented in Table 2. “The static + max PRR” is the
DPR version of the design; the static part and two PRRs
are implemented. In the “static + all modules” version,
all modules are implemented statically. The resource gain
shown in Table 2 is not very important when using DPR.
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Table 2: Resource consumption.

Plain Scrambler DES
Static

Static + Static +
Avail

Encr Decr Encr Decr Encr Decr max PRR all modules

Slice 53 53 69 69 379 379 2674 3432 63% 3676 67% 5472

RAMB 16 1 1 1 1 8 8 17 33 92% 37 103% 36

DSP48 0 0 0 0 0 0 0 0 0% 0 0% 32

PPC405 0 0 0 0 0 0 1 1 100% 1 100% 1

Bitstream (KB) 31,7 31,7 33,7 33,4 46,3 46,1 — — — — — —

Table 3: Advantages evaluation.

Task
speed

Power
reduction

Survivability
Mission
change

Environment
change

Algorithm
change

Online
system test

Virtualization

(a) Im. acq. +1 (0) +2

(b) Naval 0 +1

(c) Im. proc. 0 +1 (0) (0) (+1) (+1) (+1) +1

(d) Radar 0 +2 +2 +2

(e) Modem 0 +1 +2 +2 +1 +2

(f) SDR Tx +1 (+1) +2 +2 +2

(g) SDR Rx (+1) (+1) −2 (0) +1 +1 +2

This is due to the choice of the algorithms implemented.
Indeed, the plain and scrambler are very small compared
to the DES that directs the size of the PRR. Nevertheless,
even for that, the RAMB 16 consumption for the static
design overuses the resources available in the component by
103%. Thus, without DPR, it cannot fit into the component.
Furthermore, there are only three algorithms supported
here. For applications with a reasonable level of flexibility
as it is the case for SDR, many more algorithms need to
be supported, like 3DES, AES, and so forth. For those
applications, it is not possible to use a static design.

7.3. The ICAP performances

For industrial and security reasons, the bitstreams need to
be encrypted. In the components used for the experiments,
the ICAP is not usable when the bitstream encryption is
enabled. The ICAP throughput is an issue for the designs
using DPR in hard real-time applications, and it is carefully
measured by the experiments. The ICAP was successfully
tested at 100 MHz in 32- and 8-bit modes. The write and
read-back modes were tested. Note that for reaching this
speed, we found that the data needs to be sent on the falling
edge of the ICAP clock. This is maybe due to a clock skew
between the user logic and the ICAP. Table 4 summarizes
the performances measured by connecting the ICAP to a
basic GPIO, with the OPB-ICAP provided by Xilinx for
Virtex II and with our reconfiguration manager. The partial
bitstreams are stored in a DDR with a clock at 100 MHz.
The Xilinx interface is always in 8-bit mode. The maximum
theoretical bandwidth of the ICAP is 2.98 Gbit/s. It is not
reached due to DMA overhead. Nevertheless, our custom
OPB-ICAP is 84 times faster, compared to the vendor’s

module. 4 times are due to the data word size, 2.5 times due
to frequency, and 8.4 times to the DMA accesses.

8. DISCUSSION

The development of applications for the experiments shows
that designs using DPR must handle specificities like
communication interfaces between modules, the execution
scenarios, and the bitstream handling. Even if DPR has
many open technology issues, all the applications tested can
potentially gain from its use. For this, there are still many
researches to do in order to bring DPR and dynamic HW at
sufficient maturity level.

8.1. Communication interface

A high-level interface must be designed to handle the
communication between the fixed part and the dynamic
modules. This interface is similar to the one separating
components in a static design but has to be uniform for all
the modules targeted to be instantiated in a given PRR. It
provides an abstraction of the accesses to dynamic modules
allowing their use, as they were statically instantiated.

During the development of the experiments, the oppor-
tunity to use a dedicated interface for dynamic reconfigu-
ration appears clearly. Nevertheless, regarding the number
of application tested and their specific needs in terms of
connections, latencies and throughputs, it was not possible
to find out a solution to this problem. Therefore, the classical
methodology for modeling and implementing interfaces was
used.

The SDR application requires a communication trans-
parency between the functional blocks of an application. This
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Table 4: ICAP performances.

ICAPmode GPIO Xilinx OPB-ICAP Custom OPB-ICAP Theor.

8 bits — 32.4 Mbit/s 0.56 Gbit/s 0.75 Gbit/s

32 bits 22.2 Mbit/s — 2.8 Gbit/s 2.98 Gbit/s

requires the support of innovative middleware services for
reconfigurable platforms.

8.2. Execution management

One of the main challenges when using dynamic reconfig-
uration is the management of the dynamic modules. This
includes spatial and temporal management. Moreover, with
hard real-time constraints, the bitstream is loaded from fast
memory locations that have also to be managed.

In all the experiments carried out, the management
is done at the operating system level. Nevertheless, since
this solution adds substantial complexity to the operating
system, the ideal solution would provide all those services
transparently to the application.

The latency for loading a bitstream is important regard-
ing the operating frequency of the component. A real-
time application must have the control of the latencies to
avoid undetermined behavior. Therefore, the reconfiguration
management must be carried out by a scheduler controlled
by the operating system of the application, which needs to
access all the relevant parameters, like the reconfiguration
latencies and status.

For preemptive scheduling, the context switch must be
supported in the PRR. Therefore, the state hold in the PRR
must be saved and restored.

8.3. Bitstream handling

The size of a complete bitstream reaches several megabytes
for a high-end component, and for a partial bitstream, it
is of the order of hundreds of kilobytes. For experiments
from hard real-time applications, the reconfiguration speed
can be a key factor for improving the performances by
using DPR. This leads to use a high-performance reconfig-
uration manager using DMA to fetch the bitstream from
a fast external memory at the maximum throughput. The
configuration manager is controlled by a processor running
the scheduler. This approach is used to release the pressure
on the processor when transferring bitstream at word level.
Moreover, a dedicated bus connecting memories release the
processor bus allowing its use for other tasks. No other
high-level abstraction for handling the bitstream is used
by the experiments. This basic low-level solution has the
disadvantage of mixing the bitstream handling with the
application, which strongly complexifies the design.

8.4. Technology issues

There is today a single vendor providing large FPGA matrices
supporting DPR. This causes several issues for its use in
professional electronics applications. Upon the commercial

and strategic ones, it lessens its use for safety applications.
Indeed, a good level of safety is often reached by using
redundant systems with the same specifications but designed
by separate teams using different components coming from
different vendors.

There is also no clear roadmap, from the vendor,
regarding the future support of this technology in the
upcoming high-end components. Therefore, this increases
the risk of using it in real professional applications. Indeed,
after their first release most of those applications must be
maintained and upgraded during decades. On the contrary,
consumer electronics products last no more than few years
with barely any updates. The maintenance is performed
to correct bugs, adapting the products with new client
specifications or replacing old and damaged components.
For this, the original (or equivalent) components need to be
used to avoid going again into the heavy validation process.
In this scope, the obsolescence and future compatibility of
the components are a key point that needs to be addressed
by the vendor.

The design flow provided is weak and experimental.
It is not possible to model DPR during all the steps of
an application development. SystemC can be used for first
high-level steps but then it is difficult to use other tools,
like for HW/SW partitioning, since DPR is not integrated
by the tool vendors. For the low-level steps, there is a
lack of behavioral and HW model, allowing to simulate
and validate the designs before the platform integration
into the final board. All those drawbacks are due to the
novelty of this technology and to the fact that it brings the
completely new concept of dynamic HW. Indeed, all the
HW models used so far are static models, and none of the
HDL languages used for description implement dynamic
HW. Moreover, DPR is transverse to all abstraction layers of
an application, from the reconfiguration port and wires at
bit level to the scheduler at operating system level. Therefore,
there are many research opportunities on dynamic HW at
all abstraction levels. For its use in real applications, an
IP library with components like reconfiguration manager,
scheduler, and communication interface is necessary to
abstract the additional complexity and minimize the increase
of development efforts. Furthermore, since the applications
become quite complex as the design effort for implementing
and validate SoCs in large components, the most important
challenge for the DPR is certainly its transparency. The
designer should not worry about the reconfiguration details.

8.5. Application benefits

Many benefits can be taken from DPR in real professional
electronics applications. Indeed, upon the criteria listed in
Section 4 and directly evaluated by the experiments, DPR
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brings a new dimension of flexibility on the HW allowing
its virtualization like with SW library. All experiments are
taken from highly constrained applications, often integrated
in complex systems. Therefore, the flexibility brought by
the DPR enables to ease their development, integration,
maintenance, or evolution. The use of very large components
as high-end FPGA is enabled thanks to the system-on-chip
approach based on IP assembling and reuse. In this scope,
DPR brought the flexibility to modify IP dynamically.

The improved reconfiguration manager used by some
experiments makes possible to use DPR directly in con-
strained hard real-time algorithm and applications. Nev-
ertheless, using the maximum reconfiguration speed leads
to a huge memory traffic causing internal and external
bus congestion and therefore to power consumption. Some
experiments mitigate bus congestion by using dedicated
bus connecting the reconfiguration controller to memories.
However, the power consumption is still important.

When the dynamic modules are changed too frequently,
the power consumption increases and a time overhead
appears because the PRR cannot be used during a reconfig-
uration process. This is the case when the reconfiguration
is performed in a hot loop body of the algorithm. The
most significant advantage pointed out by the experiments
is the use of DPR for hardware virtualization when the
reconfiguration is not part of the algorithm but is rather
used to select the more suitable one in a given situation,
leading to adaptive systems. The experiments show that
adaptive algorithms are not frequent. Indeed, the algorithm
designers are used to consider a static implementation. Here
again, there is a need for a model of dynamic machine for
algorithms designers.

Finally, the classical area, speed, and power metrics
are not necessary improved when using DPR. The area is
always improved when using DPR for virtualization where a
significant part of dynamic HW resides in large- and low-cost
external flash memory. Hence, the static power consumption
is reduced compared to a static solution using a bigger
component. However, the dynamic power consumption and
speed improvements depend on the application.

9. CONCLUSION

During the last decade, DPR has already been widely studied
as a research topic. However, it exists today very few real
applications using it. This paper evaluates the use of DPR for
real signal and image processing applications in professional
electronics. An emphasis is put on the SDR that is the
main target application for DPR as announced by Xilinx.
Moreover, it provides relevant feedback in order to improve
its applicability. For this, it is based on a set of seven real
applications in signal and image processing with experiments
carried out under real conditions. As the design flow is a
key point for professional electronics applications, it makes
a precise analysis of the current flow available and highlights
its missing elements. It shows how SystemC can be used to
supplement the first steps of the flow. Those steps are crucial
for the modeling and validations of the SDR application.

Upon the classical area, speed, and power metrics, profes-
sional electronics applications can also benefit from DPR for
online system test, mission/environment changes, algorithms
adaptive changes, survivability, and hardware virtualization.
The paper provides research directions to improve the
applicability of DPR, the modeling of dynamic hardware,
the definition of a generic reconfiguration interface, the state
handling with preemptive scheduling, and the transparent
bitstream handling by the application.

Finally, it shows how the reconfiguration interface pro-
vided by the vendor can be improved by using DMA and
resolving a clock jitter issue. Thanks to those optimizations; it
is possible to achieve a reconfiguration speed of 2.8 Gbits/sec
close to the theoretical limit.
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software design flows. Classical exploration and simulation tools are particularly inappropriate in this case. We detail in this paper
the specific mechanisms necessary to build a high-level model of an embedded custom operating system able to manage such a
real-time but flexible application. We also describe our executable RTOS model written in SystemC allowing an early simulation
of our application on top of its specific scheduling layer. Based on this model, a methodology is discussed and results are given on
the exploration and validation of a distributed platform adapted to this vision system.

Copyright © 2008 François Verdier et al. This is an open access article distributed under the Creative Commons Attribution
License, which permits unrestricted use, distribution, and reproduction in any medium, provided the original work is properly
cited.

1. INTRODUCTION

Today, real-time visual scene processing represents one of
the major problem for autonomous robots. Lots of robot
behaviours are based on this processing: navigation, object
recognition and manipulation, target tracking, and even
social interactions between human and robots. Currently,
visual systems require large computing capabilities making
them hard to embed. Indeed, most of such heavy vision tasks
are often performed by distant host computers via network
connections.

However, for several years, new approaches developed
for visual processing have been proposed. The visual
system is not considered isolated anymore but as part
of an architecture integrated in its environment. They
take into account more and more parameters related
to the dynamic properties of the systems they belong
to (see active vision [1]). These new visual processing
algorithms strongly depend on the dynamics of interac-
tions between the whole system and its environment by
continuous feedbacks regulating even the low-level visual

stages (see, e.g., the attentional mechanisms in biological
systems).

The studied application consists in a subset of a cognitive
system allowing a robot equipped with a charge-coupled
device (CCD) camera to navigate and to perceive objects. The
global architecture in which the visual system is integrated is
biologically inspired and based on the interactions between
the processing of the visual flow and the robot movements
(Per-Ac architecture [2]). The learning of the sensorimotor
associations allows the system to regulate its dynamics [3]
and, therefore, navigate, recognise objects, or create a visual
compass [4].

In this paper, we aim at designing an embedded visual
processing system in the form of a single chip that could
be used for building the CCD-based smart camera of our
robot. On one hand, the embedded processing part should
be flexible enough in order to allow a variety of navigation
missions. It also needs to adapt to evolutive constraints
due to the global system intrinsic dynamics (see Figure 1).
On the other hand, the architecture should also provide
intensive computation capabilities to deal with low-level
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Figure 1: The dedicated SoC architecture used in a robot global
sensorimotor loop.

image processing. One of the solutions to provide efficiency
and flexibility may consist in implementing the application
both in hardware and software. All regular and intensive
computation tasks should be implemented in pipelined
hardware modules and all irregular and control tasks should
be mapped onto classical processing elements. These design
choices implicitly lead to a heterogeneous and probably
distributed application composed of multiple computation
tasks. Such an application will be managed by a dedicated
real-time operating system (RTOS). In our case, the use of
an RTOS becomes essential in a domain where applications
exhibit dynamic and adaptive behaviours.

1.1. Related works

When designers are faced with an SoC implementation of
a new application, the hardware and software parts of the
SoC must be designed according to the computing properties
of the application. Precisely, our vision application has
a specific dynamical real-time behaviour. As a result, we
advocate for the use of high-level system models to early
validate architecture alternatives and the corresponding real-
time behaviours according to the constraints. Practically, the
definition of a custom SoC architecture following a high-
level design methodology is based on [5] the following:

(i) high-level modelling of the hardware and software
components of the SoC,

(ii) exploration of the design space,

(iii) validation of the selected design solutions.

Some system level methodologies and tools already help
to design SoC architectures composed of hardware and
software processing elements. These methodologies are often
based on system level design languages (SLDLs) such as
SystemC [6] or SpecC [7] and are presented in the following.
Unfortunately, only few of the proposed techniques include
the definition of a dedicated RTOS into their design flow.

Indeed, hardware/software codesign now includes the prob-
lem of the RTOS design which is considered as the main
component responsible for the control of the global system.

For example, some works have proposed efficient solu-
tions for the automatic synthesis of distributed implemen-
tations of dataflow-dominated applications under real-time
constraints. For software-based applications, the SynDex tool
[8] allows, for example, to describe an application as a
hierarchical dataflow graph (and the corresponding code
of elementary blocks) and to automatically generate a fully
static software implementation on a heterogeneous multi-
processor architecture. With this kind of scheduling solution,
the execution order of the elementary blocks must be
defined at compile time. It thus cannot be used efficiently in
application domains where potential parallelism can change
dynamically according to input data (except if a worst-case
architectural dimensioning is done). Unfortunately, visual
computations such as the one found in autonomous robotics
cannot always be predetermined. The degree of parallelism
can vary during its execution. Static scheduling solutions are
thus inappropriate in a real-time context and a dynamical
scheduling must be defined online by a real-time operating
system.

In the codesign context, many automatic HW/SW syn-
thesis methods have been proposed [9, 10] but do not
provide anymore dynamic behaviours management. Some
codesign methods such as COSYN [11] deal with multitask
application specifications but in the same static context.
Realistic embedded systems design need methods to rapidly
define RTOS in an application-specific way. This need has
been identified by recent research works. First of all, in the
context of high-level design methods, solutions have been
proposed to model an RTOS at a high level. Gerstlauer
et al. in [12] have recently initiated this research activity by
presenting an RTOS model on top of the SpecC SLDL. As
SystemC or SpecC SLDLs allow timed simulations of written
models, the work in [12] takes advantage of SpecC primitives
to explicitly model dynamic behaviour of multitasks systems
at high levels of abstraction.

SoCoS in [13] is a C++ library for system-level design
providing the user automatic linking with operating system
(OS) services. The main difference with [12] is that SoCoS
requires its own proprietary simulation engine.

In [14], Le Moigne et al. describe a SystemC model of a
multitask RTOS. This model is a part of the Cofluent tool
[15] which allows timing parametrisation and validation of
the RTOS model by configuring context load, context save,
and scheduling duration.

After modelling and simulating high-level RTOS rep-
resentation, another problem addressed by Gauthier et al.
is the automatic generation of RTOS code. In [16], they
present a method of automatic generation of operating
systems for a target processor. This method finds OS services
required in the code of the application SW and generates
the corresponding code deduced from dependencies between
services in an OS service library.

Putting aside the works of [12], none of the existing
RTOS modelling approaches deals with creation of dynamic
processes. However, as it will be explained in this paper, this
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property is needed to early validate the real-time behaviour
of our application. Hence, our method addresses this design
challenge by introducing a high-level RTOS model for
custom SoC design. Working at a high level of abstraction
allows the designer to jointly explore the RTOS architecture
in terms of custom services adapted to the application
and the parallel SoC architecture. Both dynamic behaviour
control and embedded constraints satisfaction problems can
thus be solved by a single approach.

Contributions of this work consist in proposing a Sys-
temC functional accurate dynamical RTOS model allowing
a high-level simulation of a distributed architecture. This
simulation is done at a Service Accurate level in the sense that
allows functional and timed verification without the need of
modelling explicitly processing resources. By working at this
level of abstraction, an early exploration of the architecture
dimensioning and the validation of application real-time
constraints are feasible.

1.2. Paper organisation

The rest of the paper is organised as follows. Section 2
presents our robotic vision application in more details and
stresses its dynamical properties. Section 3 describes the
proposed RTOS modelling approach based on the system-
level design language SystemC. Results are also given on
the corresponding dynamical implementation of the vision
application.

We then discuss in Section 4 how our simple RTOS
model can be used for building a parallel and distributed
multiprocessor architecture coupled with dedicated hard-
ware accelerators. In Section 5, we give the results of the
proposed Hw/Sw exploration process permitted to define
the multiprocessor system-on-chip (MPSoC) platform ded-
icated to our vision application. Finally, we conclude and
discuss some perspectives in Section 6.

2. A VISION APPLICATION FOR ROBOT PERCEPTION
AND NAVIGATION

In the following, we first describe the considered vision
application. This application mainly consists in applying
classical filtering, subsampling, and extraction operators,
and it can be considered as a pure data flow process.
However, we will detail in Section 2.2 how this application
is inserted in a global dynamic and adaptive regulation loop
(see Figure 1). We will then show why that forbids the use of
classical implementation flows in this specific context.

2.1. Application description

The current visual system here is close to the one used by
Leprêtre et al. in [17] and integrate a multiscale approach
to extract the visual primitives. In doing so, it also allows
a wider range of applications. Roughly the visual system
provides a local characterisation of the keypoints detected on
the image flow of an 8-bit gray-scale CCD camera (382×286
pixels). This local characterisation feeds a neural network
which can associate motor actions with visual information:

this neural network can learn, for example, the direction
of a displacement of the robot as a function of the scene
recognition. The studied visual system can be divided into
two main modules:

(i) a multiscale mechanism for characteristic points ex-
traction (keypoints detection),

(ii) a mechanism supplying a local feature of each key-
point.

2.1.1. The multiscale keypoints detection

The multiresolution approach is now well known in the
vision community. A wide variety of keypoints detectors
based on multiresolution mechanisms can be found in
the literature. Amongst them are the Lindeberg interest
point detector [18], the Lowe detector [19]—based on local
maxima of the image filtered by difference of Gaussians
(DoGs)—or the Mikolajczyk detector [20], where keypoints
correspond to those provided by the computation of a 2D
Harris function and fit local maxima of the Laplacian over
scales.

The visual system described here is psychophysically
inspired in the sense that it takes into account the work
done on the Müller-Lyer illusions in [21]. The used detector
extracts points in the neighbourhood of the keypoints, which
are sharp corners of the robot’s visual environment. More
precisely, the keypoints correspond to the local maxima of
the gradient magnitude image filtered by DoGs (Figure 2).
Moreover, the detector remains computationally reasonable
and is characterised by a good stability. It also automatically
sorts the keypoint lists. The gradient magnitude Grad is com-
puted by the following equation (where I(x, y) corresponds
to the pixel magnitude at coordinates (x, y)):

Grad(x, y)

=
√√
√
(
I(x+1, y)−I(x−1, y)

)2
+
(
I(x, y+1)−I(x, y−1)

)2

2
.

(1)

Keypoints are detected in a sampled scale space based
on an image pyramid. Pyramids are used in multiresolution
methods to avoid expensive computations due to filtering
operations. The algorithm used to construct the pyramid
is detailed and evaluated in [22]. The pyramid is based
on successive image filtering with 2D Gaussian kernels
(Gσ(x, y)) normalised by a factor S:

Gσ(x, y) = e(−(x2+y2)/2σ2)

S
. (2)

These operations achieve successive smoothing of the
images. Two successive smoothing are carried out by two
Gaussian kernels with variance σ2 = 1 and σ2 = 2. The scale
factor doubles (achievement of an octave) and thus the image
is decimated by a factor of two without loss of information.
The same Gaussian kernels can be reused to continue the
pyramid construction. Interestingly, the kernel sizes remain
small (half-width and half-height of 3 × σ) allowing a fast
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Figure 2: Global architecture of the algorithm. Local features are extracted from the neighbourhood of characteristic points detected on
each image of the pyramid.

computation of the pyramid. Finally, the images filtered by
DoGs in the pyramid can be simply obtained by subtracting
two consecutive images.

Keypoints detected on the images are the first N local
maxima existing in each DoG image of the pyramid.
Thus, the keypoint research algorithm orders the N first
local maxima according to their intensities and extracts
their coordinates. The shape of the neighbourhood for the
research of maxima is a circular region with a radius of 20
pixels.

The number N which parametrises the algorithm cor-
responds to a maximal number of detections. Indeed, the
robot may explore various visual environments (indoor
versus outdoor) and particularly more or less cluttered
scenes may be captured (e.g., walls with no salience versus
complex objects as illustrated in Figure 3). A detection
threshold (γ) is set to avoid nonsalient keypoints (Figure 3
illustrates the effect of this parameter on different images).
This threshold is based on a minimal value of the local
maxima detected. The presence of this threshold is even more
important in the lowest resolutions since the information
is very coarse at these resolutions. This particularity of
the algorithm confers it a dynamical aspect. Precisely, the

number of keypoints (and consequently the number of
local features) depends on the visual scene and is not
known a priori. Furthermore, the threshold γ could be set
dynamically through a context recognition feedback but
discussing here this mechanism is not our purpose (see an
example of context recognition in [23]). However, even if this
threshold is considered as a constant value, the number of
detected keypoints varies dynamically according to the input
visual scene. Consequently, the number of computations
(neighbourhood extractions) also depends on the input
data.

2.1.2. The local image feature extraction

At this stage, the neighbourhood of each keypoint has to be
characterised in order to be learnt by the neural network.
Existing approaches to locally characterise keypoints are
numerous in the literature: local jets, scale invariant feature
transform (SIFT) and its variants, steerable filters, and so
forth (see [24] for a review of local descriptors).

In the current application, we simply reuse a view-based
characterisation where keypoint neighbourhoods are repre-
sented in a log-polar space. This representation has good
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(a) (b) (c)

Figure 3: Keypoints detected on different visual viewpoints. The same detection threshold is used in the three cases. Keypoints coming from
the same octave are gathered on one image (2 octaves represented): (a) cluttered scene (29 keypoint detected); (b) same scene but closer, less
cluttered (22 keypoints); (c) view captured during a wall following (9 keypoints).
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Figure 4: Local features extracted at one scale on Müller-Lyer’s
illusion.

properties in terms of scale and rotation robustness [25].
This kind of mapping is also used by the GLOH descriptor
[24]. The local feature of each keypoint is, therefore, a
small image resulting from the log-polar transformation of
the neighbourhood (Figure 4). This transformation is done
by a lookup table (LUT) allowing the mapping: (ρ, θ) =
f (x, y).

The neighbourhoods are extracted from the gradient
magnitude image at the scale the keypoint was found by
the detector. Each neighbourhood extracted is a ring of
radius (5, 36) pixels. Excluding the small interior disc avoids
multiple representations of the central pixels in the log-polar
coordinates.

The angular and logarithmic radius scale of the log-polar
mapping are sampled with 20 values. Each feature is thus an

image of dimension 20× 20 pixels. The sizes of the rings and
feature images have been determined experimentally for an
indoor object recognition. The given parameters represent a
tradeoff between stability and specificity of the features [26].
Finally, the small log-polar images are normalised before
their use by the rest of the neural architecture. By associating
the data provided by the visual system with actions, the
global system allows the robot to behave coherently in its
environment [3].

Generally, the visual system must not be considered
isolated but integrated in a whole architecture whose mod-
ules interact dynamically with each other and through the
environment [27]. Hence, the evaluation of the parameters
of the visual system depends on the rest of the robot system
architecture.

2.2. A custom RTOS as a solution for
domain-specific implementation

When integrated in mobile robots with navigation or object
recognition objectives, this application must obviously sat-
isfy some real-time constraints. For example, the local image
features extracted in the neighbourhood of keypoints may
be used for obstacle perception and, therefore, for trajectory
guidance. In the general case, this vision subsystem must
match real-time constraints if it is used in a global sensori-
motor loop. Robot and environment integrities depend on
these constraints.

However, due to the complex dynamic behaviour of
our vision application, a precise characterisation of its
timing behaviour is not trivial a priori. Expressing a
global application deadline or period matching all context
conditions (robot motivation and internal state, nature
of the visual scenes, etc.) is impossible at compile time
and mainly depends on the global system dynamics (see
Figure 1). In our use case, the period constraint (the
camera fps) is a parameter, amongst other regulation signals
(maximum number of extracted keypoints N , detection
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threshold γ), given by the external control system. All of
these parameters will dynamically vary during the system
lifetime.

More precisely, let us suppose the rough functional
partitioning of our application into separate tasks as given
in Figure 2 (at this step we do not consider the Hw/Sw
partitioning). In this case, the number of concurrent
computation subtasks (number of extracted keypoints thus
the parallelism degree) and their deadlines have different
configurations according to the current system mode. In
these conditions, all classical implementation tools are clearly
inappropriate for the design of our SoC architecture. Since
deadlines are variable, all static scheduling-based compilers
or synthesisers will be inapplicable except if the number of
processing resources corresponds to the maximum degree of
parallelism. The latter is of course unthinkable in embedded
systems.

As an example, we have done a temporal profiling of
the vision application and measured the execution time of
the application tasks. This experiment has been done with a
pure software version of the application executed on a single
Nios2-embedded 32 bits microprocessor from Altera with a
100 Mhz clock frequency. Application tasks can be divided in
three groups according to the execution time:

(i) intensive data-flow computation tasks that execute in
a constant time,

(ii) tasks with execution time correlated with the number
of interest points (Figure 5),

(iii) tasks with unpredictable execution time (Figure 6).

These preliminary results obviously show that intensive
computation tasks would interestingly be implemented as
pure (eventually pipelined) hardware modules. On the other
hand, execution results of the search, sort, and extraction
tasks confirm a software implementation poorly adapted to
a static scheduling.

It is well known that multiscale systems take advantage
of distinguishing the visual processing done at the different
scales. In the classical but limited coarse-to-fine approach,
lowest resolutions are considered with highest priorities.
Visual data from these resolutions are integrated quickly
in the system to get a first coarse description of the
environment. This description is then refined by other scales.
More reasonably, the visual system behaves in a more flexible
way but remains still based on these different priorities. It
may favour the utilisation of different frequency domains
according to its objectives. For example, the recognition
of facial human expressions can be done selectively in
different frequency domains (see [28] for a more detailed
discussion on frequency selection). In a navigation task, this
approach can be extended: in noncluttered environments, a
priority to the low scales can be given to navigate coarsely.
The robot speed and/or the camera acquisition speed (the
frame per second) can be increased. At the opposite, to
precisely recognise objects, keypoints from other scales must
also be taken into account (more scales would have high
priorities) and the robot and camera speeds must be reduced
accordingly.
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Figure 5: Tasks with execution time linearly dependent with the
number of keypoints processed on representative samples.
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Figure 6: Tasks with unpredictable execution time on representa-
tive samples.

Yet designing a hard real-time system imposes the
static knowledge on upper bounds of application param-
eters. So our application, with its particular properties,
seems not adapted to execute in real time with deter-
ministic and predictive times. For that reason, we have
defined three modes (ranges of parameters and constraints)
based on the selective coarse-to-fine approach, which cor-
respond to the three main types of behaviour for the
robot.

(i) Fast mode: the robot moves around in a learnt
environment, it only needs coarse description of
the landscape but at a high frame rate. Thus, only
the lower scales are processed but the keypoints of
the current image must be provided to the neural
network (sensorimotor control in Figure 1) at the
rate corresponding to the robot speed.
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Table 1: Application modes.

Mode N FPS deadline mission

Fast 10 20 50 ms
Obstacle detection in
known environment

Intermediate 30 5 200 ms
Exploration of
unknown
environment

High detail 120 1 1s
Static detailed analysis
of environment

It is the reason why in this first mode we fix the
maximum number of extracted keypoint N = 10,
and the number of frames processed per second (fps)
to 20.

(ii) Intermediate mode: the robot moves slowly, for
example, when the passage is blocked (obstacle
avoidance, door passage) and needs more precision
on its environment. In this mode, the middle and
the lower scales are processed. So, keypoints with
information on a larger frequency band are provided
to the neural network.

In the intermediate mode, we fix N = 20 and the
system works at a rate of 5 fps.

(iii) High-detail mode: the robot is stopped in a recogni-
tion phase (object tracking, new place exploration).
All scales are fully processed and full information on
the visual environment is provided at the expense of
the processing time.

For this last mode, we fix N = 120 and the rate of the
system to 1 fps.

For all of these modes, summarised in Table 1, we
consider a constant value for the detection threshold γ =
200. The system parameters, such as the number of frames
per second processed by the system (and consequently the
period), have been defined from measures on a represen-
tative sample of images (acquired by the robot) on the
embedded softcore processor we use to determine realistic
times (the Nios II introduced previously). Moreover, the
upper, average, and lower bounds of execution times for
those three modes have been analysed in order to extract
predictive behaviours from the global dynamics. Exactly this
approach limits the system dynamics so that in each mode
the system would now be under hard real-time constraints.
It also allows to explore and define the dimensioning of the
embedded architecture.

Inside each mode, and from a task-scheduling point
of view, these mechanisms can be modelled by attributing
different priorities to the local features extraction and
normalisation tasks. Moreover, in some cases. the lowest
priority tasks may not be executed without significantly
damaging the robot behaviour. According to the external
conditions, scheduling or not the lowest priority tasks must
be integrated in a quality-of-service (QoS) information. This
information will be necessary to insure an efficient global
sensorimotor loop. Such a quality factor would easily be

computed locally with the number of extracted features
versus the total number of keypoints ratio. This execution
scenario can only be achieved by an embedded dynamical
real-time operating system.

So far, we are faced with a twofold problem. First, to
integrate the development of an embedded RTOS in an
HW/SW design flow. Second, to propose a design methodol-
ogy for exploring application-specific dynamical scheduling
strategies. Such a SoC design approach requires a methodical
design process based on the concept of high-level modelling
which allows designers to explore and validate application
deployment alternatives on a dedicated architecture. It
permits also to incrementally refine this model towards
the final hardware and software implementation. Today,
developing a high-level RTOS model constitutes a challenge
and exploring dedicated dynamical scheduling policies is not
addressed by existing approaches such as [11, 14, 16].

Since version 2.1 of the SLDL SystemC simulation
engine, we developed the basic mechanisms for building such
a model of an embedded RTOS. Those mechanisms will be
essential for the development of our future SoC platform.
From these basic blocks, we developed a modular SystemC
RTOS model. It provides the RTOS services responsible
for the dynamic control of the execution sequencing and
the possibility to dynamically create applicative processes.
The high-level model of this is described in the Section 3.
Section 4 will bring the first guidelines for using our model
as a basis for the exploration and validation of a dedicated
distributed embedded platform needed by our application.

3. BUILDING THE SYSTEMC MODEL OF
A REAL-TIME OS

We present in this section how it is possible to define a
SystemC model of a relatively simple but realistic real-time
operating system layer. We will particularly focus on the
dynamical mechanisms of the RTOS (i.e., the dynamical
creation and preemption of processes) needed by our vision
application.

For the sake of illustration, Figure 7(a) gives a subset
of the vision application, partitioned into several tasks,
that will be used to highlight the mechanisms we propose.
Sampling, Smoothing and DoG tasks correspond to the
subsampling, Gaussian filtering, and difference of Gaussian
operations. Search task searches, sorts, and extracts the
coordinates of the first keypoints above the detection thresh-
old. It takes as data input the result of DoG and its associated
Smoothing, and its parameters are N and γ. Extract task
builds the corresponding neighbourhoods and Norm task
transforms and normalises the local features. The exact way
the application is partitioned into tasks is out of the scope of
this work. Our purpose here is only to illustrate how we can
model and simulate the execution of a multitask application
on top of an embedded real-time OS.

In order to obtain the attended dynamic behaviour, our
application needs to create, depending on some parameters
or data, new treatments with different parallelism degrees.
This behaviour cannot be estimated during development nor
at compile time. The SystemC simulation kernel can neither
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Figure 7: Example of the vision application partitioned into a task graph in (a). Only two half scales belonging to two different scales
are illustrated. If an infinite number of resources are available and an ASAP (as soon as possible) scheduling is used, this graph would be
scheduled as illustrated in (b) where the two half-scales contain, respectively, 6 and 3 keypoints.

handle such an execution model. Indeed, standard SystemC
processes must be declared before starting a simulation
(at elaboration time) and cannot vary until the end of
simulation. This constitutes the first limitation of modelling
dynamical-embedded software as classical processes in Sys-
temC 2.0.

The second problem of modelling an OS in SystemC
consists in finding a mechanism allowing an explicit schedul-
ing of applicative tasks instead of the native event-based
SystemC scheduler. The native SystemC simulation kernel
acts as an abstraction layer and provides to the developer a
model of a pure virtual architecture with an infinite number
of resources. It thus simulates the execution of all processes
in a parallel way (see the example of Figure 7(b)). If an
architecture with a finite number of resources (processors)
is targeted, the exact behaviour of an application composed
of multiple tasks sharing the same resource cannot easily be
simulated.

As a third keypoint, scheduling a task in an RTOS not
only consists in starting or killing it but also, if preemptive
schedulers are targeted, in interrupting tasks and switching
between contexts. SystemC does not allow interrupting a
thread without an explicit declaration of breakpoints by
using the SystemC wait() primitive. Unfortunately, the
wait() call cannot take into account several preemption and
resume cycles. Thus a specific mechanism must be developed
for modelling such an execution scheme.

3.1. Modelling the bare mechanisms

Dynamical creation of tasks—creation of SystemC proces-
ses—is now possible by using the new SystemC kernel
version 2.1 that comes with the public boost library. This
library offers primitives for spawning processes and attaching
them to SystemC modules after the elaboration phase, thus

dynamically during simulation. Moreover, thanks to the
dynamic lists of sensitivity, SystemC threads can be started
and resumed depending on dynamically created events.

3.1.1. Task creation service

As shown in Figure 7(b), the potential parallelism of the nor-
malisation tasks (Norm) depends on the dynamical threshold
γ set by an external context recognition feedback (see also
Figure 1). The Extract task thus needs to dynamically
create a variable number of Norm subtasks depending on the
results of Search task.

We have implemented the create task() service of
the RTOS with the sc spawn() primitive of the kernel.
The create task() service allows an applicative task to
dynamically create several instances of new tasks. Our RTOS
model implements tasks as C++ classes containing several
data as member variables: priority, period, deadline, function
code, and so forth. It is important to note that our task
objects are not modelled as SystemC modules. Instead, each
task is given as a global function that comes in a separate
C++ file linked with our RTOS model. create task()
creates an instance of a new thread attached to the RTOS
model. It creates also a new event that will be used by the
scheduler for starting and resuming the thread. Finally, it
creates the corresponding C++ structure containing all task
data (e.g., task control block) for an easy manipulation by the
RTOS.

By specifying tasks as functions instead of SystemC
modules, application engineers do not need to take care
about detailed implementation of the model. Moreover, as
it will be mentioned in Section 4, the same application code
could be used in a refined architectural model without any
modification of the source code. For example, it could be
linked with a more complicated platform model having
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Figure 8: Details of the preemption mechanism provided by the os wait() service.

several RTOS instances, thus modelling a multiprocessor
architecture.

3.1.2. Scheduling

The main module of our RTOS model is the scheduler
function. This function is developed as a member method
of the scheduling module inside the RTOS model. Thanks
to the object-oriented SystemC kernel, modifications of
the scheduler can be done by using inheritance. Method
overload is a light way for exploring different scheduling
strategies. Even without the preemption mechanism, the
model can help the developers to set the right task priorities
and explore the scheduling algorithm. However, with the
execution time modelling, a refined preemptive scheduling
could be simulated and could give results on the OS overhead
(number of context switches).

3.1.3. Tasks preemption

For modelling task interruption and preemption, we have
created a dedicated os wait() service that gives control to
the OS model and allows taking into account preemption
and context switches. Tasks are viewed as sequence of
functional code and system calls. So their code is splitted
into unbreakable portions of code each having their own
estimated execution time, mentioned by using the os wait()
primitive. The os wait() primitive has been written as a
blocking call that returns after a specific time delay and
allow to model preemption. This delay is the estimated task
duration added dynamically by the sum of all interrupt
treatments or scheduler invocations durations suspending
the task. In this manner, os wait() service acts as a way to
model exact execution time and concurrency of tasks.

As an illustration, Figure 8 gives details about how pre-
emption is modelled on a single processor architecture. The
call to the SystemC wait primitive is encapsulated into the
os wait() service. In this example, when taskA is launched,
it first runs its functional code portion in zero simulation
time, then it simulates its execution time by the os wait()
call instead of the classical wait() with its duration given in

parameter (delayA). In fact, the corresponding service code
waits for both the duration timeout and any interruption
event like the real-time clock tick which announce the
wakeup of the scheduling service. As the execution time of
TaskA is greater than the clock period, the elapsed time T
(t2− t1 on Figure 8) is taken into account and subtracted to
the attended execution time.

At date t2, the scheduler is executed and launches TaskB
which has the same priority, following the round-robin
policy. After the simulated context switching duration (t3 −
t2), the synchronisation event of TaskB is notified and the
schedule process waits until a new clock tick. At time, t3
TaskB executes its functional code till the first encountered
os wait() call. This functional code is executed in zero time
in the SystemC simulation engine. At its turn, TaskB calls the
os wait() service for a duration lower than the tick period
and terminates. At date t4, TaskA is scheduled again and
completes its execution time simulation (t5).

With this preemption model, the number of context
switches between SystemC threads is approximately equal to
the one in a real-preemptive RTOS kernel [29]. This leads
to an efficient simulation with no significant overhead (see
Section 3.3).

3.2. Building modular RTOS models

Thanks to the object-oriented nature of the SystemC library,
the RTOS model can be developed in a modular way
[29]. Adding new or specific services and modules can be
easily done by using objects aggregation or inheritance and
objects relationships. The RTOS interface (its application
programming interface) works exactly the same way and
can be updated and augmented according to the application
needs.

Our RTOS model is implemented as a single hierarchical
SystemC module and instantiates multiple service modules
(see Figure 9). Each service module is also a hierarchical
SystemC channel (is a SystemC module that inherits from
SystemC interfaces). The application programming interface
of a given service module is a part of the global RTOS API.
This global API provided to the application is constructed
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in a modular way in the sense that it is the union of the all
API interfaces instantiated by service modules. This can be
done automatically at design time thanks to the sc export()
facility.

In addition, each service module of an RTOS model can
provide an internal interface through which other service
modules can interact. Respectively, each service module
can have an internal communication port (sc port〈〉)
requiring the internal interface of another service module.
Communication between modules are for the moment
modelled as simple method invocations. An example of
such a communication is the internal change task state()
service call offered by the task management module: it allows
other modules (as for the scheduling module for example) to
change the internal state of an active task (see Algorithm 1
for the SystemC skeleton).

In order to propose a generic RTOS structure, we have
defined several service categories by taking into account the
potential locality of shared internal data as an important cri-
terion. It is important to notice that minimising the service
modules granularity—by building elementary modules—
could enhance the exploration capability of the OS model at
the expense of more complex communication infrastructure
between modules. Our nonexhaustive service module list
is then mainly composed of the following services: task

// Task management service API
class task mgr if: virtual public sc interface {
public:

virtual task∗ create task (· · · ) = 0;
virtual void kill task (· · · ) = 0;
virtual int get pid (· · · ) = 0;
· · ·

};
// Task management service internal interface
class task mgr iif: virtual public sc interface {
public:

virtual void change task state (· · · ) = 0;
· · ·

};
// Task management service module header
class task mgr: public sc channel,

public task mgr if,
public task mgr iif {

private:
· · ·

}; // End class taskmgr

// RTOS SystemC module
class my OS: public sc module{
public:

// export all services API
sc export〈task mgr if〉 TMGR IF;
· · ·

SC HAS PROCESS (my OS);
· · ·
// instanciates all service modules
task mgr my task mgr;
scheduler my sheduler;
· · ·
// inter module binding
my scheduler·task mgr port (my task mgr);
· · ·
// modules/exports binding is done in
// the constructor
· · ·
}; // End class my OS

Algorithm 1: Example of the modular construction of the RTOS
module. This example shows how a service module is declared with
both a global interface exported to the application and an internal
interface offered by this module to other service modules. The
whole API is built by exporting each service’s interface.

management, interrupt requests management, semaphore
service, scheduling, timer, and real-time clock management.

3.3. Validation of the abstract OS

Our RTOS model has been written in SystemC and was firstly
validated under a single processor assumption with all of
the presented services and RTOS modules. Two schedulers
with different strategies have been tested in the model (fixed
priorities without preemption and real-time round-robin).
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Figure 10: Number of process created and managed by the OS
model during the application simulation.

The vision application source code has also been validated
on top of the RTOS model. One can notice that porting
this source code on the RTOS API did not represent a
significant effort. The simulation of our application with the
RTOS layer produced interesting results: a graphical C++
library (gtk + 2.0) has been included in the SystemC code
and allowed us a quick functional verification (Figure 11).
In addition, the model produces execution traces that
allows a deep examination of the application behaviour. For
example, simulation results presented in Figure 10 illustrate
the dynamic behaviour of the RTOS model. Figure 10 shows
the evolution of the number of active process in the different
modes according to the complexity of the visual environ-
ment. In high-detail mode, all scales are processed and the
number of process depends on the number of keypoints
in the video frames. In this example, the OS dynamically
creates, schedules, and deletes up to 420 processes. In the
intermediate and fast modes, the number of process is,
respectively, bounded to 30 and 10 processes by half-scale.

Moreover, a timed simulation is possible with this model.
Indeed, timing data can be inserted in the SystemC code.
Execution time estimations can be added in the RTOS model
by using the dedicated wait() function inside the each RTOS
module for modelling durations of system calls. By doing
so, it becomes possible to simulate the timing overhead
produced by the RTOS calls and scheduling operations. In
addition, a global performance evaluation is also possible
by giving worst-case execution time (WCET) estimations
of each code portion as parameters to the os wait()
pseudoservice calls in the application code.

We evaluated the accuracy of our modelling approach by
performing several sets of experiments and comparing the
simulated execution times relatively to actual board measure-
ments for multiple sets of data. The average application times
are depicted in Table 2.

According to these results the high-level simulation,
accuracy is within 3-4% of board measurements. This
accuracy is acceptable at this level of description where the
processing elements are abstracted. In addition, the exact
task ordering and preemption realised by μC/OS-II on the
board is modelled [29] thanks to the preemption modelling
described precedently.

We have also compared the simulation duration of our
application with or without the RTOS model. The simulation
duration is about 2 minutes 53 seconds for the application
described as pure functional C code (using Linux host API)
and 3 minutes 12 seconds when the application runs over
4 SystemC RTOS models. These results have been obtained
with a simulation host machine equipped with an Intel Dual-
core at 1.66 GHz and on a set of 1000 images.

These results demonstrate that an annotated OS-based
exploration methodology responds to the tradeoff between
simulation time and estimation accuracy at early design
steps in order to model and explore concurrency without
taking into account specificities of the processing elements
architecture. These properties will help us to explore the
architecture dimensioning in Section 5.

4. TOWARDS A GLOBAL PLATFORM EXPLORATION
AND DESIGN FLOW

In order to finalise the SoC platform, we must follow a
dedicated methodology that includes the RTOS exploration
and validation. We thus propose a global exploration and
design flow based on successive refinement steps of both
the architecture and the RTOS implementation strategies.
This flow is partially inspired by the works of Gajski et al.
and Jerraya et al. and is illustrated in Figure 12. A three-
step modelling approach (specification, architecture, and
implementation levels) has been proposed in [12]. The main
drawback of this proposal is that there still exists a design gap
between the architectural model (the one exhibiting the OS
model) and the final implementation model (with processors
modelled as instruction set simulators (ISSs)). For bridging
this gap, we propose an intermediate distributed architecture
model where the parallelism can be explored. The presented
high-level RTOS model is used both in the second and third
steps of this flow.

4.1. The SoC modelling flow

The proposed methodology then consists in four successive
modelling levels (specification, executive, distribution, and
implementation models) described in the following.

4.1.1. Specification model

This model is written as a pure SystemC model of the appli-
cation where each applicative task is a SystemC thread or pro-
cess and where intertask communications take place through
the SystemC primitive channel (sc mutex, sc fifo, etc.).
Tasks are synchronised with sc events. The whole appli-
cation is specified as a single sc module with all tasks as
member functions. A complete functional verification of the
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Figure 11: Graphical results of the SystemC functional model simulation obtained by using the gtk + 2.0 C++ library.

Table 2: Comparison between accuracy and simulation time of the OS model.

Board measurements Simulation estimations Error percentage Simulation duration per image

29268.570400 ms 28369.598240 ms 3.07% 192 ms

application is possible at this level. The SystemC kernel and
its API model the pure virtual architecture that executes
the application. Due to the SystemC concurrency principle,
an infinite number of resources is simulated at this level.
Moreover, additional C++ libraries can be used for debug
purpose and can give a functional trace of the application
similar to the one illustrated in Figure 11.

4.1.2. Executive model

The second model refines the previous one by adding
an explicit RTOS layer in the application model. At this
level, a SystemC module models the whole application.
This main module only contains the first main task of the
application that acts as the boot code of a real-embedded
RTOS: it initialises the scheduler (OSInit() service), creates
the first task, and launches the OS scheduler (OSStart()
service). The application source code has access to the
RTOS services through the whole RTOS API. All accesses
to SystemC primitive channels are thus replaced by OS
calls. This can be done automatically by a simple C/C++
compiler preprocessing step. In addition, execution time
of tasks may be modelled by os wait() calls. No further
modifications of the application code are necessary and a
very fast validation can then be done. At this level, a number
of strategies can be explored for customising the needed
RTOS layer (scheduling policies, preemption model, and

implementation of some optional services). Exploring the
software or hardware implementation of the applicative tasks
is not yet addressed at this level. The main objective is to
explore the global sequencing of operations.

4.1.3. Distribution model

The distribution model is built by instantiating multiple
(eventually different) OS models (see Figure 13). All models
have access to the applicative C++ functions given in
the specification source code and a global multiprocessor
evaluation is allowed. In this case, each RTOS node integrates
some specific modules dedicated to inter-OS synchronisation
and communication. The associated RTOS services can then
be explored at this level. One can note that simulating
the architecture at this level allows an exploration of the
number and type of resources without explicitly modelling
processing resources (microprocessors). Up to this level,
communication infrastructure refinement will be done by
following the transaction level modelling (TLM) supported
by the SystemC language [6].

4.1.4. Implementation model

This model is the last step before the physical synthesis of the
platform. Hardware parts (memories, I/O devices, interrupt
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handlers, hardware accelerators, etc.) of the platform are
described as register transfer level (RTL) models. Processors
are represented by their instruction set simulators. The
application source code must be compiled and inserted
in the platform model in the form of executable binaries.
Simulation results can then be accurate at the clock cycle level
(Cycle Accurate) or even at the signal level (Bit Accurate).
At this level, the exploration and validation of a number
of strategies have been done and the following physical
synthesis of the platform can be realised by classical hardware
design tools. We are not concerned in developing models at
this level of abstraction.

This exploration methodology can be applied to a lot
of different platform architectures and application domains.
This flow is particularly well adapted to dynamic contexts,
applications, and environments.

4.2. Modelling a distributed architecture

This part presents the latest results obtained when using
the RTOS model presented in Section 3 for modelling a
distributed multiprocessor architecture for the vision appli-
cation.

Based on the presented SystemC RTOS model, and by
taking advantage of modularity and genericity of SystemC
models, we have developed a multi-RTOS model. At this level
of abstraction, each processing element is represented by a
single RTOS model. Each RTOS is responsible in executing its
own part of the application (we assume that the application
partitioning is done at design time). The application thus
comes in the form of one main task per execution node.
These main tasks are responsible in the creation of all
application tasks and interrupt handlers. Each RTOS is also
augmented by a communication port through which it can
communicate with external world.

A common shared service is necessary to insure com-
munication and synchronisation between tasks executed on
different nodes. A shared semaphore module has been easily
modelled by adding an extra RTOS model representing a
unique semaphore service module. This module would be
either refined as a single processor running a dedicated
semaphore service or a hardware interprocessor synchro-
nisation block. Figure 13 illustrates how multiple RTOS
models can interact by using this shared module. Each local
semaphore service module has been replaced by a proxy
module implementing multi-RTOS communications. We
inspired from the CORBA philosophy where proxies are used
to implement a service invocation and skeletons are in charge
of implementing the service itself. Distant communications
between proxies and skeletons are modelled as simple
method invocations and can be managed by any transport
layer as for a TLM infrastructure for example.

5. EXPLORING THE APPLICATION ARCHITECTURE

Based on the presented design flow, we use our modelling
framework to explore the architecture of the vision appli-
cation. As described in Section 2.2, we made the profiling
of the entire application on an embedded platform. We

Table 3: Software profiling of the significant application tasks
Average execution times on 20 representative images.

Task
Average execution
time (ms)

Percentage

Gradients 13915.4 49%

HF Gaussian filtering 9795.8 35%

LF Gaussian filtering 426.0 1.5%

HF DoGs 443.0 1.6%

LF DoGs 15.3 0.05%

HF Searches 1286.1 4.6%

HF Extracts (+ norm.) 58.8 0.21%

LF Searches 45.1 0.16%

LF Extracts (+ norm.) 33.1 0.12%

Others (MF tasks, sampling) 2238.2 7.9%

Total 28257.2 100 %

also built the profile of the μC/OS-II real-time services
(deterministic). The timing data were measured and back-
annotated into the high-level model in order to explore
and evaluate the architecture dimensioning and the imple-
mentation strategies: tasks distribution, services distribution,
scheduling algorithms, and so forth.

As illustrated in Table 3, the on-board measurements
helps to determine the critical portions of the application.
In high-detail mode the gradient and the HF Gaussian
filters represent more than 80% of the total execution
time. Moreover, on the software implementation, all the
treatments realised on high frequencies, except the extract
task, are very critical and exceed the real-time constraint of
the high-detail mode of the application: 1000 milliseconds.
More generally, the actual software implementation of the
common gradient task is incompatible with any of the three
identified real-time behaviours.

For these reasons, we used the modularity advantage of
the OS model to evaluate the gain of parallelism on the
execution time of the three identified modes. Figure 14 shows
the potential gain using multiple processors (from 2 to 5)
for the high-detail mode. The better software partitioning
among the explored ones is depicted on Figures 2 and 16;
but the parallelisation has no significant effect beyond 2
processors. Indeed, the concurrency in the application only
appears between the sequential Gaussian pyramid and the
different scales (searches and extractions tasks), and between
the normalisation tasks inside each scale, the latters only
represent a small percentage of the total software application
time. In addition, as illustrated in Table 3, the difference of
complexity between scales explains the nonsignificant gain
for the parallelisation of the normalisation tasks on a third
processor.

Hence, only a hardware and software implementation
could thus respect our variable constraints by accelerating
the Gaussian pyramid.

According to the results of the first exploration phase,
the identified critical and regular treatments (gradient,
HF Gaussian filters, and DoGs) are candidates to a static
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Figure 14: Execution times for different numbers of processors, in
a full SW implementation.

hardware implementation as dedicated accelerators. These
results conduct to a first-refinement process. Indeed, in
order to evaluate the acceleration, we developed a VHDL
description of the selected tasks. The temporal characteristics
reported by the hardware synthesis tool (Altera’s Quartus
II for our example) were integrated into the model. The
corresponding hardware tasks were modelled as indepen-
dent and concurrent SystemC threads with back-annotated
execution times. In addition, each hardware block provides
an interruption line for synchronisation with the software
part when data are produced. From the identified Hw/Sw
partitioning, we led a second set of experiments resulting on
the performance evaluations depicted in Figure 15 (the figure
only represents results for the high-detail mode). Comparing
Figures 14 and 15, we found a speed up factor of x17, thanks
to the hardware acceleration. The hardware implementation
of the pyramid also makes the parallelisation effects more
significant on the third processor.

However, the challenge of the exploration was to find
an architecture respecting the constraints corresponding to
the three application modes. Exactly each mode executes
different treatments under different rates. The variation of
constraints finally leads to three embedded architectures that
are presented in Figure 16. In fast mode, the lower scales are
implemented on two processors. If two processors or more
are used, the worst-case execution time of the application is
about 48 milliseconds thus corresponding to the robot speed.
In intermediate mode, 3 processors are needed leading to a
total execution time under 150 milliseconds. In this mode,
since the period constraint is relaxed, the two half lower
scales can be implemented on the same processor. Finally,
in the high-detail mode, the search and extract tasks of the
two high-frequency half scales are processed on separate
processors while low and medium frequencies are executed
on a single processor. The maximum total execution time in
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Figure 15: Execution times for different numbers of processors, on
our hybrid HW/SW architecture.

this mode is 950 milliseconds on our three processor model.
In the three cases, the architecture contains at least two
common components: the hardware-gradient accelerator
and a processor executing at least the low-frequency tasks.
The performance results obtained with the following Hw/Sw
solution are summarised in Figure 17.

The final system meets all the application requirements
in each mode.

As a conclusion, we have successfully modelled a realistic
multiprocessor platform with our distributed OS model.
Thanks to the properties of the model, we have explored
and defined the architecture adapted to the application
requirements. The considered target platform is a System on
Programmable Chip (SoPC) from ALTERA [30].

With our conclusions, an FPGA will be configured with
3 RISC microprocessors (Nios II) and the selected hardware
blocks (accelerator and semaphore). Each processor will
run an instance of a custom RTOS refined from the OS
model. The interprocessor synchronisation will be realised
through the shared hardware semaphore service. The entire
application can thus be implemented on a single chip SoC.

In order to optimize the mode changes, we are now
interested in refining the OS in order to support new specific
services such as online software migration and dynamic
voltage scaling (DVS) scheduling since only two of the three
processors are useful in fast mode. These mechanisms will
be managed by the dedicated and distributed OS. Another
interesting perspective is the management of dynamically
hardware reconfigurable units in order to propose a hard-
ware adaptive architecture.

6. CONCLUSION

We have presented in this paper a particular design problem
dealing with the SoC implementation of a visual system
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Figure 17: Execution times comparison on different modes on our
hybrid architecture (HW + multiprocessor SW).

embedded in a mobile robot. The image-processing applica-
tion works on a multiscale pyramidal decomposition of the
images and extracts local features in the neighbourhoods of
interest points. Such an application could be used for objects
localisation, tracking, or recognition.

Since this application is inserted into a biologically
inspired sensorimotor loop, it participates to the global sys-

tem dynamics. As a first contribution, we precisely analysed
the impact of the dynamics on the application behaviour. It
has been shown that a lot of characteristics dynamically vary
according to the regulation process imposed by the global
system.

We have also shown that these variations are unpre-
dictable without an entire a priori knowledge on the envi-
ronment. We have thus demonstrated that classical design
techniques based on static scheduling will fail to efficiently
implement such an application. Only a custom RTOS with
dedicated services could manage the adaptation of the
architecture to the environment variations. The exploration
and the definition of the required architecture have been
made possible thanks to a high-level executable model of
RTOS. This model facilitates early system dimensioning and
application partitioning.

Our second contribution consists in detailing the bare
dynamic mechanisms necessary to build a SystemC RTOS
model. These mechanisms mainly provide the dynamical
creation of SystemC processes and the preemption and
execution time modelling. We have chosen the SystemC lan-
guage for its ability to model and simulate both hardware and
software systems at multiple levels of abstraction. We have
also presented in this paper an operational executable RTOS
model including these mechanisms. This model has been
used to simulate the vision application on a representative
set of data.

Finally, we have described how this RTOS model can
be modified in order to be used for building a distributed
architecture model. We have constructed the model of a
realistic MPSoC platform containing multiple execution



François Verdier et al. 17

nodes and a shared-hardware semaphore. The application
partitioning and the architecture dimensioning have been
made by using and customizing our generic model during
the proposed exploration process. The obtained results
constitute a promising way for the final SoC design. More
generally, this work falls into the scope of the OveRSoC
project [31] that aims at developing an exploration method-
ology adapted to the design of dynamically reconfigurable
systems. The high-level SystemC RTOS model presented in
this paper is expected to be used also for the exploration of
custom RTOS services dedicated to the management of these
particular dynamically reconfigurable resources.
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1. INTRODUCTION

Video and multimedia algorithms have changed a lot since
their first achievements in the early nineties. If we take the
example of ISO/IEC video coding standards (better known
as MPEG), we can observe that each successive codec genera-
tion released by MPEG has been substantially more complex
than the previous, typically yielding twice the compression
efficiency of its predecessor. Due to the growing complexity,
the textual specification of recent standards (since MPEG-
4) [1] has lost its normative role, being replaced by the
reference software implementation as the true normative
specification. Any ambiguous interpretation is solved by
referring to the software description. Therefore, the generic
and nonoptimized sequential software description became
the starting point for any implementation of a video stan-
dard. Unfortunately, working and reasoning on architectural
solutions, such as SW/HW partitioning, on a few tenth
of thousands of reference software lines of code is a very

time- and resource-consuming task [2]. In the traditional
way of designing hardware blocks, designers must find out
a suitable architecture and isolate the candidate hardware
components. Appropriate test vectors must be also generated
to test each of these processing elements. Such sequence
of tasks could result in more resource demanding than the
pure hardware development itself. Realizing this fact, two
initiatives have been taken within the MPEG standardization
committee. The first was to develop a generic-optimized
reference software version of the standard (MPEG-4 Part 7)
[3]. The second was to derive mixed SW/HW descriptions
from the reference software. The blocks described in a
hardware description language (HDL) are now included in
the standard (MPEG-4 Part 9 [4]).

Nowadays, reference software is the true starting point
for the implementation of video codecs on embedded sys-
tems and usually the reference software is written in C/C++.
The first step of such process is to identify from the reference
software candidate IP components for implementation in
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HW and separate them from what should remain SW and
should be optimized for the target-embedded platform.
The platform described in this paper supports the designer
in the identification and development of the different IP
components extracted from the reference software and in the
validation and test under the real test vectors. The validation
and test is not a simulation stage, but the real execution of the
partitioned system on a generic SW/HW architecture. The
result does not constitute the final algorithm implementa-
tion, but provides useful information for the exploration of
the SW/HW design space.

The paper is organized as follows. Section 2 exposes the
state-of-the-art of the existing platforms supporting rapid
prototyping of video and multimedia designs for embedded
implementations. Section 3 presents the concept of the
virtual socket platform. Section 4 describes in detail the
implementation of the virtual memory extension. Section 5
explains how useful profiling information can be extracted by
executing the algorithm on the platform. Section 6 outlines a
design methodology for the development of heterogeneous
implementations according to different optimizations start-
ing from a reference software by exploiting the features of the
virtual socket platforms. Section 7 demonstrates the usage of
the platform and associated tools in a real case study: the
design and optimization of an MPEG-4 motion estimation
module. Section 8 concludes the paper.

2. STATE-OF-THE-ART

Even if C/C++ language is not an appropriate language to
specify and model signal processing algorithms in the early
steps of the design flow of embedded systems, it is still widely
used in several contexts. Consequently, the first problem
embedded systems designers have to face is the conversion of
the generic sequential C/C++ reference software into a form
that begins to include architectural features of the selected
embedded platform. For instance, this means to identify
functions that can be processed by software or hardware
coprocessor units if available and to express them in a form
that exploits the available parallelism.

In the early stages of the design flow, designers should
have a feeling about the architecture of the system, that is,
decide which part of the algorithm must be in hardware
or software. Unfortunately, the intuition of the designer
becomes not reliable when dealing with complex systems.
It may lead to wrong initial decision that affects all other
stages of the design states. The possibility of quickly testing
possible solutions is a clear advantage to try to find the best
architecture. In platform-based design, the entire algorithm
must be mapped on the development platform, mapping
SW parts on embedded processors and HW parts on FPGA.
Platforms are composed of processors, dedicated hardware,
and reconfigurable hardware (FPGA). For example, the XUP
Virtex-II Pro Development System [5] provides an advanced
hardware platform that consists of a high-performance
Virtex-II Pro Platform FPGA (with PowerPC 405 cores)
surrounded by a comprehensive collection of peripheral
components that can be used to create a complex system.

Another example of such platform is the Celoxica RC1000-
PP PCI board [6].

From such class of platforms, in which the entire
algorithm is mapped on the platform itself, the sharing of
data between a host PC and the platform is possible [7]. The
main program still lies in the embedded processor and data
on the host are easily available by means of virtual serial
ports. However, the plugging of hardware modules inside
the reference software running on the host remains the most
difficult task.

The more advanced step is reached by the work of
Martyn Edwards and Benjamin Fozard [8]. An FPGA-
based algorithm (implemented on an external platform)
is activated from the host PC, directly from the reference
software. Such platform is based on the Celoxica RC1000-
PP board [6] and communicates with the host by using the
PCI bus. The main program is on the host processor, sends
control information to the FPGA, and transfers data in a
small shared memory which is part of the hardware platform.
In such case, the designer must explicitly transfer the data
necessary for the processing (on the platform) from the host
to the local memory. Other works addressing coprocessors
and relative coprocessors interfaces have been reported in
literature. Some examples are given in [9, 10]. However, the
problem of seamlessly plugging hardware modules is not yet
solved and the specification of the data transfers remains to
the charge of the designer.

The problem appears when dealing with large amount
of data and irregular accesses, as it occurs in complex
data-dominated video or multimedia systems. Explicitly
specifying all the data transfers might be a very burdensome
task. In some works on coprocessors, data transfers can be
generated automatically by the host like, for instance, in the
case reported in [11]. However, data are copied in the local
memory at a predefined location. Thus, the HDL module
must be aware of the physical addresses of the data in the
local memory. Again, the management of the addresses can
be a nontrivial and resource consuming task when dealing
with complex algorithms.

The virtual socket concept has been presented in [12–14]
and has been developed to support the mixed specification
of MPEG-4 Part 2 and Part 10 (AVC/H.264) specifications in
terms of reference SW including the plug-in of HDL modules
[4]. The platform is constituted by a standard PC, where the
SW is running and a PCMCIA card that contains an FPGA
and a local memory. In this platform, HDL modules on the
platform can be started directly from the reference software,
but the data transfers between the host memory and the local
memory on the platform must be explicitly specified by the
designer/programer.

In conclusion, testing the behavior of the implemen-
tation in HW of parts of a reference software is not
a trivial task. It is very resource-consuming in term of
design efforts, but is very attractive as a design exploration
methodology. Designers need a framework in which it is
easy to make seamless call the hardware components directly
from the reference software and test the performances of
the HW modules without worrying too much about low-
level implementations details. This is possible only if the
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hardware components are closely linked to the reference
software environment. Some HW/SW codesign platforms
can be used to support the algorithm-architecture adaptation
methodology [15], but all of them lack a simple procedure
capable of plugging seamlessly hardware modules described
in HDL within a pure reference software. The problem of the
current platforms is that either the memory management is a
burdensome task or the call to the hardware modules is done
by an embedded processor on the platform.

3. OVERVIEW OF THE VIRTUAL SOCKET PLATFORM

As a possible solution to the problem described in Section 2,
this paper presents an extension of the virtual socket
platform [12–14] capable of easily plugging and calling
hardware modules directly from the reference software
without worrying about the data transfers between the host
and the hardware modules. Specifying explicitly the data
transfers would not constitute a burdensome task when
dealing with simple deterministic algorithms for which the
data required by the HDL module are known exactly. Data
transfers cannot be explicitly specified in advance by the
designer in the case of complex designs, where design
tradeoffs are much more convenient and viable than worst
case designs. The idea is not to build a final embedded
system because the underlying hardware used in the platform
(wildcard and PC processor) is very different from the
hardware components of the platform used for a real
implementation. The idea is to provide a framework to
transform seamlessly C/C++ reference software into a mixed
HW/SW representation (C/C++ and VHDL). The step-by-
step transformation method is especially interesting when
dealing with large reference software packages composed of
several tens of thousand lines of codes. The work described
here allows the designer to transform step by step a large
reference software package into a mixed HW/SW without
worrying about data transfers between the software and
hardware environments.

Given a reference software and a given partitioning
between SW and HW, so as to test each HW candidate
module separately, the designer executes some parts of
the reference algorithm using the host processor and runs
the HW module on the virtual socket platform which is
the implementation support for the hardware. So as to
easily handle such mixed HW/SW specifications, it is very
convenient that the HDL module and the C/C++ functions
have access to the same user memory space. This latter is part
of the host software and contains all the data to be processed.
Such host memory space is trivially available by the processor
which executes the reference software, but it is much less
evident for the virtual socket platform which is the support
for the HW modules and lies on the FPGA.

The extension consists in adding virtual memory capa-
bilities to enable automatic data transfers between the host,
running the SW part and the platform, running the HW
modules. Thus, a portion of software reference code can be
easily replaced and executed by an HDL module without
the need of specifying any data transfer explicitly. HDL
modules are started directly from the reference software.
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SInner Avr;
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Figure 1: Relations between the unified virtual memory, the
reference software algorithm, and the HDL module.

Having a shared memory-enforced by a cache-coherence
protocol—between the host PC running, the SW sections,
and the platform running HW modules—avoids the need
of specifying explicitly all the data transfers. The clear
advantage of this solution is that the data transfer needed
to feed the HDL module can be profiled so as to explore
different memory architecture solutions. Another advantage
of such direct map is that conformance with the original SW
specification is guaranteed at any stage and the generation of
test vectors is naturally provided by the way the HDL module
is plugged to the SW section. This platform can help in the
design of low-power designs thanks to the profiling of data
transfers [16] and enable algorithm-architecture codesign
methodology to build complex multimedia systems [17].

3.1. Principle

Figure 1 illustrates the principle of the platform with its
extension and shows the interactions between the unified
virtual memory (6), the reference software (1), and an HDL
module (4).

For a given algorithm described in a mixed C/C++ and
HDL form (1), the software parts are executed by the host
processor (5). The hardware parts are executed by the HDL
modules described in VHDL (4) implemented on the FPGA.
In the original version of the platform [12–14], hardware
modules only have access to the local memory on the
platform and all the data transfers from the host to the local
memory have to be explicitly specified in advance by the
designer. It is needless to underline how difficult this task
can become when the designer deals with complex signal
processing algorithms such as MPEG video codecs. Such
operations can be especially error prone when the volume



4 EURASIP Journal on Embedded Systems

of data is large compared to the small size of the local
memory. With the extension, the HDL modules (4) on the
FPGA and the C/C++ functions (1) on the host processor
(5) have access to the same user memory space (6). The
part of C/C++ code of the reference software the designer
intends to execute in hardware is replaced by the hardware
call function (2). The Start module ( ) function drives the
virtual socket platform and its extension (3) to trigger the
execution of the HDL module (4). The platform (3) manages
the data transfers between the main memory (6) and the
local memory on the platform (3-4).

3.2. Architecture of the platform

The virtual socket platform is composed of a PCMCIA card
and a set of software libraries in C to enable communications
between the PC and the platform. The PCMCIA card
contains an FPGA, memories, and an interface for the host
computer (PC). The virtual socket platform handles the
communications between the HDL modules implemented
on the FPGA on the PCMCIA card and the host PC. Figure 2
shows the connections between the HDL modules, the host
PC, and the virtual socket platform. The virtual memory
extension comprises the window memory unit (WMU) and
the virtual memory controller (VMC) hardware blocks and
a software library (virtual manager window) not represented
on the figure.

The extension is capable of automatically handling the
data transfers and is implemented with three components.
The window manager unit (WMU) hardware module trans-
lates virtual addresses into physical addresses. The virtual
memory controller (VMC) hardware module is a kind of
switch in order to manage two different modes: the original
and virtual modes. These modes correspond to the type of
access the HDL module asks for. If the HDL module sends a
physical address, the explicit mode is active. This mode is the
one implemented in the original platform. For further detail,
the reader can refer to [12–14]. If the HDL module sends
a virtual address to the virtual socket platform, the virtual
mode is active. In the virtual mode, the cache-coherence
protocol guarantees the coherency between the main and
local memories. This protocol is implemented in the window
manager unit (WMU) using a translation lookaside buffer
(TLB) in cooperation with the virtual manager window
(VMW) software library. The designer is free to choose one
of the two modes for requesting data from the HDL module.

3.3. Integration of an HDL module into the platform

The platform supports the call of an HDL module from the
reference software running on the PC. The first part explains
how such a call is written inside the reference software. The
second part explains how the VHDL code from the designer
must be inserted in the platform.

3.3.1. Call of the HDL module from the reference software

the segment of C code of the reference software the designer
wants to execute in hardware using a specific module

is replaced by the hardware call function with optional
parameters to configure the module. The hardware call
function is composed of the following simple steps.

(i) Open and configure the platform: the designer config-
ures the platform by using the Platform Init ( )
and VMW Init ( ) functions from the virtual socket
API and VMW API.

(ii) Parameters: the designer sets a given number of
parameters needed for the configuration of the HW
module. Sixteen parameters are available for each
HW module.

(iii) Start of the HDL module: the HDL module is started
with the Start module ( ) function which sends
first the parameters to the HDL module and then
triggers the execution. This function is part of
the VMW API. During the execution, the module
sends requests to the platform to obtain data. These
requests are treated by the virtual socket platform
and the virtual memory extension to feed the HDL
with the correct data coming from the unified virtual
memory.

(iv) Close the platform: when the entire job is finished, the
platform is closed.

The hardware call function is shown as in Algo-
rithm 1.

3.3.2. The wrapper around the hardware module

the designer intends to test a hardware module correspond-
ing to a piece of reference software. This hardware module
has specific inputs and outputs. Around this hardware
module, a wrapper provides the link between the hardware
module and the virtual socket platform. Such wrapper is
connected to the virtual socket platform with the standard
interface and to the hardware module under test with its
specific inputs and outputs. The wrapper appears as a finite
state machine (FSM) and feeds the hardware module with
data coming from the virtual socket platform through the
standard interface. The wrapper is specific to each hardware
module under test because only the designer knows how to
feed the data into this hardware module. The FSM must
respect the constraints of the hardware module in terms of
data and timing. Consequently, there are several ways to
integrate the hardware module into the platform.

(i) Designers can use FIFO in front of the module to
test the true performances of the hardware module.
FIFOs are necessary to avoid that the hardware
module waits for data. Using the profiling feature of
the platform, designers can test the performances of
the module.

(ii) Designers can connect directly the interface of the
platform to the inputs and outputs of the hardware
module in order to test the functionality. Thus, the
profiling tool indicates at which moment the data are
accessed. In this case, the hardware module under test
must be able to wait for data at their inputs.
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Figure 2: Overview of the virtual socket platform.

int main (int argc, char ∗argv []) {
/∗ [· · · ] Reference Software Algorithm stops here ∗/
/∗ Beginning of the HDL module calling procedure ∗/
/∗∗∗∗∗∗∗ OPEN AND CONFIGURE THE PLATFORM ∗∗∗∗∗∗∗/

Platform Init ( ) ; // Virtual Socket

VMW Init ( ) ; // Virtual Memory Extension

/∗∗∗∗∗∗∗ PARAMETERS ∗∗∗∗∗∗∗/
Module Param . nb param = 4 ; // number of parameters

Module Param . Param [0] = A ; // parameter 1

Module Param . Param [1] = B ; // parameter 2

Module Param . Param [2] = C ; // parameter 3

Module Param . Param [3] = D ; // parameter 4

/∗∗∗∗∗∗∗ HDL MODULE START ∗∗∗∗∗∗∗/
Start module (1, &Module Param) ;

/∗∗∗∗∗∗∗ CLOSE THE PLATFORM ∗∗∗∗∗∗∗/
VMW Stop ( ) ; // Virtual Memory Extension

Platform Stop ( ) ; // Virtual Socket

/∗ End of the HDL module calling procedure ∗/
/∗ [· · · ] the Reference Software Algorithm continues ∗/
}

Algorithm 1

Figure 3 illustrates the links between the wrapper, the
virtual socket platform, and the hardware module under test.
In order that a hardware module can be tested using this
platform, minor constraints need to be considered.

(i) The HDL module must have a start process
signal as an input to trigger its execution.

(ii) The HDL module must have a process finished
signal as an output to indicate when the module
finishes.

(iii) In the case where the designer tests the functionality
of the module, this latter must accept latencies, the

time for the data to come from the main memory
through the virtual memory mechanism.

(iv) In the case in which the designer tests the perfor-
mances of the module, the wrapper must contain
FIFOs at the inputs and outputs so that the hardware
module does not presents latencies.

4. IMPLEMENTATION OF THE VIRTUAL
MEMORY EXTENSION

This section describes the implementation of the virtual
memory extension (VME) based on the original virtual
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Figure 3: The HDL module comprises a wrapper and the hardware
module under test.

socket platform. The first and second parts describe the
window manager unit (WMU) and the virtual memory
controller (VMC) hardware modules, respectively. A third
part describes the virtual memory window (VMW) software
library. Finally, the last part explains in detail how the virtual
memory extension operates.

4.1. The window manager unit (WMU)
hardware module

The WMU is a component designed by Vuletić et al. [18].
It translates a virtual address into a physical address and
is the main component responsible for the cache-coherence
protocol, maintaining memory coherence between the main
memory of the host and the local memory on the platform.
In our framework, the virtual addresses refer to the unified
virtual memory space ((6) in Figure 1) and the physical
addresses refer to the local memory on the platform (see
left part of Figure 2). The WMU is composed of one major
element: the translation lookaside buffer (TLB) which is built
with a content addressable memory (CAM). It stores the
status of the data of each page. When a virtual address inputs
the WMU, this latter is translated into a physical address.
This latter is composed of an offset and the page number
(among the 32 pages available). The offset corresponds to the
location of the data in a given page. If the CAM search yields
a match between the page number of the physical address
and an entry of the CAM, it means that the data are already
present in the local memory. If no match exists, the VMW
library will intervene in order to copy the data required and
write the new entry in the page table in the TLB.

4.2. The virtual memory controller (VMC)
hardware module

The VMC manages the two available modes: the virtual and
explicit modes. In the virtual mode, the virtual addresses
must be translated into physical addresses. Additional oper-
ations must be done compared to the original protocol (the

address translation, e.g.). The VMC intercepts some signals
in the standard interface between the HDL module and the
platform and sends these signals to the WMU which executes
the translation of the addresses. The signals intercepted
by the VMC are the address, the count (amount of data
requested by the HW module), and the strobe signals.

4.3. The virtual memory window (VMW)
software library

The VMW library is built on top of the FPGA card driver
(wildcard II API), the virtual socket API developed by Yifeng
Qiu and Wael Badawy (based on [12, 13]), and the WIN32
API. The VMW library is in charge of transferring the data
from the main memory of the host to the local memory on
the platform. The WMU raises an interrupt when such a
transfer is necessary. In this case, the VMW fills the pages of
the local memory with the requested data coming from the
virtual memory. The local memory is composed of 32 pages
of 2 kB. When the data on the local memory is dirty and must
be replaced by new data, the old data are copied back in the
main memory.

4.4. Mechanism

The goal of the virtual memory extension is to support the
direct access of HW modules to the software virtual memory
space located on the host PC. The HDL module can ask for
four types of access.

(i) Read data from the local memory on the platform.

(ii) Write data to the local memory on the platform.

(iii) Read data from the unified virtual memory space on
the host.

(iv) Write data to the unified virtual memory space on the
host.

The first two requests belong to the explicit mode in
which the HDL module sends physical addresses (relative
to the local memory). This mode is already implemented in
the original version of the platform. It will not be detailed
in this paper, the reader can refer to [12–14] for further
information.

The last two requests belong to the virtual mode in which
the HDL module sends virtual addresses (relative to the
unified virtual memory). In the virtual mode, the addresses
are the one of the data in the unified virtual memory
space. In other words, it enables the HDL module to have
a transparent access the host memory.

The following paragraphs explain in more details how
data in the virtual memory of the host is accessed from the
HDL without any intervention of the designer. The protocol
to write and read in the unified memory space are very
similar and for the sake of clarity, only the read protocol is
described.
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4.4.1. Send the pointers

the piece of reference code the designer wants to execute
in hardware is replaced first by the hardware call function
(see Section 3.3.1) in order to call the hardware module.
This latter needs data to work and the designer must specify
which data must be used. Pointers of the data are sent to the
HDL module by using parameters. For example, if the HDL
module needs two images as input, the designer specify the
pointers to the images using the parameters in the hardware
call function as in Algorithm 2.

When the execution of the hardware module is triggered
with the Start module ( ) function (part of the hardware
call function), the wrapper of the HDL module receives
the parameters (pointers) because it is the wrapper which
is connected to the virtual socket platform (see Figure 3).
According to these pointers, the wrapper can generate the
requests to the virtual socket platform to get the data.

4.4.2. The requests of the module

the wrapper can generate the requests (i.e., the addresses)
from the pointers it just received. The way the requests
are done depends on how the data must be inputted in
the HDL module. In image processing, for example, there
are different ways to read an image, raster or blocks. If
the HDL module needs a raster format, the wrapper sends
the necessary requests in order that the data received from
the platform are in a raster format. The HDL module can
send either an explicit or a virtual request, that is, physical
addresses or virtual addresses. The use of the two modes is
further detailed in Section 6. The wrapper uses the existing
protocol of communication with the virtual socket to make
the requests (explicit or virtual). A read request consists in
asserting the following signals of the interface.

(i) hw mem hwaccel: number of the hardware mod-
ule.

(ii) hw offset: read address.

(iii) hw count: number of data to read.

(iv) memory read: strobe signal of the request.

A write request consists in asserting the following signals
of the interface.

(i) hw mem hwaccel1: number of the hardware mod-
ule.

(ii) hw offset1: write address.

(iii) hw count1: number of data to write.

(iv) output valid: strobe signal of the request and the
data.

4.4.3. Mode management

according to the type of request sent by the module, the
VMC will send the address, count, and strobe signals to the
WMU or not. If the request is explicit, the signals go directly
to the virtual socket platform and this latter sends the data

to the HDL module according to the initial protocol in the
original platform (see [12–14]). But if the access is virtual,
the requested address is virtual and it must be translated
into a physical address so that the platform can send the
corresponding data to the HDL module. The WMC catches
some signals from the standard interface and sends them to
the WMU which translates this virtual address into a physical
one.

4.4.4. The translation of the address

the WMU receives a virtual address from a HDL module
through the VMC. The WMU translates this virtual address
into a physical address. The translation mechanism is
illustrated in Figure 4.

The virtual address is 32 bits long. The page offset is 11
bits long because the size of a page in the local memory is
2 kb. Thus, the pattern to be translated is a word of 21 bits.
The translation consists in simply replacing the pattern by a
page number, knowing that the replacement strategy is FIFO.
The first request of the HDL module is going to result in
a miss because there is no data in the local memory yet.
Thus, the VMW will fill the first page of the local memory
with the requested data from the main memory. When the
WMU detects a new missed request, the second page of the
local memory is filled, and so on. When the 32 entries are
complete, the first page is used again; it is an FIFO strategy.
If the status of this page is dirty, the VMW will copy back the
data to the main memory before replacing the old data by the
new one.

Once the address is translated, the WMU checks if the
data corresponding to the virtual address is already present
in the local memory on the platform. If yes, the WMU
sends the corresponding physical address to the virtual socket
platform. If not, the WMU raises an interrupt and asks the
VMW to copy the requested data in the local memory. The
platform knows if the requested data is already present in the
local memory thanks to the cache-coherence protocol which
guarantees the coherence between the main memory and the
local memory. The check is done by verifying the status of the
data contained in the local memory thanks to the TLB/CAM
(see Section 4.1).

4.4.5. The automatic transfer of the data

if the WMU raises an interrupt, the requested data in the
main memory corresponding to the virtual address is copied
in the local memory. The VMW library transfers all the data
between the main memory (the unified virtual memory) and
the local memory. The collaboration of the WMU and the
VMW implements a cache-coherence protocol. This latter
keeps the status of the data of the local memory on the
platform.

(i) Dirty: data copied on the local memory and modified
by the HDL module.

(ii) Valid: data copied on the local memory and not
modified by the HDL module.

(iii) Invalid: no data copied at this address.
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Module Param . nb param = 2 ; // number of parameters

Module Param . Param [0] = &img1 ; // pointer to image no. 1
Module Param . Param [0] = &img2 ; // pointer to image no. 2

Algorithm 2

WMU-TLB-CAM
translation

FIFO strategy

Address requested by the IP block

Pattern to be translated Page offset

Not used Page number Page offset

Virtual address

Physical address

31

31

31

0

0

0

16 15 11 10

11 10

Figure 4: The translation of a virtual address into a physical address.

4.4.6. Answer to the request of the module

when the data has been transferred, the WMU sends the
corresponding physical address to the virtual socket platform
which sends the data (which are now in the local memory)
to the HDL module. When the job of the HDL module is
entirely finished, the data processed by the HDL module are
copied back in the host memory in order that the reference
software can continue running with updated data, created
and/or modified by the execution of the HDL module.
Thanks to the VME, the data are updated without any
intervention of the designer.

Finally, from the designer point of view, using the virtual
memory extension, the whole process of data transfers is
completely transparent. The only issue the designer has to
care for is to generate the virtual addresses accordingly to the
data contained in the host memory space. The whole task of
transferring data to local memory is done by the platform
and its software support.

5. PROFILING FEATURES

Once the HDL module is correctly called by the reference
software and executed on the platform, it would be inter-
esting to get useful information on the execution of the
hardware module. The profiling feature of the platform can
provide such information by recording the data accesses
between the HDL module and the virtual socket platform.
Since in the field of signal processing, algorithms are
essentially data driven, optimizing the data transfers between
the different components is crucial for such signal processing
systems. Data transfers provide also a relevant contribution

to the overall power dissipation in embedded systems.
Consequently, these transfers must be carefully optimized in
order to be successful in low-power designs.

Table 1 is an example of profiling information given by
the platform. The column Rd/Wr indicates if the request of
the module is a read (r) or a write (w). The column Addr
contains the address of the data requested by the module. The
column Count indicates how much data is requested by the
module from the address specified in the previous column
(kind of a burst). The column Clk indicates at which clock
cycle the request appends. The origin corresponds to the time
at which the module begins its processing. The column event
indicates the type of event happening. “v” corresponds to a
virtual access, “o” corresponds to an explicit access, and “d”
indicates the end of the job of the HDL module.

The example corresponding to Table 1 consists of copy-
ing 1000 dwords from one place in the main memory to
another place in the same memory. The HDL module asks
for reading 255 data from the address 0× 366408 of the main
memory. Once the HDL module received the data, it copies
them to the new place in a main memory by asking for a
writing request at address 0 × 3673D8. The 1000 dwords are
copied by sets of 255 dwords. Each virtual access requests a
time overhead. In virtual mode, each virtual access requests 4
cycles. Therefore, between a read and write operations 1024
cycles are requested. The time (derived from the clock cycles
information) recorded by the platform is the time at which
the HDL module asks for data. When a request is sent by
the hardware module to the platform, the time is “stopped”
until the platform answers and data are inputted in the HDL
module. Thus, the profiling tool does not take into account
the time taken by the platform to feed the HDL module with
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Table 1: Example of profiling information given by the platform.

Rd/Wr Addr. (hex) Count Clk Event

r 0x366408 255 0 v

w 0x3673d8 255 1024 v

r 0x366804 255 2048 v

w 0x3677d4 255 3072 v

r 0x366c00 255 4096 v

w 0x367bd0 255 5120 v

r 0x366ffc 239 6144 v

w 0x367fcc 239 7168 v

– – – 8192 d

the requested data. It is as if the data arrived immediately
after the request. However, the time elapsed for the data
transfer from the local memory to the module is taken under
account. The profiling tool aims at studying how the HDL
modules asks data and not how it communicates with the
rest of the system because the architecture of the platform
will never be implemented in a real embedded system.

The profiling feature is implemented in hardware
(WMU) and in software (VMW). The WMU raises inter-
ruptions for each data transfers between the HDL module
and the virtual socket platform. The VMW library handles
these interruptions and records the profiling information in
a simple text file. It catches the information presented in
Table 1.

6. DESIGN METHODOLOGY

6.1. Objectives

The main goal of the virtual socket platform and its
extension is to ease the communications between an SW
environment (i.e., a PC) and an HW module (i.e., an
FPGA) for the rapid evaluation and profiling of IP blocks
derived from a reference software specification. These IP
blocks are supposed to be used in the final implementation.
In other words, this platform is a support in the process
converting large C/C++ reference software packages into
mixed HW/SW description/implementations. A step-by-step
approach is the methodology adopted so as to reach the
desired final implementation. By using the virtual memory
extension, the data transfers between the SW environment
and the HW modules are handled automatically. If the
designer desires to convert entirely the reference software
into a hardware implementation, he can replace step-by-
step pieces of the C/C++ code with HW modules and
proceed with this approach until the entire SW algorithm is
converted and integrated in hardware. If the designer desires
to target the conversion to a mixed representation of the
reference software, he can stop at any intermediate step.
Section 7 describes a methodology based on the profiling
features of the virtual socket platform to reach optimized
implementations.

6.2. Methodology

Figure 5 illustrates the different steps of the proposed
methodology.

The first step (called “Building the module”) consists
in partitioning the C/C++ reference software into software
and hardware partitions. The methodology that identifies
these partitions is not the scope of this work and is not
further discussed here. The second task consists in writing
the hardware modules in HDL. This can be done manually
or by using any other C to HDL tools and methodologies,
according to the preferences of the designer. The third
task consists in inserting the HW module by replacing
the corresponding code by the hardware call function (see
Section 3.3.1) with parameters if necessary (e.g., the virtual
addresses of the data used by the module). The HDL module
must be also wrapped in order to satisfy the communication
protocol with the platform (see Section 3.3.2).

The second step (called “Conformance tests”) consists in
checking the conformance of the hardware module with
respect to the reference software. The equivalency of the
C/C++ and HW modules is checked relying on the virtual
socket platform and the virtual memory extension in the
virtual mode. The virtual memory feature simplifies the
conformance tests procedures because the designer does
not have to care about the data transfers between the
main memory and the local memory because this stage is
guaranteed by the platform. The conformance check is done
by comparing the results generated by the reference software
and the HW module. Such verification is done directly in
the reference software environment. No profiling is needed at
this step because the designer only checks the conformance
of the module and not its performances.

The third step (called “Optimization”) consists in opti-
mizing the HW module by using the virtual mode and the
profiling features of the platform. The designer can grasp
an overview of the data transfers exchanged between the
platform and the HW module. The way data are accessed
can be the object of further optimization steps. Updates of
the internal algorithm of the module can affect the way data
are accessed, the amount of requested data and the timing at
which the transfers are done. This phase helps the designer to
refine the HDL code of the HW module. Using the support
provided by the virtual memory extension, the designer
can forget about the data transfers between the reference
software and the HW module and has only to specify to
the module the virtual addresses of the data used by the
module. According to the profiling results, the designer faces
different cases. The time elapsed for the data transfers and the
processing time can be measured by the platform. According
to these values, three cases are possible.

(i) Transfers < computations: the processing is too long
compared to the data transfers. The optimization
effort must focus on the processing in order to reduce
the processing time.

(ii) Transfers = computations: the system is balanced.
While the transfers occur, the processing is executed.
When this latter finished, a new set of data is
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Figure 5: Flow chart representation of the design flow steps using the virtual socket platform.

immediately available at the same time. There is no
loss of efficiency.

(iii) Transfers > computations: the module is waiting for
data. The designer can choose either to reduce the
amount of data used by the module or to implement
an equivalent processing that is slower (by adding
algorithmic complexity so as to get better results if
possible and convenient) or by reducing resource
usage or power dissipation whenever appropriate.

According to the overall design policy of the system, the
designer can take appropriate design decisions by analyzing
profiling results given by the platform. Either the design fills

the requirements and the designer continues with the last
step, or the design does not fill the requirements and he
modifies the module until it is satisfactory (iteration of the
third step).

Once the design is satisfactory, the designer can enter
the fourth step (called “Adaptation”). This step consists in
adapting the HW module to a real target platform. The
explicit mode is used at the place of the virtual mode. At this
step, the data exchanged by the HW module and the platform
are well-defined. Data transfers are expressed explicitly using
physical addresses. At the end of this step, the HW module
sends physical addresses, relative to the final implementation
design.
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7. CASE STUDY: DESIGN OF AN MPEG-4
MOTION ESTIMATION MODULE

This design case intends to show how the virtual socket
platform can be used to explore algorithmic/architecture
tradeoffs so as to achieve the highest possible performances
under bandwidth and processing constraints. In this context,
an example of the implementation of a motion estimation
with a reduced search strategy HW component is developed.
The platform structure, and the processor possibilities,
represents a real advantage for the effective implementation
of a reduced search strategy algorithm that matches the
HW platform capabilities. The performances of an HW
block can be considerably increased and optimized using the
described methodology and the profiling results obtained
by the platform. The profiling information extracted by
the virtual socket platform (specifically the timing per-
formance) is investigated by using the virtual memory
accesses mode.

7.1. Motion estimation in a video encoding context

The motion estimation is well known to be the most
computation-intensive stage of video coding process and
has been the subject of many research works (on both
algorithmic and architecture sides) which aim at reducing
the implementation complexity. For brevity, we cannot here
provide an accurate review of the wide literature on the
subject, we suggest referring, for instance, to [19, 20], and
their references, for an updated review of the state-of-the-art.
We just remind the main families of approaches developed so
far.

The first family is the so-called “reduced search algo-
rithms,” which aims at reducing the complexity by limiting
the measure of the matching criterion to only a (small) subset
of candidate vectors in the search window. The key element
here is the “intelligence” of the search algorithm that may
completely change depending on the requirements of the
video coding application (portable video telephony, HDTV
for sport events, etc.).

A second family is constituted by the approaches in which
the complexity reduction is achieved by using multiresolu-
tion searches on subsampled image search windows.

A third approach is to use simplified matching criteria in
place of the classical maximum absolute difference (MAD)
criterion.

A fourth family of approaches is based on various
preprocessing stages that reduce the images to binary images
for which simple XOR operations are used for the evaluation
of the MAD.

7.2. On the choice of the design case study

For most of the algorithms, composed of one or more
algorithmic elements from the different families sketched
above, dedicated optimized implementations using systolic
arrays and/or specific data flows handling are needed to
achieve effective performances. While a lot of effort has been
devoted to developing such reduced complexity solutions

(search algorithm plus data flow implementation), much less
effort has been devoted to study how to be able to scale
the solutions versus the different parameters such as the
size of the search window, the available memory bandwidth
(that usually is an off-chip memory), and the processing
power. Most of the solutions require a close coupling between
data flow handling and the dedicated hardware. Nowadays,
with the appearance of powerful processors with specialized
instruction sets and new families of FPGA with embedded
arithmetic for which the MAD evaluation is no longer a
difficult burden, some of the reduced complexity solutions
presented in the past have lost their interest. Modularity,
flexibility to cover the different coding applications, and the
possibility of upgrading using the more recent results and
improvements are more desirable and possible implementa-
tion objectives.

For such reasons in this case study, we focus on architec-
tures that present a wide degree of flexibility and modularity
of the different elements versus the various performance and
implementation parameters of motion estimation so as to be
able to cover different applications ranging from high-quality
HDTV up to mobile video. The family of approaches sup-
ported is the reduced search algorithms on a specific search
window. The recent results, including the comparison with
other approaches, have shown that using appropriate (for
the video application) reduced search algorithms is possible
to achieve optimal coding results [21]. The main idea of the
architecture so as to achieve the desired level of flexibility and
reprogramability for the search is thus to separate the data
access and the matching criterion implementation stages
from the intelligence of the algorithmic search. Therefore,
the coprocessor architecture, depending on the support
platform and matching criterion used, can be programed
freely by the user at high level with his preferred intelligent
search, exploiting the resource budget in terms of available
candidate vectors for each search. The implementation
objective of the architecture is not only an efficient hardware
implementation not only to speed up matching operations,
but also to provide the possibility of randomly matching any
area in a search window without any other limitation on
the access sequence. The random-block access in the search
window is obtained with a specific data flow architecture
and address generation strategy. This accelerator has been
presented in [19]. The flexibility of the hardware accelerator
supports all the different motion estimation modes which
appear in the recent extension of the MPEG video standard
family such as AVC. The search-window size is parametric so
that it can be configured according to the search window size
of the profile under consideration or reduced according to
the desired application.

7.3. Design flow

This section describes the application of the proposed
methodology supported by the virtual socket platform to the
design of the motion estimation module that satisfies the
objectives described above. The sections follows the design
flow described in Figure 5.
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Figure 6: Full-search and reduced-search strategies.

7.3.1. Building the module

the conception and the integration of the HW accelerator
represent the first step of the design flow. Therefore, the
first step in the design flow must be the partitioning of
the algorithm. The motion estimation takes place in the
MPEG encoder, described in the reference software which
is the starting point of the implementation. The piece of
code relative to the motion estimation process is identified
in the reference code, and then implemented. A full-search
algorithm is implemented in a first time. The motion
estimation process is regular, as illustrated in Figure 6, and
all possible positions of the pattern in the search window
are searched. In this case, the number of matching depends
on the sizes of the pattern and of the search window
(i.e., for 16 × 16 pattern and a 56 × 40 search window,
1025 matching are needed). Obviously, with such high
number of operations (i.e., >1000 matching), the motion
estimation represents then the most computation intensive
stage of the video encoding. During a matching process, the
architecture does not support any interruption. Therefore,
the wrapper of the module requests an FIFO memory in
front of the data interfaces (input and output). Finally, the
HW module is integrated into the platform. The piece of
code in the reference software relative to motion estimation
is replaced by the hardware call function (see Section 3.3.1).
The fundamental information, as the sizes the addresses of
the pattern and the search window, is transferred to the
HW module through the hardware call function and its
parameters structure.

7.3.2. Conformance tests

since the HW module has been correctly designed and
produces the requested results, the second step is completed.
The conformance of the module is tested in the complete
software environment by testing the results of the reference

Table 2: Profiling results for the full-search algorithm.

Rd/Wr Addr. (hex) Count Clk Event

r 0x366408 64 0 v

r 0x366538 560 256 v

w 0x362f90 1 20950 v

– – – 20959 d

software using the results of the HW module. As far as the
results of the HW module are not matching the reference
software, the loop must be iterated by debugging and
redesigning the module until it is correct. This step can be
considered as an HW debugging step, and can complete the
common simulation phase.

7.3.3. Optimization—first iteration

the third step consists in analyzing, profiling, and optimizing
the HW module. The profiling results with a full-search
methodology are obtained for the implementation setting
on a search window with a size of 56 × 40 and 16 × 16
blocks. The frequency of the motion accelerator is 50 MHz.
The study of the profiling highlights several aspects. Table 2
shows a fraction of the profiling results for this configuration.
At the beginning of the processing, the FIFO receives the
input data. The pattern is transferred and followed by the
search window. The two first rows of Table 2 represent these
two transfers. The data is stored on the hard disk space,
therefore virtual accesses are required. The pointers of the
pattern and the search window are used by the FSM of the
wrapper to generate all the required addresses. As 32 bits (i.e.,
4 pixels) are transferred at each access, the pattern and the
search window are transferred, respectively, in 64 and 560
accesses. Due to the virtual mode overhead, each access is
performed in 4 cycles. At the end of the processing, one write
access enables the resulting motion vector to be stored into
the output FIFO. The whole processing is completed in 20950
cycles. As the data transfers (pattern and search window) are
done in 12480 nanoseconds (i.e., 624 accesses) and the whole
matching processing (the 1025 possible matching) is finished
in 369000 nanoseconds, the profiling confirms that a simple
matching is processed at this frequency in 360 nanoseconds.

Moreover, the profiling results confirm that the pro-
cessing represents the major part of the require time.
With a higher resolution (for HDTV, e.g.), the size of
the search window increases and the processing time even
more. The processing stage must be improved in priority.
Consequently, the search strategy is modified and the HW
module modified.

7.3.4. Optimization—redesign

the architecture refinements are applied to implement a
reduced search algorithm so as to decrease the processing
time of the module.

Contrary to the full-search strategy, a reduced search
aims at minimizing the number of matching, in this variant
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the objective is achieved by using previous matching infor-
mation (i.e., the values of the vectors previously computed in
time and space). As mentioned previously, using appropriate
(for the video application) reduced search algorithms, it is
possible, at the same time, to achieve optimal coding results
[21] and reduce the processing time for each macroblock
motion estimation. Figure 6 represents a reduced search (4
matching represented) strategy versus a full-search one.

The list of candidate matching to process is reduced
according to the user’s search algorithm. The motion estima-
tion accelerator receives this list of candidates and processes
only the listed positions. The possibility of the HW module
of randomly matching any area in a search window without
any other limitation on the access sequence is exploited in a
first phase. In other terms, even with a random access, the
performance per matching is not changed.

Therefore, the MAD matching implementation has not
been modified. The implemented pipelined architecture
enables to match a block and a portion of search window,
row by row. The modification is done on the data structure
to guarantee the data access. The data structure modification
is detailed in a previous work [19]. Moreover, the address
generation process is modified. The address generation is
provided by a flexible unit to enable the translation of the
user search strategy into the hardware setup. Contrary to
previous work, this unit is not included into the HW accel-
erator (FPGA or embedded processor), the host processor is
in charge of the generation to increase the system flexibility
and to take advantage of the virtual memory mode in the
different configurations to be tested (e.g., different sizes of
the search window).

To integrate the HW module, the wrapper is modified by
including an FIFO memory dedicated to matching addresses
in front of the address interface. Moreover, a control register
is added to start the accelerator or to define the number of
matching. The resulting wrapper is presented in Figure 7.

7.3.5. Optimization—second iteration

the motion vector is usually highly correlated with the
previous vectors. So as to exploit this feature, the user
algorithm defines the different matchings to be processed.
The proposed algorithm is presented below. The algorithm
is split into two phases. As shown in Figure 8, initially nine
motion vectors in a 3 × 3 corresponding neighborhood of
the previous image (Image T-1) are listed as candidates. In
the current image (Image T), the four motion vectors early
processed are considered. The zero motion vector should also
always be considered, therefore it is added as a candidate. In
view of the profiling results in terms of data transfer and
processing time, the user can then determine the number
of matching (or motion vectors) that are still available as
process budget. Therefore, depending on the amount of the
budget left measured by the profiling results, the user can add
some random vectors following, for instance, a Gaussian law
centered on the current position.

These new candidate vectors are processed. In a second
phase, the resulting score of each candidate vector enables
them to be ranked (Figure 9). Vector additions of better
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Figure 7: Motion estimation accelerator.
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Figure 8: Determination of first set of candidate vectors.

ranked vectors are executed to define a second set of
candidate vectors. Once again, the number of combinations
to define new candidates depends on the profiled user
budget [21]. Conformance with optimal coding results can
be obtained with less than 60 candidate vectors in a 56 × 40
search window (phase 1 and phase 2 aggregate together) and
can be directly validated by executing the HW module and
the SW.

The scheduling of the tasks is described in Figure 10. The
input data (pattern and search window) and the addresses of
the matching to process are transferred to the HW module
during task 1. Tasks 2 and 6 represent, respectively, the
processing of the first and the second sets of candidate
vectors. Tasks 3 and 7 correspond, respectively, to the transfer
of the resulting vectors form the HW module to the host
processor. Task 4 represents the computation of the second
set of vectors. Finally, task 5 corresponds to the transfer from
the PC to the HW module of the matching addresses relative
to the second vector set. The data are still resident into the
internal memory cache of the HW module, therefore are not
required.

By using the proposed reduced search strategy, the
number of matching has been reduced to 100 (50 candidate
vectors for each phase). The profiling tests show that the first
phase is achieved in 23 480 nanoseconds (random access and
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data transfer included). The second phase requires only the
new set of candidate vectors (matching address) as input
data. This phase can be finished in 11 000 nanoseconds.
Consequently, the whole process, excluding the determina-
tion of the second vector set, can be achieved in 34 000
nanoseconds. Depending on the complexity of the search
algorithm, the acceleration of the processing, in comparison
to the full-search strategy, can be very high (in this example
a ratio equals to 10). Obviously, the required time for the
determination of the second vector set has to be taken into
account.

The data access flexibility of the VMW platform enables
to easily implement and explore different search window
sizes. With a 80 × 40 search window, the data transfer
is measured to be equal to 17 280 nanoseconds and the
processing time for a full search is 585 000 nanoseconds
(for the 1625 possible matchings ). With a reduced-search
strategy of 200 candidate vectors, the processing time for the
whole processing (excluding the determination of the second
vector set) is then 61 280 nanoseconds. The processing time
is much lower than for a full-search strategy (even with a
56 × 40 search window) and the acceleration achievable by
the HW platform is even higher.

7.4. Discussion

Using the VMW platform capabilities and plugging the
motion estimation accelerator are possible to easily explore
a wide variety of optimization solutions without the need

of detailing all necessary data transfers explicitly. The host
processor remains in charge of the definition of the list
of candidate matching. In summary, the system is highly
flexible on three features and provides the following.

(i) A simple data-flow control (with virtual data access).

(ii) An easy integration of the HW accelerator implemen-
tation.

(iii) Profiling information on the data flow and the pro-
cessing time for all tested implementation options.

Moreover, the system does not only provide flexibility
of exploring and testing solutions, but also provides direct
results of algorithmic-architectures tradeoffs in terms of
overall coding performance increases. For instance, the user
can scale the resource budget in terms of available candidate
vectors for each search in view of the required performances
and select the best configuration for the video encoding
under test. Using the profiling information measured, the
data transfer time and the processing time, the designer can

(i) adjust the number of vectors to obtain optimal cod-
ing results or in general select the tradeoff between
the coding performances and desired processing
time;

(ii) adjust/modify the search algorithm complexity (e.g.,
three vectors can be considered or different reduced
search strategy investigated);

(iii) adjust/increase the size of the search window looking
for optimal tradeoffs between coding performances
and required memory bandwidths.

The major challenges of the architecture design of the
co-processor for motion estimation are to guarantee the
random access of any search strategy and to enable the
setting of the size of the search window, hence providing
sufficient processing resources for the different encoding
applications. So as to guarantee the random access in any
position of a search window, the search window pixels have
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to be accessible to the matching engine and need to be stored
in the FPGA to reduce the number of accesses to the external
memory, so as not to exceed the available bandwidth. A
current investigation aims at minimizing the size of the
internal cache in function of the kind of image sequence. The
profiling statistics enable the number of virtual accesses to be
measured, therefore the number of misses in the local cache.
Different cache sizes can be quickly implemented thanks to
the virtual access mode, therefore a local cache can be defined
for the target sequences. Other parameters can be considered.
Indeed, this definition represents a tradeoff between the
optimum size and the latency tolerated which is correlated to
the ratio between the processing and the data transfer times.
Therefore, the cache memory size can be defined in view of
the processing time, in other words, with consideration of the
selected search algorithm parameters (algorithm, number of
matching, or search window size).

8. CONCLUSION

This paper describes the implementation of a platform
that enables SW and HW environments to share the same
virtual memory space. The platform helps the designer in
the different design steps aiming at developing implemen-
tations of heterogeneous embedded systems starting from a
specification described by a reference software. The platform
provides a seamless environment and a clear methodology to
help designers to turn C/C++ reference software into HDL
modules. The conformance tests become straightforward.
The main advantage of the platform is that it provides a step-
by-step approach for designing, evaluating, and integrating
hardware modules into a heterogeneous environment. The
profiling capabilities on the data transfers between the SW
and HW components of the platform support the designer to
explore different implementation and optimization options
at different stages of the design process. Initially, design
efforts can be focused on the module functionality without
worrying about data transfers. Then, by using the profiled
data transfer, designers can focus on appropriate memory
architectures, on algorithm/architecture tradeoffs, or on any
other design optimizations that match the specific desired
criteria of the design that affects or are affected by data
transfers between modules.
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1. INTRODUCTION

1.1. Discussion of the problem

Companies developing embedded systems based on high-
end technology in areas such as telecommunication, defence,
consumer products, healthcare equipment are evolving in
an extremely competitive globalised market. In order to
preserve their competitiveness, they have to deal with several
contradicting objectives: on one hand, they have to face the
ever-increasing need for shorter time-to-market; and on the
other hand, they have to develop and produce low-cost, high-
quality, and innovative products.

This raises major challenges for most companies, espe-
cially for small- and medium-sized enterprises (SMEs).
Although SMEs are under pressure due to the above-
mentioned factors, they are either not applying the latest
design methodologies or cannot afford the modern elec-
tronic system level (ESL) design tools. By limiting themselves
to traditional design methodologies, SMEs make themselves
more vulnerable to unforeseen problems in the development

process, making the time-to-market factor one of the most
critical challenges they have to deal with. A survey released at
the Embedded Systems Conference (ESC 2006) [1] indicated
that more than 50% of embedded design projects are
running behind schedule (i.e., 25% are 1-2 months late, 18%
3–6 months). In the 2008 version of the survey [2], it is again
shown that meeting the schedule is the greatest concern for
design teams.

Moreover, a workshop [3] held for Danish SMEs working
in the domain of embedded systems clearly indicates that
there is a need for changing and improving their design
trajectories in order to stay in front of the global market.
More specifically, this calls for setting modern design, that is,
hardware/software (HW/SW) codesign, and ESL design into
actual practice in SMEs, so that they can reduce their time-
to-market factor and keep up with their competitors by being
more efficient in producing embedded systems.

Although HW/SW codesign and ESL design tools (both
commercial and academic) have been available for several
years, there are several barriers that, so far, have prevented
their wide adoption such as the following:
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(i) difficulty in transferring the methods and tools devel-
oped by academia into industry, because they are
mostly developed for experimenting, validating, and
proving new concepts rather than for being used in
companies; therefore adapting and transferring these
methods and tools require additional and tedious
efforts, delaying their adoption;

(ii) financial cost in terms of tool licenses, training, and
so forth that many SMEs cannot afford, since the cost
of a complete commercial tool chain can exceed in
excess of 150 kC per year;

(iii) training cost and knowledge management issues,
meaning that switching to a new design trajectory
also involves the risk of loosing momentum, that is,
loosing time and efficiency because of the training
needed to master the new methods and tools;

(iv) many modern design flows are not mature enough
to generate efficient and automatic real-time code,
and combined with the previous item, cause potential
adopters to wait until it is safe to switch.

Considerable research has been undertaken to estimate
implementation factors such as area, power, and speed up
that are subsequently used in HW/SW partitioning tools with
different focuses related to granularity, architecture model,
communication topology, and so on. All of these research
projects do not include the man-power cost which is the most
critical one for many companies, and especially SMEs. This
work takes its outset in a research framework facilitating the
HW/SW partitioning step for SMEs. It focuses on a light
design space exploration approach called “DSE-light” that
combines the advances in terms of design methodologies
found in academia and the ease of integration required by
SMEs, that is, lowering the above-mentioned barriers.

The contribution presented in this paper is the develop-
ment of a method for estimating the man-power cost (i.e.,
development time) for implementing hardware components
and the integration of this method into our framework, so
that HW/SW partitioning decisions can be wiser. A method
that used iteratively and systematic will form the engine for
precise development schedules. The following subsections
present the rationale for this work and the idea enabling this
contribution.

1.2. Parameters that influence
the implementation effort

A common problem in both SMEs and larger companies
is that of estimating the amount of time required to map
and implement an algorithm onto an architecture given
parameters such as [4, 5] the following :

(i) manpower, that is, the available development team(s)
and their size(s),

(ii) quality of the social interactions between the team
members and the teams,

(iii) experience of the developers (e.g., years of experi-
ence, previously developed projects, novelty of the
current project, etc.),

(iv) skills of the developers, that is, their ability to solve
problems (this is not the same as experience, which
only reflects how often one has tried before),

(v) availability of suitable and efficient tools and how
easy they are to learn and use,

(vi) availability of SW/HW IP code/cores,

(vii) involvement of the designers, that is, are they working
on other projects simultaneously?

(viii) design constraints, that is, real-time requirements,

This work addresses the issue of adding man-power cost
parameter into the cost function and thereby guiding the
HW/SW partitioning. More specifically we concentrate on
the mapping process, that is, the process of mapping a given
algorithm onto a given architecture and the implementation
effort (i.e., time) related to the complexity of that algorithm.
Our framework also addresses other issues of HW/SW
partitioning, for example, [6].

1.3. Idea

In order to understand what makes an algorithm difficult
to implement, five semistructured interviews have been
conducted with engineers (hardware developers) with very
little to 20 years of experience. (Semistructured interview is
an information-gathering method of qualitative research. It
is also an adequate tool to capture how a person thinks of a
particular domain [7].)

From the interviews, it was deduced that several
parameters influence on the hardware design difficulty.
The hardware developers stated that available knowledge
about worst cases, dependencies between variables, and the
completeness of the design description of the entire system
including all communications are important for the design
time. However, according to them, the major parameter
influencing a hardware design is the number of connections
and signals between the internal components. This should
be viewed in the way in which every time a signal enters a
component, it means that the component needs to act on it.
More signals bring more parameters into the component and
that very often leads to an increased complexity.

Based on the interviews, we form our hypothesis,
which is that a strong relation exists between what renders
an algorithm complex to implement and the number of
components as well as the number of signals/paths in the
algorithm.

To ensure that not only the number of paths are counted
but also that a high number of components is present, we
choose to only measure the number of linear-independent
paths. Furthermore, this insures that components occuring
several times during the execution are counted only once,
which better reflects the actual implementation efforts.

The remainder of the paper is organised as follows:
Section 2 gives an overview of the state-of-the-art methods
for estimating the implementation effort both for software
and hardware designs and indicates the need for further work
for hardware design. In Section 3 a new metric for estimating
the development time is defined and combined with our
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research tool “Design-Trotter.” Section 4 presents some test
cases used to investigate the validity of the above-mentioned
hypothesis and of the proposed metric. Furthermore, the
experimental results are analysed. Finally we conclude in
Section 5.

2. STATE OF THE ART

2.1. Software

Most research about estimating implementation effort
is found in the software domain, especially within the
COCOMO project [8]. The problem of estimating the imple-
mentation effort is twofold. First, a reasonable measure needs
to be developed for being able to quantify the algorithm.
Second, a model needs to be developed, describing a rational
relation between the measure and the implementation effort.

2.1.1. COCOMO

To start with the model, a typical power model has been
proposed inside the COCOMO experiment [8, 9]:

Effort = A× Sizeb, (1)

where Size is an estimate of the project size, and A and b
are adjustable parameters. These parameters are influenced
by many external factors which we previously discussed in
Section 1.2, but can be trained, based on previous project
data.

To use this COCOMO measure, there is a need for
expressing the size of the project. Inside the software domain,
the dominating metric is lines of code (LOC). Using LOC
is not without difficulties, for example, how is a code line
defined? Reference [10] discusses this issue and states that
LOC is not consistent enough for that use; this is also
supported by [11]. Using the LOC metric also has several
difficulties, for example, it is not a language independent
metric. Furthermore, hardware developers also tend to
disapprove this measure, since they do not feel that it is a
representative measure for hardware designs.

However, we do not claim that there is no relation
between LOC and the implementation effort. It is impossible
to write 10 k lines in one day, but for VHDL the relation is
not always straightforward. In the experiments that we have
performed (data shown in Table 1) there is no unambiguous
relation between the LOC in VHDL and the development
time.

Reference [11] describes that making “a priori” determi-
nation of the size of a software project is difficult especially
when using the traditional lines of code measure; instead
function points-based estimation seems to be more robust.

2.1.2. Function points analysis

The function points metric was first introduced by Albrecht
[12] and consists of two main stages: The first stage is
counting and classifying the function types for the software.
The identified functions need to be weighted reflecting
their complexity, that is determined on the basis of the

developers’ perception. The second stage is the adjustment
of the function points according to the application and
environment, based on 14 parameters. The function points
can then be converted into an LOC measure, based on
an implementation language-dependent factor, and, for
example, [11] reports that the function points metric can
be used as an implementation effort estimation metric. The
function points analysis has been criticised of being too
heuristic and [10] has proposed the SPQR/20 function points
metric as an alternative. Reference [13] has compared the
SPQR/20 and the function points analysis and found their
accuracy comparable even though the SPQR/20 metric is
simpler to estimate.

2.2. VHDL function points

To the knowledge of the authors, limited research has been
carried out in the field of estimating the implementation
difficulty of hardware designs.

Fornaciari et al. [14] have taken up the idea from the
function points analysis and modified it to fit VHDL. By
counting the number of internal I/O signals and compo-
nents, and classifying these counts into levels, they extract
a function point value related to VHDL. They have related
their measure to the number of source lines in the LEON-
1 processor project, and their predictions are within 20%
of the real size. However, as stated previously, estimating
the size does not always give an accurate indication of the
implementation difficulty, and the necessary implementa-
tion time.

By measuring the number of internal I/O signals and
components, their work goes along the same road as
our initial observations indicate. However, our approach
is pointing towards estimating the implementation effort,
based on a behavioural description of the algorithm in the C-
language. Furthermore, it also takes the designer’s experience
into account.

3. METHODOLOGY

The proposed flow for estimating the implementation effort
is illustrated in Figure 1. It takes its outset in a behavioural
description of the algorithm, in C-language (including
library function source code), which is intended to be
implemented in hardware. From this description, we use
the design-Trotter framework to generate a hierarchical
control data flow graph (HCDFG) which is then measured
to identify the number of independent paths. The resulting
measure, combined with the experience of the developers,
gives an estimate of the required implementation effort. The
method is self-learning in the sense that after each success-
ful implementation, new knowledge about the developers
involved can be integrated, and improve the accuracy of
the estimates. The HCDFG and the approach for modelling
the developers experience are covered later in this section
but initially we investigate how the number of paths can be
measured.



4 EURASIP Journal on Embedded Systems

Behavior
description

(C-language)

HCDFG
generation

Estimated
implementation

effortDeveloper
experience

Design-Trotter framework

Metric analysis

Figure 1: The flow of estimating the required implementation
effort. The starting point is a behavioural description in C of the
algorithm to be implemented in hardware (e.g., via VHDL). From
this description, an HCDFG is generated and measured to identify
the number of independent paths in the algorithm. This measure,
combined with the experience of the developers, gives an estimate
of the required implementation effort (expressed in time).

3.1. Cyclomatic complexity

As described in Section 1.3, the number of independent
paths is expected to correlate with the complexity that the
engineers are facing when working on the implementation.
Therefore, finding a method to measure the number of inde-
pendent paths in an algorithm could help us investigating
this issue. A metric measuring is the cyclomatic complexity
measure proposed by McCabe [15] which measures the
number of linear-independent paths in the algorithm.

The cyclomatic complexity was originally invented as a
way to intuitively quantify the complexity of algorithms,
but has later found use for other purposes especially in
the software domain. The cyclomatic complexity has been
used for evaluating the quality of code in companies [16],
where quality covers aspects from understandability over
testability to maintainability. It has also been shown [17]
that algorithms with a high cyclomatic complexity more
frequently have errors than algorithms with lower cyclomatic
complexity. The cyclomatic complexity has furthermore
been used for evaluating programming languages for parallel
computing [18], where languages that encapsulate control
statement in instructions are receiving higher scores. All use
the cyclomatic complexity measure under the assumptions
that the complexity has significant influence on the number
of paths the developers need to inspect, its correlation to the
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Figure 2: Two examples of graphs for which the cyclomatic
complexities have been calculated.

number of paths that needs to be tested, or a combination of
the two.

In the domain of hardware, the cyclomatic complexity
has also found use, judging the readability and maintainabil-
ity in the SAVE project [19]. It is worth noticing that they use
a misinterpreted [20] definition of the cyclomatic complexity
[21].

All these projects utilise the cyclomatic complexity’s
ability to measure the number of independent paths and
relate them to their individual cases:

P(G) = π + 1, (2)

where π represents the number of condition nodes in the
graph G representing the algorithm being analysed. Figure 2
shows two examples of graphs and the corresponding
cyclomatic complexity.

In this work, we propose an adapted version of the
cyclomatic complexity definition to estimate, a priori, the
number of independent paths on a hierarchical control data
flow graph (HCDFG), defined in the following section.
The cyclomatic complexity for an HCDFG is obtained by
examining its subgraphs as explained in Section 3.3.

3.2. HCDFG

For this work we use the hierarchical control data flow
graphs (HCDFGs), which are introduced in [22, 23]. The
HCDFGs are used to represent an algorithm with a graph-
based model so the examination task of the algorithm
is eased. Control/Data Flow Graphs (CDFGs) are well
accepted by designers as a representation of an algorithm
where data flow graphs represent the data flow between
different processes/operations, and the control flow layer,
encapsulating these data flows and adding control structures
to the graphical notation. The hierarchy layered structure
is added to help representing large algorithms as well as to
enable the analysis mechanism to identify functions/blocks
in the graph. Such an identified block can then be seen
as a single HCDFG that can be instantiated several times.
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Figure 3: An overview of how the hierarchy in an HCDFG allows
analysis of an algorithm on different levels and how the levels are
related.

Figure 3 shows an example of a hierarchical control data flow
graph.

In this work the design space exploration tool “Design-
Trotter” is used as an engine for analysing the algorithms.
The HCDFG model is used as “Design-Trotter’s” internal
representation.

The hierarchy of an HCDFG is shown in Figure 3. An
HCDFG can consist of other HCDFGs, Control/Data flow
graphs (CDFGs) and data flow graphs (DFGs) as well as
elementary nodes (processing, memory, and control nodes).
An HCDFG is connected via dependency edges. In this work
we only explore the graph at levels above the DFGs, and
therefore only concentrate on these when we define the graph
types in what follows.

Let us consider the hierarchical control data flow graph,
GHCDFG = (NHCDFG,EHCDFG), where NHCDFG arethe nodes
denoted by NHCDFG = {nHCDFG1 , . . . ,nHCDFGm} and the nodes
are NHCDFG ∈ {GHCDFG|GCDFG|GDFG|Data}, meaning that
the nodes in the GHCDFG can be instances of its own type,
encapsulated control data flow graphs, GCDFG, encapsulated
data flow graphs GDFG, or data transfer nodes, Data. The
last one is introduced to avoid the duplication of data
representations in the hierarchy, when data is exchanged
between the graphs. Thereby, data are only represented by
their nodes and not by edges as it is common in many other
types of DFGs.

The edges, EHCDFG, connect the nodes such that
EHCDFG = {enHCDFGi ,nHCDFG j

}, where i /= j and represent the
indexes of the nodes, EHCDFG ∈ {DD} and where every
node can have multiple input and/or output edges. For the
GHCDFG, only data dependencies, DD, are allowed, and no
control dependencies, CD.

In this way the HCDFG forms a hierarchy of encapsu-
lated HCDFGs, CDFGs, and DFGs, connected via exchang-
ing data nodes. The HCDFG can be seen as a container graph
for other graph types such as the CDFG.

We can define the CDFG as GCDFG = (NCDFG,ECDFG),
where NCDFG are the nodes denoted by NCDFG = {nCDFG1 ,
. . . ,nCDFGm} and the nodes are NCDFG ∈ {CC|GHCDFG|
GDFG|Data}, where CC ∈ {if|switch|for|while|do-while}.
In this way the GCDFG is able to describe common control
structures, where the actual data processing is encapsulated
in either DFGs or HCDFGs. Again, the data exchange nodes
are used to exchange data between the other nodes.

The edges, ECDFG, connect the nodes such that ECDFG =
{enCDFGi ,nCDFG j

}, where i /= j and represent the indexes of the
nodes. If nCDFGi ∈ CC and nCDFG j ∈ {GHCDFG|GDFG}, then
{enCDFGi ,nCDFG j

} ∈ {CD}, else {enCDFGi ,nCDFG j
} ∈ {DD}.

Beneath the control data flow graphs GCDFG, the data
flow graphs GDFG exist but they are of no use in this work
so we will not define them further here.

3.3. Calculating the cyclomatic complexity on CDFGs

Now that the HCDFG has been defined, we explain our
proposed method for measuring the cyclomatic complexity
on the CDFGs.

Since the cyclomatic complexity only considers the
control structure in finding the number of independent
paths in the algorithm, the DFG part of the algorithm is, as
mentioned earlier, of no interest for this task because it only
gives a single path. On the other hand, what is of interest is
how the cyclomatic complexity is measured on the CDFGs
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and HCDFGs which are built by the tool Design-Trotter.
This leaves us with the following cases which are described
in detail afterwards:

(i) If constructs,

(ii) Switch constructs,

(iii) For-loop,

(iv) While/do-while loops,

(v) Functions,

(vi) HCDFGs in parallel,

(vii) HCDFGs in serial sequence.

3.3.1. If constructs

“If constructs” case is represented as CDFGs, GCDFG, where
one node is a control node of type if (see Figure 4(a)). Before
arriving at the control node, a condition evaluation node
neval ∈ {GHCDFG|GDFG} is traversed to calculate the boolean
variable stored in nData (to maintain simplicity, these are not
shown in Figure 4(a)) that is used in the condition node. If
the variable is true, the algorithm follows the path through
the true body node, ntrue ∈ {GHCDFG|GDFG|∅}. Else it goes
to the false body node nfalse ∈ {GHCDFG|GDFG|∅}. Note that
in some cases, either the true body or the false body does not
exist, but it still gives a path. In this case, according to the
cyclomatic complexity measure, the number of independent
paths is

P
(
nif
) = P

(
ntrue

)
+ P
(
nfalse

)
+ P
(
neval

)− 1. (3)

The last part of (3), +P(neval) − 1 is included in case the
evaluation graph is an HCDFG node.

3.3.2. Switch constructs

“Switch constructs” case is represented as CDFGs, GCDFG,
and is almost the same flow as the “if constructs” case
discussed above. One node is a control node of switch type.
Before arriving to the control node, a condition evaluation
node neval ∈ {GHCDFG|GDFG} is traversed. Depending
on the output, the switch node leads the algorithm flow
to the selected case node: ncasei ∈ {GHCDFG|GDFG}. An
example is shown in Figure 4(b). According to the cyclomatic
complexity measure, the number of independent paths is as
follows :

P
(
nswitch

) = P
(
neval

)− 1 +
N∑

i=1

P
(
ncasei

)
, (4)

where N represents the number of cases, i the index to the
corresponding node on which the paths are measured.

The same argument goes for the P(neval)−1 part of (4); it
is included in case the evaluation graph is an HCDFG node,
but else it is omitted.

If eval.
Data
#1

True body False body

If

Data
#1.1

(a) If

Switch
eval.

Case #1 Case #1 Case #N

Switch

(b) Switch

Data
#1

While eval.

While

While body

Data
#1.1

(c) While

Data
#1

For eval.

For

For body #1

For evol. Data
#1.1

(d) For

Data
#1.1

HCDFG #1 HCDFG #2

Data
#1.2

Data
#1.3

(e) Parallel

Data
#2.1

HCDFG #2

Data
#2.2

CDFG #3

Data
#1.3

(f) Serial

Figure 4: Overview of the different CDFGs and combined HCD-
FGs, on which the cyclomatic complexity values are measured.
Between the (HC)DFGs there is a set of data exchange nodes which
are here left out for simplicity. The symbols are similar to those
presented in Figure 3.

3.3.3. For-loop

“For-loop” case is the most complex of the control structures.
Strictly speaking, a “for loop” consists of three different parts:
the evaluation body, the evolution body, and the for body,
neval, nevol, and nfor-body, respectively. The control node nfor,
determines, based on the output from the evaluation graph,
whether the flow should go into the “for loop” or leave it. The
evolution node updates the indexes. Since each iteration of
the graph needs to pass through the evaluation and evolution
nodes, the number of independent paths is calculated as

P
(
nfor
) = P

(
nfor-body

)
+ P
(
neval

)− 1 + P
(
nevol

)− 1. (5)
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In many cases, the evaluation and evolution part of the
“for loop” are quite simple indexing functions, meaning
that neval ∈ {GDFG}, nevol ∈ {GDFG}, will leave P(nfor) =
P(nfor-body). The “for loop” is illustrated in Figure 4(d).

3.3.4. While loops and do-while loops

“While loops” and “do-while loops” cases are described
jointly since it is only the entry to the loop structure
that separates them and their cyclomatic complexity are
equivalent. The “while loops” consist of two main parts:
the while body nwhile-body ∈ {GHCDFG|GDFG}, and the while
evaluation neval ∈ {GHCDFG|GDFG}. This is illustrated in
Figure 4(c). Deciding whether to continue looping is decided
by the control node nwhile ∈ {while} based on the output
of the neval. Similarly to the “for loop,” each iteration of the
graph needs to pass through the evaluation nodes, so the
number of independent paths can be calculated as

P
(
nwhile

) = P
(
nwhile-body

)
+ P
(
neval

)− 1. (6)

In many cases, the evaluation part of the while loop is a set
of simple test functions, meaning that neval ∈ {GDFG}, which
leaves the P(nwhile) = P(nwhile-body).

3.3.5. Functions

The goal is to identify the number of independent paths
in the algorithm/system. For this, reuse in terms of func-
tions/blocks of code is important. When all independent
paths through a function are known, reuse of this function
does not change the number of independent paths in
the system. From an implementation point of view, such
functions represent an entity where the paths only need to
be implemented once. In HCDFGs, a function/block can be
seen as an encapsulated GHCDFG. Therefore, the number of
independent paths in function/blocks of reused code should
only count once. The paths can be calculated as

P
(
nHCDFGfunction

) =
{

0 if reuse,

P
(
nHCDFG

)
else.

(7)

3.3.6. HCDFGs in parallel and serial

Knowing how to handle all the HCDFGs that are identified
for reuse (function), together with all the CDFGs, does not
give it all. How the hierarchy of graphs should be combined
is also of interest. For a parallel combination of two or more
HCDFGs/CDFGs, as shown in Figure 4(e), the increase in the
number of independent paths is then additive. The number
of paths can be calculated as

P
(
nHCDFGParallel

) =
N∑

i=1

P
(
nHCDFGi

)
, (8)

where N represents the number of nodes in parallel, i
the index to the corresponding node where the paths are
measured.

For serial combination of two or more HCDFGs and/or
CDFGs, the number of independent paths is a combination

of the independent paths of the involved HCDFGs/CDFGs.
Remembering that there always needs to be one path through
the system, the number of independent paths in a serial
combination, is given as

P
(
nHCDFGSerial

) =
N∑

i=1

P
(
nHCDFGi

)− (N − 1), (9)

where N represents the number of nodes in serial, i the index
to the corresponding node where the paths are measured.

An example of serial combination is shown in
Figure 4(f). The number of independent paths for the
entire algorithm, (P(nHCDFGAlg )), is equivalent to the top
HCDFG node which includes all the independent paths of
its subgraphs.

3.4. Experience impact

The experience of the designer has an impact on the
challenge that he/she is facing when developing a system. A
radical example is when a beginner and a developer with ten
years of experience are asked to solve the same task. They will
not see equal difficulty in the same task, and thereby do not
need to put the same effort into the development.

Experience is influenced by many parameters but in
this work we only focus on the time the developer has
worked with the implementation language and the target
architecture.

The impact of experience is a factor that slowly decreases
over time: consider a new developer, the experience that
he/she obtains in the first months working with the language,
and architecture improves his/her skills significantly. On the
other hand, a developer who has worked with the language
and architecture for five years, for example, will not improve
her/his skills at the same rate by working an extra year.
The impact from the experience is therefore not linear but
tends to have a negative acceleration or inverse logarithmic
nature, with dramatic change in impact in the beginning,
progressing towards little or no change as time increases.

In literature, for example, [24], many studies try to
fit historical data to models. An example of a model is a
power function with negative slope or a negative exponential
function. From the vast variety of models that has been
proposed over the years, the only conclusion that can be
drawn is that there are multiple curvatures, but they all
appear to have a negative accelerating slope, which tends to
be exponential/logarithmic.

In order to get the best possible outset for predicting
the implementation effort, it is of vital importance to obtain
some data of the developers’ experiences, and also how
they performed in the past. The parameters involved in the
experience curve can then be trimmed to create the best
possible fit. However, it has not been the purpose of this
work to select the perfect nature for a learning curve nor to
evaluate the accuracy of such one. The learning curve will
be adapted to the individual developers, and as the model is
used in subsequent projects, its accuracy will progressively
improve. As a consequence, the experience here is only
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intended as an element in modelling the complexity and
thereby a means for more accurate estimates.

For the experiments in this study we have chosen to use
the following model:

ηexperience(Dev) = 1
α log(Experience(Dev) + β)

, (10)

where α and β are trim parameters which can be used to
optimise the curve to fit reality, Experience is the number
of weeks which the developer, Dev, has worked with the
language and architecture. Figure 5 depicts the shape of the
experience model.

In this work,our initial experiments have shown that
setting α = 1 and β = 1 makes our model sufficiently general,
and therefore we have not further investigated the tuning of
these two parameters.

4. RESULTS

In order to verify the hypothesis, a classical test has been
conducted. The test is dual phased and consists of (i) a
training phase using a first set of real-life data, during which
the hypothesis is said to be true, and (ii) a validation phase
during which a second set of real-life data is used to evaluate
whether the hypothesis holds true or not.

4.1. Phase one—training

The real-life data used as training data originate from
two different application types that are both developed
as academic projects in universities in France. The first
application is composed of five different video processing
algorithms for an intelligent camera, which is able to
track moving objects in a video sequence. The second
application is a cryptographic system, able to encrypt
data with different cryptographic/hashing algorithms, that
is, MD5, AES and SHA-1. The system consists of one
combined engine [25] as well as individual implementations.
These projects were selected since they all follow the
methodology of using a behavioural specification in C, as
a starting point for the VHDL implementation. Common
to this data is that none of the developers has made
the behavioural specification in C. For the cryptographic
algorithms the behavioural specification comes from the
standards, and the video algorithms were based on a previous
project.

Using the behavioural description as the starting point
of the experiment, the exercise consists of studying the
relationship between the complexity of the algorithms (as
defined in Section 3) and the implementation effort (i.e.,
time) required to implement them in VHDL (including
testbed and heuristic tests).

The developers involved in these projects have all been
Master and Ph.D. students with electrical engineering back-
grounds but no VHDL background other than what they
obtained during their studies, see Table 2. All developers were
taught VHDL by other instructors than the authors, but at
our university. Table 3 summaries the training data.
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Figure 5: An example of how the lack of experience impacts the
difficulty the engineers are facing.
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Figure 6: Relation between the implementation effort (number of
weeks) and the not corrected complexity (as defined in Section 3).

Figure 6 shows the relation between the implementation
effort and the measured complexity for the individual
algorithms. Please note that in this graph the complexity
values are not yet corrected for the designers’ experience.

A first examination of the data points indicates a
possible relation between some of them. However many
other points are located far away from any relation. These
data are not corrected for the designers’ experience and, as
earlier mentioned, we strongly believe that the experience
of the individual designer has a nonnegligible influence
on the development time. If we inspect the data more
thoroughly, it is clear that the points of greatest divergence
are those implementations where the developers have very
limited knowledge and experience with the VHDL lan-
guage.

Applying the proposed equation (10) (nonlinear) expe-
rience transform onto the data, results in a significantly
different picture as depicted in Figure 7. A clear trend toward
a relation is now visible in the plotted data. From the
COCOMO II project [8], it is known that the relationship
between the implementation time and the complexity mea-
sure (in their case lines of code, LOC) can be expressed as a
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Table 1: Line of code, area, and time constraints for the validation data.

Algorithm SS1 SS2 SS3 SS4 SS5 SS6 Ethernet App 4

Dev. Time (weeks) 3.6 6.4 2.4 16.4 12 17.2 16 2

LOC-VHDL 994 1195 776 1695 760 2088 3973 232

Slices 564 2212 382 888 372 2171 3372 750

FlipFlops 913 2921 1290 1366 1208 2077 6149 942

LUTs 997 3157 6453 1569 6443 3458 18255 567

Time Constraint. (ns) 112 128 360 112 360 248 696 56

Table 2: Facts about the developers. Developers for training data
(top) and validation data (bottom).

Developer Education Years in the domain

Dev 1 Ph.D. stud. 0

Dev 2 Stud. (EE) 0

Dev 3 Stud. (EE) 0

Dev 4 Stud. (EE) 0

Dev 5 BSc.EE. 9

Dev 6 MSc.EE. 15

Dev 7 MSc.EE. 9

Dev 8 MSc.EE. 8

Dev 9 MSc.EE. 8

Table 3: Training data (top) and validation data (bottom).
Algorithms are related to the developers and their experience at the
given time. Complexity is not corrected.

Algorithm Complexity Developer Dev. Exp.

T1 10 Dev 1 2

T2 24 Dev 1 10

T3 12 Dev 1 18

T4 14 Dev 2 1

T5 4 Dev 1 20

MD5 10 Dev 3 1

MD5 10 Dev 4 1

AES 10 Dev 4 8

SHA-1 27 Dev 4 14

Combined 59 Dev 4 14

SS1 25 Dev 6, 7 150

SS2 35 Dev 5 150

SS3 17 Dev 5, 6, 7, 8 150

SS4 50 Dev 6 6

SS5 29 Dev 7 3

SS6 25 Dev 5, 6, 7 3

Ethernet app 60 Dev 5, 6, 7, 8, 9 150

App 4 9 Dev 6 150

power function with a weak slope. We showed its nature in
(1), and with correction for experience it becomes

Effort = A× ηexperience(Dev)× P
(
nHCDFGAlg

)b
. (11)

The parameters A and b are found, via a least square (LS)
fit on our training data, to be A = 0.226 and b = 1.103. In
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Figure 7: Relation between the implementation effort (number of
weeks) and the complexity corrected according to the designers’
experience model as shown in Figure 5.

Figure 7 the dashed line illustrates the relationship, with the
parameters given above.

4.2. Phase two—validation

After having elaborated on a model based on the training
data, we proceeded with the validation of its correctness.
For this, a new set of data provided by ETI A/S, a Danish
SME, is used. The dataset originates from a networking
system and consists of Ethernet applications that have been
implemented on an FPGA, as well as corresponding testbeds.
This Ethernet application is part of an existing system with
which it requires interaction. Table 1 shows additional imple-
mentation information with regards to these applications.
The system is a real-time system with hard-time constraints
and all algorithms were implemented as to meet these con-
straints. Similar to the training data, the development flow
for this application has been as follows: a behavioural C++
model of the application has been constructed before the
implementation on the FPGA architecture. The behavioural
model has been developed by developers separate to those
undertaking the implementation. The developers responsible
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Figure 8: Validation data plot: relation between implementation
effort (number of weeks) and complexity, corrected according to
the designers’ experience model.

for the implementation have obtained their skills in VHDL
from a professional course with no relation to our university
in Denmark.

The time spent on the implementation process covers:
the design and implementation of the VHDL code of
the functionalities and testbed as well as the tests of the
different modules in the applications. This data is shown
in the lower part of Table 3. The time data originate from
the company’s internal registration for the project, and
correspond therefore to the effective time used.

The relation between implementation effort and com-
plexity is plotted in Figure 8. It can be seen that this data,
corrected for the designers’ experience (∗) closely follows the
model derived from the training data (dashed line). Figure 8
also shows the 95% confidence interval, indicating that, with
95% confidence, future predictions of implementation effort
will lie within this interval, given that the model holds true.

Comparing the predicted effort (dashed line) to the real
effort (∗), indicates that there is an estimation error. The
values are also shown in Table 4, The average estimation
error is 0.2 week with a variance of 8. In the next section,
we discuss the validity of the model.

4.3. Validity discussion

Estimating the effort required in implementing an algorithm
into hardware involves many parameters. We discussed a
number of these parameters in Section 1.2, but could not
include them all in this study. The proposed model is
therefore devised from the idea of the relation between
implementation effort and number of linear-independent
paths.

Table 4: Development time and estimated development time
measured in weeks together with the error.

Algorithm Dev. time Est. dev. time Error

SS1 3.6 3.3 0.3

SS2 6.4 4.8 1.6

SS3 3.2 2.2 1

SS4 16.4 20.3 −3.9

SS5 12 16.2 −4.2

SS6 17.2 13.8 3.4

Ethernet app 11.4 8.8 2.6

App 4 2 1.1 0.9

Mean (variance): 0.2 (8)

To validate the model, a classical two-phased hypothesis
test has been performed and the validity of this test depends
on the following important factors: (i) the independence
between training and validation data; (ii) the volume and
variety of the experiments.

In the first instance, not only different applications
were used for training and validation data, but in addition
the developers had no relation in terms of education,
nationality, work, and so forth. Moreover, the validation
data has not been measured before the model was trained.
All this strengthens the validity of the results. The only
potential connection is that some of the developers who
have been involved in the implementation of the training
and validation data have also been included within those
interviewed. However, this accounts for a minority and we
see this as a minimal risk.

Secondly, we should ideally have had a large volume
and variety of experimental data for training and validation.
However, our set of data originates from a single company
and a few developers. So strictly speaking we can only
conclude that this model applies to the specific SME
setup involved in the study and partially to the academic
environment studied.

In order to generalise our model, more cases of validation
are needed. However, obtaining all the statistical data
for this new methodology is time consuming. We would
therefore like to remind the reader that this paper proposes
a methodology for estimating implementation effort and
the validation of the model concentrates on illustrating its
usefulness. Looking at the graphs, we can determine a clear
trend in the results. The curve identified in the training data
is sustained for the validation data as well: they both fall in
line with the underlying rationale, and we are quite confident
in the strength of the proposed model.

The results clearly show the necessity for the proposed
correction function; the proposed logarithmic nature works
well, even though the correction function has not been
trimmed to fit the individual developers due to the lack of
available data. In this light, our approach must be seen as
the engine of a global methodology for the management
of design projects, that impose a systematic registration
of man-power. With such a registration, a database of the
developers’ experience can easily be constructed and the



Rasmus Abildgren et al. 11

correction function can be trimmed to fit the companies’
individual designers. Several iterations of this process would
provide convergence towards a more precise estimation of
the implementation effort.

The limited data set on which the model is constructed
also limits the complexity window to which this model can
be applied: having no algorithm with a corrected complexity
value larger than 51, extrapolating the model further would
weaken the current conclusion. More training data, from
larger and more varied projects would allow for a more
refined model.

Nevertheless, the results described in this paper are very
encouraging with all the real-life cases that we have examined
and we are reasonably confident that this model can easily be
applied to other types of applications.

5. CONCLUSION

The contribution presented in this paper is a metric-based
approach for estimating the time needed for hardware imple-
mentation in relation to the complexity of an algorithm.
We have deduced that a relationship exists between the
number of linear-independent paths in the algorithm and the
corresponding implementation effort. We have proposed an
original solution for estimating implementation effort that
extends the concept of the cyclomatic complexity.

To further improve our solution, we developed a more
realistic estimation model that includes a correction function
to take into account the designer’s experience.

We have implemented this solution in our tool design
Trotter of which the input is a behavioural description in C
language and the output is the number of independent paths.
Based on this output and the proposed model, we are able to
predict the required implementation effort. Our experimen-
tal results, using industrial Ethernet applications, confirmed
that the data, corrected for the designers’ experience, follows
the derived model closely and that all data falls inside its
95% confidence interval. Using this method iteratively paves
the way for an implementation effort estimator of which the
accuracy improves continuously after each project.
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1. INTRODUCTION

Electronic devices are more and more oriented towards
multimedia and communication applications. The design of
system-on-chip (SoC) is currently achieved by using system
level description, electronic system level (ESL) tools, and by
reusing predesigned IP-cores. Typical MPSoC architectures
include several processors, memories, I/O devices, commu-
nication media (bus, network-on-chip), and dedicated HW
accelerators. Indeed, the increasing complexity, the low-
power design constraints, and the growing data rates of
applications from the digital signal processing (DSP) domain
still often require hardwired implementation to be used as
a dedicated accelerator in the final SoC. Due to both the
complexity of today’s DSP applications and the shrinking
time-to-market, designers need a more direct path from the
functionality down to the silicon. Layered design flow and
associated CAD tools to manage DSP system complexity in a
shorten time are thus needed. This led to the development of
environments that can help the designer to explore the design
space thoroughly and to find optimized designs rapidly.

Typically, the design of a DSP application begins by a
high-level specification capture of the desired functional-
ity using MATLAB-/Simulink-like environment [1] and/or
C/C++ language. This first step consists thus in writing
an algorithmic specification with a purely transformational
semantics, that is, a function consumes all its input data
simultaneously, performs all of computations without any
particular timing behavior, and provides all its output data
at the same time. At this abstraction level, variables are
purely functional (structure, array, etc.), and the data types
(typically floating point and/or 16, 32, or 64 bits integer)
are not related to the hardware design domain (bit, bit
vector). Realistic hardware implementation thus requires
the following: (1) to convert the floating-point data types
into arbitrary length data types (fixed-precision) while
keeping acceptable computation accuracy and (2) to design
an optimized hardware architecture starting from this bit-
accurate algorithmic specification.

Word-length determination has been early addressed in
the literature (see, e.g., [2–4]). This complex and major task
in the design flow of DSP applications can be done by using
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the following approaches [5–10] when targeting hardware
components (DSP, ASIC/FPGA, etc.). Next, the design flow
has to take into account bit-width information (i.e., data and
operation word-length) in order to carry out an optimized
architecture. The design can be done by hand or by using
high-level synthesis (HLS) tool. As to be mentioned in
Section 2, combining word-length optimization and high-
level synthesis allows the hardware implementation cost
reduction. This assumes that efficient bit-width aware HLS
tools are provided.

In this paper, we present a high-level synthesis approach
that inputs specification of digital signal processing applica-
tion using both bit-accurate integers and fixed point integers.
Our approach optimizes area of hardware architectures by
taking into account the bit-width information during all the
HLS steps. This paper is organized as follows: first, Section 2
presents related work around bit-width aware design steps;
Section 3 introduces the general design flow we propose and
details the design steps that allow synthesizing optimized
multiple word-length architecture; finally, Section 4 shows
the effectiveness of our methodology and tool through
several experiments in the DSP domain.

2. RELATED WORK

A lot of high-level synthesis work has been presented for two
decades [11–13]. However, conventional techniques usually
rely on uniform bit-width specification. The works that
address the design of multiple bit-width architectures often
focus on particular steps of the synthesis flow (see Figure 1).
Moreover, to our knowledge, no work has been published
on the HLS of fixed-point specification: only bit-accurate
integer data type is considered in the literature even if the
term “fixed-point” is used.

When the word-length determination is partial, the bit-
width refinement, which is the first step of HLS flow,
determines bit-width requirements for all integer variables
and operations which sizes have not been defined in the
input specification. In [14], a forward and a backward
propagations are used to infer the minimum bits required.

Next, in order to keep scheduling and binding bit-width
unaware (and thus use traditional HLS flows), a clustering is
realized. This clustering step groups the operations according
to their characteristics into clusters. Two operations that
belong to the same cluster will be able to share an operator
if they are not scheduled in the same control step. In order
to cluster operations, works from [9, 14, 15] use greedy
heuristics while an iterative approach is proposed in [16].
In [14], a bit-width unaware iterative modulo scheduling is
performed, afterwards, to satisfy a throughput constraint.

These approaches consider both computational function
and area as partitioning criteria and assume latency of opera-
tors to be uniform. Unfortunately, larger bit-width operators
have longer latency than smaller bit-width operators (see
Figure 3): the longest latency will be assigned to all the
compatible operations. This can lead to oversized parallel
architecture when latency or throughput constraints are
considered.

Infinite precision specification
(floating point)

Word length determination [5–10]

Finite precision specification

Bit-width refinement [14]

Bit-accurate integer specification

Clustering [9, 14–16]

Allocation

Scheduling/binding [10, 17, 18]

Operator sizing [19]

Multiple word-length architecture

Figure 1: High-level synthesis flow and multiple word-length
architecture design approaches.

C/C++ specification

Compilation

Characterization DFG

Library Clustering

Allocation

Scheduling

Binding

Resizing

Code generation

RTL architecture

Analysis

Constraints

Chaining patterns

Figure 2: Proposed design flow.

In [10, 16, 17], the word-length optimization is coupled
with the high-level synthesis to minimize the hardware
implementation cost. In [16], the operations are list-
scheduled by decreasing order of timing mobility and no
detail on the binding algorithm is provided. Work from
[10, 17] is based on a bit-width aware high-level synthesis. A
list-scheduling and a register binding algorithm based on the
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Figure 3: Propagation time and area of multiplier and adder according to the size of their inputs.

clique partitioning are described in [10]. The ready operation
list with the largest word-length has the highest priority, and
the largest scheduled operations are bound first. In [17],
an ILP-based approach and a heuristic are presented. Both
proposed methods are introduced to perform scheduling
with incomplete word-length information and to combine
binding and word-length selection. The refinement of word-
length information is based on the critical path analysis.

Work from [18] proposes a bit-width aware HLS flow
which does not involve clustering step. Authors first compute
an estimated area lower-bound to next schedule and bind
operation under latency constraint.

Finally, in [19], authors only propose to resize the
operators. They first use an HLS tool which does not
take into account bit-width information. The proposed
optimization step is done after both the scheduling and
the binding tasks. To resize the operators and the registers,
a forward propagation of the value range of variables is
realized.

To our knowledge, none of the previous works jointly

(i) develop a fully automated design flow that inputs
specification mixing both bit-accurate integer and
fixed-point variables;

(ii) analyze the specification by combining both bit-
width and value range bidirectional propagation;

(iii) use propagation time of operators to cluster multiple
word-length operations;

(iv) propose bit-width aware scheduling and binding
algorithms;

(v) automate operator reusing between bit-accurate inte-
ger and fixed-point operations;

(vi) support operator chaining;

(vii) resize operators to optimize the logic synthesis to
generate a multiple-word length architecture.

3. BIT-WIDTH AWARE DESIGN FLOW

The proposed high-level synthesis flow is presented in
Figure 2. Starting from a purely functional specification,
a technological library and both a throughput (iteration

period) and a clock period constraints, our tool extracts the
potential parallelism before clustering, allocating, schedul-
ing, and assigning operations. It generates a potentially
pipelined architecture composed of a processing unit, a
memory unit, a communication and multiplexing unit
with a globally asynchronous locally synchronous/latency
insensitive system (GALS/LIS) interface (see [20] for more
details).

The following subsections detail each step of the bit-
width aware HLS flow we propose.

3.1. Compilation and bit-width analysis

The input description is a C/C++ function wherein Algorith-
mic CTM class library from Mentor Graphics [21] is used.
This allows the designer to specify signed and unsigned bit-
accurate integer and fixed-point variables by using ac int
and ac fixed data types. This library, like SystemC [22],
hence provides fixed-point data-types that supply all the
arithmetic operations and built-in quantization (rounding,
truncation, etc.) and overflow (saturation, wrap-around,
etc.) functionality. For example, an ac fixed 〈5, 2, true,
AC RND, AC SA〉 is a signed fixed-point number of the form
bb.bbb (5 bits of width, 2 bits integer) and with quantization
mode set to rounding and overflow mode set to saturation.

The role of the compiler is to transform this initial
specification into a formal representation which exhibits the
data dependencies between the operations. The front end of
our tool derives GCC 4.2 [23] to extract a data flow graph
(DFG) representation of the application annotated with the
bit-width information. The code optimizations (such as
dead-code elimination, false data-dependency elimination,
loop transformations, etc.) performed by the compiler will
not be presented in this paper. For the quantization/overflow
functionality of a fixed-point variable, the compiler generates
dedicated operation nodes into the DFG. As described later
in Section 3.4, this allows to share (i.e., reuse) (1) arithmetic
operators between bit-accurate integer operations and fixed-
point operations and (2) quantization/overflow operators
between fixed-point operations. Timing performance opti-
mization is addressed through the operator chaining (see
Section 3.4).
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Inputs:
DFG, timing constraint II and resource allocation

Output:
A scheduled DFG

Begin
c-step = 0;
Repeat until the last node is scheduled

Determine the ready operations RO;
Compute the operation mobility;
While there are RO

If there are available resources avail(OPR)
Schedule the operation ops with the highest priority;
Remove resource opr from available resource set;
If the current operation ops belongs to a chaining pattern

Update the ready operations RO;
If there are available resources

Schedule the operations corresponding to the pattern;
Remove resources from available resource set;

End if
End if

Else
If the operations can be delayed

Delay the operations;
Else

Allocate resources();
Schedule the operations;

End if
End if

End while
Bind all the scheduled operations;
c-step++;

End

Algorithm 1: Pseudocode of the scheduling algorithm.

The starting point of the proposed design flow is an
already refined specification (the floating-point to fixed-
point conversion is not addressed in this paper). However,
even if the specification has been already refined (by using
existing approaches like [5–10], etc.) the sizes of some
variables and constants (#define, int, etc.) and/or variable
DFG nodes automatically inferred by the compiler can
remain undefined. In order to define the size of such data,
the bit-width analysis has been proposed. This step operates
on the DFG the two following tasks.

(i) Constant bit-width definition: the compiler carries
out a DFG representation wherein the constants are
represented by nodes with a 16, 32, or 64 bit sizes.
This first analysis step defines for each integer (fixed
point) constant the exact number of bits needed
to represent its value (integer part). We use the
following formula for unsigned and signed values:

Number of bits = ⌊log2

∣∣Value(Cst X)
∣∣⌋

+ 1 + Signed(Cst X),
(1)

where Value(Cst X) is the numeric value of the
constant Cst X and Signed(Cst X) is set to “1” when
Cst X is signed and set to “0” otherwise.

(ii) Bit-width and value range propagation infers the bit-
width of each variable of the specification by coupling
work from [14, 19]. A bit-width analysis is hence
performed to optimize the word-length of both the
operations and the variables. This step performs a
forward and a backward propagation of both the
value ranges and the bit-width information to figure
out the minimum bits required.

3.2. Library characterization and clustering

Library characterization uses a DFG, a technological library,
and a target technology (typically the FPGA model). This
fully automated step, based on commercial logic synthesis
tools like ISE from Xilinx [24] and Quartus from Altera
[25], carries out a library of time characterized operators
to be used during the following HLS steps. The techno-
logical library provides the VHDL behavioral description
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of operators and the DFG provides the set of operation
to be characterized with their bit-width information. The
characterization step synthesizes each operator from the
technological library which is able to realize one operation
of the DFG. It next retrieves synthesis results in terms of
logical cell number and propagation time to generate a
characterized operator library (see Figure 3).

For clustering operations, we propose to combine the
computational function and the operation delay. This allows
considering indirectly operation’s bit-width since the propa-
gation time of an operator depends on its input size. In order
to maximize the use of operator, one operation that belongs
to a cluster C1 with a propagation time t1 can be assigned to
operators allocated for a cluster C2 if the propagation time t2
is greater than t1.

3.3. Resource allocation

Allocation next defines the number of selected operators
needed to satisfy the design constraints. In our approach,
in order to respect the throughput requirement specified by
the designer, allocation is done for each a priori pipeline
stage. The number of a priori pipeline stage is computed as
the ratio between the minimum latency of the DFG Latency
(i.e., the longest data dependency path in the graph) and the
iteration interval II (i.e., the period at which the application
has to iterate): �Latency/II�. Thus, we compute the average
parallelism of the application extracted from the DFG dated
by a as soon as possible ASAP scheduling [11]. The average
parallelism is calculated separately for each type of operation
and for each pipeline stage s of the DFG, comprising the set
of the date operations belonging to [s · II, (s + 1) · II].

This first allocation is considered as a lower bound. Thus
during the scheduling phase, supplementary resources can be
allocated and pipeline slices may be created if necessary, sub-
sequent to operation scheduling on the previously allocated
operators.

3.4. Operation scheduling

The classical list-scheduling algorithm relies on heuristics
in which ready operations (operations to be scheduled) are
listed by priority order. An operation can be scheduled if the
current cycle is greater than its earliest time. Whenever two
ready operations need to access the same resource (this is a
so-called resource conflict), the operation with the highest
priority is scheduled. The other is postponed.

Traditionally, bit-width information is not considered
and the priority function depends on the mobility only. The
operation mobility (mobility in the following formula) is
thus only defined as the difference between the as-late-as
possible (ALAP as late as possible) time and the current c-
step (see Algorithm 1).

In order to optimize the final architecture area, we
modified the classical priority function to take into account
the operation bit-width in addition to its mobility. Hence
the priority of an operation ops, priority(opsi), is a weighted
sum of (1) the inverse of its mobility mobility(opsi) (i.e.,
its timing priority) and (2) the inverse of the overcost

inferred by the pseudoassignment of the largest available
and compatible operator opr j with the operation opsi. The
operator opr j is returned by the maxsize(avail(OPR, opsi))
function, where OPR is the set of allocated operators and
avail(X, y) is a function that returns from the set of operators
X, the set of available operators compatible with at least one
of the operations y is as follows:

priority
(
opsi

) = α

mobility
(
opsi

) +
1− α

overcost
(
opsi, opr j

)

opr j = maxsize
(
avail(OPR), opsi

)

overcost
(
opsi, opr j

)

= Min
{(opr j,in1 − opsi,in1

opr j,in1
+

opr j,in2 − opsi,in2

opr j,in2

)
,

(opr j,in2 − opsi,in1

opr j,in2
+

opr j,in1 − opsi,in2

opr j,in1

)}
,

(2)

where opsi,ink (opr j,ink) is the bit-width of the kth input of the
operation opsi (operator opr j).

The overcost function returns the lowest sum of the
gradients of operation input’s bit-width and of operator
input’s bit-width. This means that for a same mobility, the
priority will be given to the operation that best minimizes
the overcost. For different mobility, the user defined factor
α allows to increase the priority of an operation opsi having
more mobility than an operation opsk if overcost(opsi, opr j)
is less than overcost(opsk, opr j). In the overcost compu-
tation, the reuse of an operator (already used) is avoided
through a pseudoassignment made during the scheduling. A
pseudoassignment is a preliminary binding which allows to
remove the largest operator from the available resource set.
Once the operations can be no more scheduled in the current
cycle, the resource binding is performed.

Operation chaining

To respect the specified throughput and clock constraints
while optimizing the final area, operator chaining can
be used. In our approach, the candidates for chaining
are identified by using templates in a library. Through a
dedicated specification language (see Figure 4), the user
defines chaining patterns with their respective maximum
delays. The latency constraint is expressed in number of
clock cycles which allows to be bit-width independent in the
pattern specification.

In order to automate arithmetic operators sharing
between bit-accurate and/or fixed-point operations from
a specification using the Algorithmic CTM from Men-
tor Graphics [21], our compiler generates for fixed-point
operations two nodes in the DFG (see Section 3.1): one
node for the arithmetic operation and one other for the
quantization/overflow functionality. Indeed, the difference
between integer and fixed point comes from the oper-
ator implementation. Hardware operators have the same
architecture and the same area only if one considers the
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+

Trnsat

pattern(resize) {
sources add;

targets trnsat;

cycle 1;

}

Figure 4: Chaining pattern specification language.

computation part. However, for fixed-point, quantization
(rounding, truncation, etc.) and overflow (saturation, wrap-
around, etc.) operations can be specified. Of course, the
quantization/overflow operations can be part of all the
operators (integer and fixed-point). But, this would affect
the latency of all the operators and thus the overall latency
of the final architecture. This would also increase the
overall area. In order to share the computation part only,
the compiler has to generate specific operation nodes in
the internal representation for the quantization/overflow
operations. This allows improving both the area and the
timing performance of the final area.

Figure 5(a) depicts a fixed-point dedicated operator,
where computational part is merged with the quantiza-
tion/overflow functionality. This kind of operator architec-
ture allows sharing neither the arithmetic logic nor quanti-
zation/overflow part between bit-accurate and/or fixed-point
operations.

Figure 5(b) shows the resulting architecture when the
compiler generates dedicated nodes for a fixed-point oper-
ation and that chaining is not used.

Figure 5(c) presents an architecture wherein the arith-
metic part and the quantization/overflow functionality have
been chained by coupling both the compiler results and
fixed-point templates.

3.5. Resource binding

The assignment of an available operator with a candidate
operation has to respond to the minimization of inter-
connections (steering logic) between operators and to the
minimization of the operator’s size (see Figure 3 and [18]).
Given the set of allocated operators, our binding algorithm
assigns all the scheduled operations of the current step
(see Algorithm 1). The pipeline control of each operator is
managed by a complementary priority on assignment. When
an operator is allocated, but not yet used, its priority for
assignment is primarily inferior to that of an operator already
utilized.

The first step consists in constructing a bipartite weighted
graph G = (U, avail(OPR, U), E) with:

(i) U, the set of operations in c-step Sk of the DFG;

(ii) avail(OPR, U) is a function that retruns from the
set of operators OPR, the set of available operators
compatible with the operations from U ;

(iii) E, the set of weighted edges (U, avail(OPR)) between
a pair of an operation opsi ∈ U and an operator
opr j ∈ avail(OPR,U);

The edge weight wopsi,ops j is given by the following
equation:

wopsi,opr j = β∗con(opsi, opr j) + (1− β)∗dis(opsi, opr j),
(3)

where

(i) con(opsi, opr j) is a weighted summation of the
maximum number of existing connections between
opr j and each operator assigned to the predecessors
of opsi, and a possible future connection with an
operator that could be assigned to the successors of
opsi (i.e., operation/operator compatibility);

(ii) dis(opsi, opr j) is the reciprocal of the positive differ-
ence between bit-widths of opsi and opr j inputs;

(iii) β is user defined factor which allows minimizing
either steering logic area or computational area.

The second step consists in finding the maximal weighted
edge subset by using the maximal bipartite weighted match-
ing (MBWM) algorithm described in [26].

Let us now consider the following example.
Assuming

(i) the scheduling and binding of the operations of the
DFG in Figure 6(a) on c-step1 and c-step2 have been
already done,

(ii) the operations ops1 and ops4 have been scheduled in
c-step3,

(iii) allocated operators are opr1, opr2, and opr3,

(iv) ops9, ops7 have been bound to opr1,

(v) ops3, ops0 have been bound to opr3,

we will focus on ops1 and ops4 binding. Our algorithm first
constructs the bipartite weighted graph (Figure 6(b)) taking
β equal to 1 for the sake of simplicity (i.e., only steering logic
is considered). Afterwards, the MBWM algorithm is applied
to identify the best edges. Thus operation ops1 is assigned
to opr1 thanks to the edge weight 3 in Figure 6(b). Edges
connected to opr1 node are then removed (see Figure 6(c)).
In other word, connection between opr3 (FU implementing
the ops1 predecessor) and opr1 is maximized. Thereby,
the creation of multiplexers is avoided, and thus the final
architecture has been optimized.

3.6. Operator sizing

In this design step, the operators have to be sized according
to the operations which have been assigned on. In order
to get correct computing results, the width of the operator
inputs/outputs have to be greater or equal to the width of the
operation variables.

In the available literature, the input’s width of an
operator is used to be the maximum of all its inputs (see [14,
18], e.g.). This computing method increases considerably the
final area (see Figures 3, 7, and [16]). However, an operator
can have different input width. Thus operator sizing task
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Figure 7: Sizing results.

can optimize the final operator area by (1) computing the
maximum width for each input, respectively, (Figure 7(b)) or
(2) computing the optimal size for each input by considering
commutativity (Figure 7(c)). However, swapping inputs can
infer steering logic.

Let us consider a multiplier that executes two operations
ops1 and ops2. Their respective input widths are (in1 = 8,
in2 = 4) and (in1 = 3, in2 = 9) and output width is 12.

Figure 7 shows, respectively, for each approach the
synthesis results obtained by using a Xilinx Virtex2 xc2v8000

FPGA device and the ISE 8.2 logic synthesis tool. Con-
sidering different widths for each input can thus reduce
considerably the operator area.

4. EXPERIMENTS

To show the effectiveness of our approach and its associated
high-level synthesis tool [20], several experiments with some
well-known DSP applications have been made. All the
experiments have been realized on Xilinx Virtex2 xc2v8000-
4 FPGA device using ISE 8.2 logic synthesis tool. All
the algorithmic specifications have been done using the C
language and the Algorithmic C class library from Mentor
Graphics [21]. All the syntheses have been realized using a
10 nanoseconds clock period constraint. Experiments have
been done using a 2.59 GHz AMD Opteron Processor 252,
with 3G RAM and running Windows XP. The execution time
of each synthesis using our tool was less than 2 minutes for
the considered examples. The RTL descriptions have been
simulated using Modeltech’s ModelSim6.1b simulator and
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the functional validation has been completed by comparing
RTL results to the C/Algorithmic C model ones.

These experiments objective is to present the interest of
the full bit-aware HLS flow presented in this paper. First, we
show the effectiveness of our bit-width aware synthesis flow
with only our resizing step. For this purpose, comparisons
have been made against bit-width unaware flows. Second,
we highlight the interest of our proposed “bit-width aware”
binding and scheduling algorithms, as well as the benefit of
the combination of all the synthesis steps. Finally, the last
experiment outlines the usefulness of arithmetic operators
sharing between bit-accurate and/or fixed-point operations.

4.1. The proposed operator resizing approach

In this first experiment, we compare the three following
methodologies:

(i) a pure C ANSI specification with a classical HLS flow.
All the variables and the constants have thus been
defined as integers, that is, their size depends only
on the compiler and on the technological library.
Standard integer widths have thus been considered,
that is, 16 and 32 bits;

(ii) a C/C++ specification using bit-accurate integers
(through the Algorithmic CTM class library) with a
uniform HLS approach that does not consider word-
length information. The uniform synthesis approach
generates thus an oversized architecture where all
the components (logical and arithmetic operators,
registers, multiplexers, etc.) have the same width, that
is, the width of the largest data of the specification;

(iii) a C/C++ specification using bit-accurate integers
(through the Algorithmic CTM class library) with
the proposed bit-width aware HLS approach applying
only the resizing step (i.e., the proposed bit-with
aware scheduling and binding steps have not been
used in this first experiment).

In the classical approach, the specification was written by
using ANSI C, where the data were of type int. Each data has
thus been represented with 16 bits in the DFG. In the uniform
synthesis, we set (by using the Algorithmic C data types) the
width of all the variables equal to the width of the largest data
of the input specification. For this purpose, we used the bit-
width analysis tool presented in Section 3.1 to infer output
data widths by propagating the input data bit-widths.

Figure 8 presents the results provided by the three
approaches previously described through three well known
DSP applications. The first application is a low-pass video
line filter. The filter has five nonzero taps with symmetric
coefficients, 96 pixels and the image is padded with the
boundary pixels. The dataflow graph provided by the
compilation step contains 1354 nodes (725 data and 629
operations) with a width varying from 4 to 16 bits. From the
figure, standard 16 bits architecture obtained with classical
flow and uniform one (set to 16 bits to respect the computing
dynamic of the example) have obviously the same area cost.

In contrast, bit-accurate architecture is almost two-thirds and
thus achieves 27% area reduction (see Figure 8(a)).

The second application is an elliptic filter with 25
operation nodes and 35 data nodes. Data bit-width varies
between 4 and 15. Uniform architecture is slightly smaller
than classical 16 bits one, saving only 4.5% amount of area
whereas our bit-accurate architecture exploits data word-
length to reach 40% area saving (see Figure 8(b)).

For the third application (Figure 8(c)), we chose a four
taps infinite impulse response IIR filter containing 23 data
nodes and 8 operation nodes shared between addition and
multiplication operations. Data width varies from 2 up to
14 bits. This experiment shows that uniform approach is
sometimes unprofitable and leads to an architecture larger
than the 16 bits classical one. This is due to the fact that
the logic synthesis tool uses, for standard widths, optimized
hardwired resources [24]. Using our bit-accurate approach
reduces noticeably the total area which is two times smaller
than the classical 16 bits architecture (i.e., 50% area saving).

When using a compiler that considers the integers as
32 bits data, the classical approach generates obviously a
32 bit-width architecture. In this case, area waste is con-
siderable. The final area obtained for the line filter and
elliptical filter examples is almost three times lager than bit-
accurate area (area reduction ratio is around 70%). The most
noticeable area reduction occurs for the IIR filter where area
is reduced to the fifth reaching 80% area saving. However,
when at least one data requires more than 16 bits, the 32-bits
compiler has to be used with the classical approach.

We synthesized a 16-taps finite impulse response FIR
filter where 28-bits data were needed. Figure 9 shows,
respectively, 82% and 80% of area reduction obtained by
the proposed bit-accurate approach compared to the 32-bits
classical and uniform (28 bits) approach.

This first experiment set has shown the interest of
the resizing algorithm, we proposed in this paper, which
provides alone a large area reduction. Further optimizations
can be obtained by using scheduling and binding bit-width
aware algorithms as presented in Section 4.2.

4.2. Proposed scheduling and binding algorithms

The scheduling step is a list-scheduling algorithm with a
priority criterion combining both mobility and operation
overcost (see Section 3.4). A parameter α controls the impact
of operation overcost in the operation selection. The binding
step has to respond to the minimization of interconnections
(steering logic) and to the minimization of the components
size (operators and registers). As described in Section 3.5,
our binding algorithm provides a parameter β to find a
tradeoff between the computation and the routing area.
The following experiments were performed with α set to
0.3, meaning that the mobility has greater impact than the
operation overcost on the scheduling priority. β has been set
to 0.6, meaning that routing area has a greater priority than
the combinatorial area. These values were chosen out from a
dozen of experiments and outcome, in average, the best area
results.
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This second experiment set shows the interest of consid-
ering bit-width information during synthesis steps through
tree DSP applications; (1) 96 pixels line filter, described
previously; (2) Volterra which consists in first order, nonlin-
ear, differential equations; and (3) a 32 points fast Fourier
transform FFT. Figure 10 shows the synthesis results of the
presented applications at different throughput constraints.

The line filter design was kept in this set of experiments
in order to highlight the interest of optimization algorithms.
Actually, the reduction ratio obtained in the first experiment,
that is, 70% (see Section 4.1) is improved. The proposed
clustering algorithm performs an extra reduction by 6%. The
most optimization ratio, 9% is obtained by combining all
steps. Thus total area saving is 76.3%.

The Volterra design was synthesized under two different
throughputs constraints; 50 Mb/s and 10 Mb/s which leads,
respectively, to a 2-stage pipeline architecture and a non-
pipeline one. When throughput is equal to 50 Mb/s, area
reduction reaches 25% by combing the proposed clustering
and binding algorithms. Otherwise, the binding algorithm
alone improves area cost by 14% and the clustering algorithm
provides an improvement about 18%. Under low throughput
constraints, that is, 10 Mb/s, operators are hardly shared.
Scheduling and binding algorithms have no effect on total
area. Only clustering algorithm manages to reduce area by
10%.

From the 32 points FFT design, we notice that the
classical clustering (which does not take into account the

propagation time of operators) can lead to oversized area.
Indeed, Figure 10(c) shows for abscise X = (1), (2), (3), and
(4) a circuit area with a throughput of 4 Mb/s greater or
equal that a circuit area that satisfies a 6.66 Mb/s constraint.
The proposed time clustering algorithm alone has reduced
the area, respectively, for throughputs 4 Mb/s and 6.66 Mb/s,
by 6% and 1.6%. Moreover, coupled with the binding
algorithm, the gain is raised, respectively, to 6.7% and 3.4%.

The results point out that making each step of the HLS
flow “bit-width aware” allows to optimize the circuit area.
Actually, the area obtained with an HLS flow which only
resizes the operators is reduced utmost by 25% for the
Volterra application. Furthermore, a mean reduction of 13%
is observed.

4.3. Operator reusing between bit-accurate integer
and fixed-point operations

Decoupling the arithmetic part and the quantization/over-
flow functionality (see Section 3.1) for fixed point operators
allows the resources sharing as described in Section 3.4.
Performance optimizations are addressed through the oper-
ator chaining. In this subsection, efficiency of operator
reusing is shown through the synthesis of a 32 taps least
mean squares (LMSs) filter. This application consists of two
distinct computations (1) adaptive coefficient computation
which is described with fixed-point data types (ac fixed) and
(2) filtered sample computation specified with bit-accurate
integer data types (ac int).

Figure 11 compares total area of designs produced by
the traditionalapproaches and the proposed one. The tra-
ditionalapproaches consider fixed-point operator as mono-
lithic. Thus they generate an architecture composed by one
integer and one fixed-point subpart which cannot share
the operators. Otherwise, the proposed approach leads to
a unified circuit where operators are shared between bit-
accurate integer and fixed-point operations. The proposed
approach hence provides a reduction ratio of 10%.

5. CONCLUSION

We have presented in this paper a high-level synthesis
flow, which allows the design of multiple word-length
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architectures. The approach is based on dedicated com-
pilation, scheduling, binding, and sizing steps that allow
optimizing the final architecture area. The experiments have
shown promising results for overall area reduction through
well known DSP applications on a Xilinx Virtex-2 FPGA.

In the future work, the effects on power consumption
will be investigated and the results will be compared with
traditional HLS design flows.
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1. INTRODUCTION

In digital image and signal processing domains, computing
oriented applications are widespread in embedded systems.
To satisfy cost and power consumption challenges, fixed-
point arithmetic is favored compared to floating-point
arithmetic. In fixed-point architectures, memory and bus
widths are smaller, leading to a definitively lower cost and
power consumption. Moreover, floating-point operators are
more complex, having to deal with the exponent and the
mantissa, and hence, their area and latency are greater
than those of fixed-point operators. Nevertheless, digital
signal processing (DSP) algorithms are usually specified
and designed with floating-point data types. Therefore,
prior to the implementation, a fixed-point conversion is
required.

Finite precision computation modifies the application
functionalities and degrades the desired performances.
Fixed-point conversion must, however, maintain a sufficient
level of accuracy. The unavoidable error due to fixed-
point arithmetic can be evaluated through analytical- or
simulation-based approaches. In our case, the analytical
approach has been favored to obtain reasonable optimiza-

tion times for fixed-point design space exploration. In an
analytical approach, the performance degradations are not
analyzed directly in the conversion process. An intermediate
metric is used to measure the computational accuracy. Thus,
the global conversion method is split into two main steps.
Firstly, a computational accuracy constraint is determined
according to the application performances, and secondly the
fixed-point conversion is carried out. The implementation
cost is minimized under this accuracy constraint during the
fixed-point conversion process. The determination of the
computational accuracy constraint is a difficult and open
problem and this value cannot be defined directly. This
accuracy constraint has to be linked to the quality evaluation
and to the performance of the application.

A fixed-point conversion method has been developed for
software implementation in [1] and for hardware implemen-
tation in [2]. This method is based on an analytical approach
to evaluate the fixed-point accuracy. The implementation
cost is optimized under an accuracy constraint. In this
paper, an approach to determine this accuracy constraint
from the application performance requirements is proposed.
This module for accuracy constraint determination allows
the achieving of a complete fixed-point design flow for
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which the user only specifies the application performance
requirements and not an intermediate metric. The approach
proposed in this paper is based on an iterative process
to adjust the accuracy constraint. The first value of the
accuracy constraint is determined through simulations and
depends on the application performance requirements. The
fixed-point system behavior is modeled with an infinite
precision version of the system and a single noise source
located at the system output. The accuracy constraint is
thus determined as the maximal value of the noise source
power which maintains the desired application quality.
Our noise model is valid for rounding quantization law
and for systems based on arithmetic operations (addition,
subtraction, multiplication, division). This includes LTI and
non-LTI systems with or without feedbacks. In summary,
the contributions of this paper are (i) a technique to deter-
mine the accuracy constraint according to the application
performance requirements, (ii) a noise model to estimate
the application performances according to the quantization
noise level, (iii) an iterative process to adjust the accuracy
constraint.

The paper is organized as follows. After the description of
the problem and the related works in Section 2, our proposed
fixed-point design flow is presented in Section 3. The noise
model used to determine the fixed-point accuracy is detailed
in Section 4. The case study of an MP3 coder is presented
in Section 5. Different experiments and simulations have
been conducted to illustrate our approach ability to model
quantization effect and to predict performance degradations
due to fixed-point arithmetic.

2. PROBLEM DESCRIPTION AND RELATED WORKS

The aim of fixed-point design is to optimize the fixed-
point specification by minimizing the implementation cost.
Nevertheless, fixed-point arithmetic introduces an unal-
terable quantization error which modifies the application
functionalities and degrades the desired performance. A
minimum computational accuracy must be guaranteed to
maintain the application performance. Thus, in the fixed-
point conversion process, the fixed-point specification is
optimized. The implementation cost is minimized as long
as the application performances are fulfilled. In the case
of software implementations, the cost corresponds to the
execution time, the memory size, or the energy consumption.
In the case of hardware implementations, the cost corre-
sponds to the chip area, the critical path delay, or the power
consumption.

One of the most critical parts of the conversion process
is the evaluation of the degradation of the application
performance due to fixed-point arithmetic. This degrada-
tion can be evaluated with two kinds of methods corre-
sponding to analytical- and simulation-based approaches.
In the simulation-based method, fixed-point simulations
are carried out to analyze the application performances
[3]. This simulation can be done with system-level design
tools such as CoCentric (Synopsys) [4] or Matlab-Simulink
(Mathworks) [5]. Also, C++ classes to emulate the fixed-
point mechanisms have been developed as in SystemC

[4] or Algorithmic C data types [6]. These techniques
suffer from a major drawback which is the time required
for the simulation [7]. It becomes a severe limitation
when these methods are used in the fixed-point specifica-
tion optimization process where multiple simulations are
needed. This optimization process needs to explore the
design-space of different data word-lengths. A new fixed-
point simulation is required when a fixed-point format
is modified. The simulations are made on floating-point
machines and the extra-code used to emulate fixed-point
mechanisms increases the execution time to between one
and two orders of magnitude compared to traditional
simulations with floating-point data types [8]. Different
techniques [7, 9, 10] have been investigated to reduce this
emulation extra-cost. To obtain an accurate estimation of
the application performance, a great number of samples
must be taken for the simulation. For example, in the
digital communication domain, to measure a bit error
rate of 10−a, at least 102+a samples are required. This
large number of samples combined with the fixed-point
mechanism emulation leads to very long simulation times.
For example, in our case, one fixed-point C code simulation
of an MP3 coder required 480 seconds. Thus, fixed-point
optimization based on simulation leads to too long execution
times.

In the case of analytical approaches, a mathematical
expression of a metric is determined. Determining an
expression of the performance for every kind of application
is generally an issue. Thus, the performance degradations
are not analyzed directly in the conversion process and
an intermediate metric which measures the fixed-point
accuracy must be used. This computational accuracy metric
can be the quantization error bounds [11], the mean square
error [12], or the quantization noise power [10, 13]. In the
conversion process, the implementation cost is minimized
as long as the fixed-point accuracy metric is greater than
the accuracy constraint. The analytical expression of the
fixed-point accuracy metric is first determined. Then, in
the optimization process, this mathematical expression is
evaluated to obtain the accuracy value for a given fixed-point
specification. This evaluation is much more rapid than in the
case of a simulation-based approach. The determination of
the accuracy constraint is a difficult problem and this value
cannot be defined directly. This accuracy constraint has to
be linked to the quality evaluation and performances of the
application.

Most of the existing fixed-point conversion methods
based on an analytical approach [1, 11, 13–15] evaluate the
output noise level, but they do not predict the application
performance degradations due to fixed-point arithmetic.
In [12], an analytical expression is proposed to link the
bit error rate and the mean square error. Nevertheless, to
our knowledge, no general method was proposed to link
computational accuracy constraint with any application per-
formance metric. In this paper, a global fixed-point design
flow is presented to optimize the fixed-point specification
under application performance requirements. A technique
to determine the fixed-point accuracy constraint is proposed
and the associated noise model is detailed.
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Figure 1: Global fixed-point design process. This design flow is
made-up of three stages. An iterative process is used to adjust the
accuracy constraint xj for the fixed-point conversion.

3. PROPOSED FIXED-POINT DESIGN PROCESS

3.1. Global process

A fixed-point datum a of wla bits is made up of an integer
part and a fractional part. The number of bits associated with
each part does not change during the processing leading to a
fixed binary position. Let iwla and f wla be the binary-point
position referenced, respectively, from the most significant
bit (MSB) and the least significant bit (LSB). The terms
iwla and f wla correspond, respectively, to the integer and
fractional part word-length. The word-length wla is equal
to the sum of iwla and f wla. The aim of the fixed-point
conversion is to determine the number of bits for each part
and for each datum.

The global process proposed for designing fixed-point
systems under application performance constraints is pre-
sented in Figure 1 and detailed in the next sections. The
metric used to evaluate the fixed-point accuracy is the output
quantization noise power. Let by be the system output
quantization noise. The noise power is also called in this
paper noise level and is represented by the term x =
E(b2

y). The accuracy constraint xj used for the fixed-point
conversion process corresponds to the maximal noise level
under which the application performance is maintained.
The challenge is to establish a link between the accuracy
constraint xj and the desired application performances λobj.
These application performances must be predicted according
to the noise level x. The global fixed-point design flow is
made-up of three stages and an iterative process is used
to adjust the accuracy constraint used for the fixed-point
conversion. These three stages are detailed in the following
sections.

3.2. Accuracy constraint determination

The first step corresponds to the initial accuracy constraint
determination x0 which is the maximal value of the noise
level satisfying the performance objective λobj. For example,
in a digital communication receiver, the maximal quantiza-
tion noise level is determined according to the desired bit
error rate.

First, a prediction of the application performance is
performed with the technique presented below. Let fp(x)
be the function representing the predicted performances
according to the noise level x. To determine the initial
accuracy constraint value (x0), equation fp(x) = λobj is
solved graphically, and x0 is the solution of this equation.

3.2.1. Performance prediction

To define the initial value of the accuracy constraint (x0),
the application performance is predicted according to the
noise level x. The fixed-point system is modeled by the
infinite precision version of the system and a single noise
source bp located at the system output as shown in Figure 2.
This noise source models all the quantization noise sources
inside the fixed-point system. The system floating-point
version is used and the noise bp is added to the output. The
noise model used for bp is presented in Section 4. Different
noise levels x for the noise source bp are tested to measure
the application performance and to obtain the predicted
performance fp function according to the noise level x. The
accuracy constraint x0 corresponds to the maximal value of
the noise level which allows the maintenance of the desired
application performance.

Most of the time, the floating-point simulation has
already been developed during the application design step,
and the application output samples can be used directly.
Therefore, the time required for exploring the noise power
values is significantly reduced and becomes negligible with
regard to the global implementation flow. Nevertheless, this
technique cannot be applied for systems where the decision
on the output is used inside the system like, for example,
decision-feedback equalization. In this case, a new floating-
point simulation is required for each noise level which is
tested.

3.3. Fixed-point conversion process

The second step corresponds to the fixed-point conversion.
The goal is to optimize the application fixed-point speci-
fication under the accuracy constraint xj . The approaches
presented in [1] for software implementation and in [2]
for hardware implementation are used. This fixed-point
conversion can be divided into two main modules. The flow
diagram used for this conversion is shown in Figure 3.

The first part corresponds to the determination of the
integer part word-length of each datum. The number of bits
iwli for this integer part must allow the representation of all
the values taken by the data and is obtained from the data
bound values. Thus, firstly the dynamic range is evaluated
for each datum. Then, these results are used to determine,
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for each data, the binary-point position which minimizes
the integer part word-length and which avoids overflow.
Moreover, scaling operations are inserted in the application
to adapt the fixed-point format of a datum to its dynamic
range or to align the binary-point of the addition inputs.

The second part corresponds to the determination of the
fractional part word-length. The number of bits f wli for
this fractional part defines the computational accuracy. Thus,
the data word-lengths are optimized. The implementation
cost is minimized under the accuracy constraint. Let wl =
{wl0,wl1, . . . ,wli, . . . ,wlN−1, } be an N-size vector including
the word-length of the N application data. Let C(wl) be the
implementation cost and let fa(wl) be the computational
accuracy obtained for the word-length vector wl. The
implementation cost C(wl) is minimized under the accuracy
constraint x:

minC
(

wl j
)

such as fa
(

wl j
) ≥ xj . (1)

The vector wl j is the optimized fixed-point specification
obtained for the constraint value xj at iteration j of the
process.

The data word-length determination corresponds to an
optimization problem where the implementation cost and
the application accuracy must be evaluated. The major
challenge is to evaluate the fixed-point accuracy. To obtain
reasonable optimization times, analytical approaches to
evaluate the accuracy have been favored. The computational
accuracy is evaluated using the quantization noise power.
The mathematical expression of this noise power is com-
puted for systems based on arithmetic operations with the
technique presented in [16]. This mathematical expression is
determined only once and is used for the different iterations
of the fixed-point conversion process and for the different
iterations of the global design flow.

3.4. Performance evaluation and accuracy
constraint adjustment

The third step corresponds to the evaluation of the real
application performance. The optimized fixed-point speci-
fication wl j is simulated and the application performance
is measured. The measured performances fr(xj) and the
objective value λobj are compared and, if (2) is not satisfied,
the accuracy constraint is adjusted and a new iteration is
performed:

λobj − ε < fr
(
xj
)
< λobj + ε, (2)

where the term ε is the tolerance on the objective value.
To modify the accuracy constraint value, two measure-

ments are used. Nevertheless, in the first iteration, only the
point (x0, fr(x0)) is available. To obtain a second point, all
the data word-lengths are increased (or decreased) by p bits.
In this case, as demonstrated in appendix the noise level
is increased (or decreased) by 6 · p dB. The number of bits
p is chosen as the minimal value respecting the following
inequality:

fr
(
x0
)− λobj∣∣ fr

(
x0)− λobj

∣∣ /=
fp
(
x0 ± 6 · p)− λobj∣∣ fp
(
x0 ± 6 · p)− λobj

∣∣ . (3)

The choice to increment or decrement depends on the
slope sign of fp and the sign of the difference between fr(x0)
and λobj. For the next iterations, two or more measured
points are available. The two consecutive points of abscissa
xa and xb such as fr(xa) < λobj < fr(xb) are selected and let
fab be the linear equation linking the two points (xa, fr(xa))
and (xb, fr(xb)). The adjusted accuracy constraint used for
the next iteration k is xk defined such as fab(xk) = λobj. The
adjustment process is illustrated in Section 5.3 through an
example.

4. NOISE MODEL

4.1. Noise model description

4.1.1. Quantization noise model

The use of fixed-point arithmetic introduces an unavoidable
quantization error when a signal is quantified. A common
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model for signal quantization has been proposed by Widrow
in [17] and refined in [18]. The quantization of a signal is
modeled by the sum of this signal and a random variable b,
which represents the quantization noise. This additive noise
b is a uniformly distributed white noise that is uncorrelated
with the signal, and independent from the other quantization
noises. In this study, the round-off method is used rather
than truncation. For convergent rounding, the quantization
leads to an error with a zero mean. For classical rounding, the
mean can be assumed to be null as soon as several bits (more
than 3 bits) are eliminated in the quantization process. The
expression of the statistical parameters of the noise sources
can be found in [16]. If q is the quantization step (accuracy),
the noise values are in the interval [−q/2; q/2].

4.1.2. Noise model for fixed-point system

The noise model for fixed-point systems presented in [16] is
used. The output quantization noise by is the contribution
of the different noise sources. Each noise source bi is due to
the elimination of some bits during a cast operation. From
the propagation model presented in [16], for each arithmetic
operation it can be shown that the operation output noise
is a weighted sum of the input noises associated with each
operation input. The weights of the sum do not include
noise terms, because the product of the noise terms can be
neglected. Thus, in the case of systems based on arithmetic
operations, the expression of the output quantization noise
by is as follows:

by(n) =
Ne∑

i=1

b′i (n) =
Ne∑

i=1

n∑

k=0

hi(k)bi(n− k), (4)

where the term h represents the impulse response of the
system having by as output and bi as input. In the case of
linear time invariant (LTI) systems, the different terms h(i)
are constant. In the case of non-LTI systems the terms h(i)
are time varying. In this context, two extreme cases can
be distinguished. In the first case, a quantization noise b′i
predominates in terms of variance compared to the other
noise sources. A typical example is an extensive reduction
of the number of bits at the system output compared to the
other fixed-point formats. In this case, the level of this output
quantization noise exceeds the other noise source levels.
Thus, the probability density function of the output quan-
tization noise is very close to that of the predominant noise
source and can be assimilated to a uniform distribution.
In the second case, an important number of independent
noise sources have similar statistical parameters and no noise
source predominates. All the noise sources are uniformly
distributed and independent of each other. By using the
central limit theorem, the sum of the different noise sources
can be modeled by a centered normally distributed noise.

From these two extreme cases, an intuitive way to model
the output quantization noises of a complex system is to use
a noise bp which is the weighted sum of a Gaussian and a
uniform noise. Let fb be the probability density function of
the noise b. Let bn be a normally distributed noise with a
mean and variance equal, respectively, to 0 and 1. Let bu be a

uniformly distributed noise in the interval [−1; 1]. The noise
bp is defined with the following expression:

bp = υ
(
β × bu + (1− β)× bn

)
. (5)

The weight β is set in the interval [0; 1] and allows the
representation of the different intermediate cases between
the two extreme cases presented above. The weight υ fixes
the global noise variance.

4.1.3. Choice of noise model parameters

The noise bp is assumed to be white noise. Nevertheless,
the spectral density function of the real quantization noise
depends on the system and most of the time is not white. If
the application performance is sensitive to the noise spectral
characteristic, this assumption will degrade the performance
prediction. Nevertheless, the imperfections of the noise
model are compensated by the iteration process which adapts
the accuracy constraint. The effects of the noise model
imperfections increase in the number of iterations required
to converge to the optimized solution.

To take account of the noise spectral characteristics,
the initial accuracy constraint x0 can be adjusted and
determined in a two-step process. The accuracy constraint
x0 is determined firstly assuming that the noise bp is
white. Then, the fixed-point conversion is carried out and
the fixed-point specification wl0 is simulated. The spectral
characteristics of the real output quantization noise br(wl0)
are measured. Afterwards, the accuracy constraint x0 is
adjusted and determined a second time assuming that the
noise bp has the same spectral characteristics as the real
quantization noise br(wl0).

Like for the spectral characteristics, the weight β is set to
an arbitrary value depending of the kind of implementation.
Then, after the first iteration, the β value is adjusted by
using the measured β value obtained from the real output
quantization noise br(wl0).

In most of the processors the architecture is based
on a double precision computation. Inside the processing
unit, most of the computations are carried out without
loss of information and truncation occurs when the data
are stored in memory. This approach tends to obtain a
predominant noise source at the system output. Thus, for
software implementation the weight β is fixed to 1. For
hardware implementation the optimization of the operator
word-length leads to a fixed-point system where no noise
source is predominant. The optimization distributes the
noise to each operation. Thus, for hardware implementation
the weight β is fixed to 0.

4.2. Validation of the proposed model

4.2.1. Validation methodology

The aim of this section is to analyze the accuracy of
our model with real quantization noises. The real noises
are obtained through simulations. The output quantization
noise is the difference between the system outputs obtained
with a fixed-point and a floating-point simulation. The
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floating-point simulation which uses double-precision types
is considered to be the reference. Indeed, in this case, the
error due to the floating-point arithmetic is definitely less
than the error due to the fixed-point arithmetic. Thus, the
floating-point arithmetic errors can be neglected.

Our model is valid if a balance weight β can be found
to model the real noise probability density function with
(5). The accuracy of our model with real noises is analyzed
with the χ2 goodness-of-fit test. This test is a statistical tool
which can be used to determine if a real quantization noise
br follows a chosen probability density function fbp [19]. Let
HX be the hypothesis that br follows the probability density
function fbp . The test is based on the distance between
the two probability density functions. If ys is the observed
frequency for interval s, Es is the expected frequency for s
and k the number of interval s, the statistical test is:

χ2 =
k∑

s=1

(
ys − Es

)2

Es
. (6)

This statistical test follows the χ2 distribution with k − 1
degrees of freedom. Therefore, if the distance is higher than
the threshold χth, then the hypothesis HX (br follows the
probability density function fbp) is rejected. The significance
level of the test is the probability of rejecting HX when the
hypothesis is true. Choosing a certain value for this level will
set the threshold distance for the test. According to [20], the
significance level α should be in [0.001 0.05].

Concerning the observed noise, there is no a priori
knowledge of the balance coefficient β. Thus, the χ2 test
has to be used collectively with a searching algorithm. This
algorithm finds the β weight for which the fb fits the best to
the noise. Let βoptim be the optimized value which minimizes
the term χ2 from (6), then:

χ2(βoptim
) = min

β∈[0;1]

(
χ2(β)

)
. (7)

The real quantization noise can be modeled with (5) if
the optimized value βoptim is lower than the threshold χth.

4.2.2. FIR filter example

The first system on which the before-mentioned test has been
performed is a 32-tap FIR filter. The filter output y(n) is
obtained from the following expression:

y(n) =
N−1∑

i=0

ci · e(n− i), (8)

where e is the filter input and ci the filter coefficients.
The signal flow graph of one cell i is presented in Figure 4.

To simplify the presentation, the integer part word-length
for the multiplication output and the input and output of
the addition are set to be equal. Thus, no scaling operation
is necessary to align the binary point positions at the adder
input. This simplification has no influence on the generality
of the results.

The word-lengths of the input signal (wle) and of the
coefficient (wlci) are equal to 16 bits. If no bit is eliminated

wladd wladd wlo

wlmult

wladd

wlci wle

Q

Q

ci e(n− i)

y(n)

Figure 4: Signal flow graph for one FIR filter tap.

during the multiplication, the multiplier output word-length
wlmult is equal to 32 bits. The adder input and output word-
length are equal to wladd. At the filter output, the data is
stored in memory with a word-length wly equal to 16 bits.

Two kinds of quantization noise sources can be located in
the filter. A noise source bmi can be located at each multiplier
output if bits are eliminated between the multiplication and
the addition. The number of eliminated bits kmi is obtained
with the following expression:

km = wlmult −wladd = wle + wlh −wladd. (9)

A noise source by is located at the filter output if bits are
eliminated when the addition output is stored in memory.
The number of eliminated bits ky is obtained with the
following expression:

ky = wladd −wly. (10)

The adder word-length wladd is varying between 16 and
32 bits, while the output of the system is always quantized on
16 bits.

The probability density function of the filter output
quantization noise is shown in Figure 5 for different values
of wladd. The noise is uniform when one source is prevailing
(the adder is on 32 bits). As long as the influence of the
sources at the output of the multiplier is increasing (the
length is decreasing), the distribution of the output noise
tends to become Gaussian. These simple visual observations
can be confirmed using the β-searching algorithm. The
change of the optimized value βoptim for different adder
word-lengths, varying from 16 to 32 bits, is shown in
Figure 6. When the output of the multiplier is 16 or 17 bits,
β = 0, the sources are numerous. Their influence on the
system output leads to a Gaussian noise. As the length of the
multiplier increases, β also grows and eventually tends to 1.
When wladd is greater than 26 bits, the variance of the noise
sources bmi located at each multiplier output is insignificant
compared to the variance of the noise source by located at the
filter output. Thus, this latter is prevailing and its influence
on the output signal is a uniform white noise. In this case,
the boundary values of the noise are [−q/2; q/2].
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4.2.3. Benchmarks

To validate our noise model, different DSP application
benchmarks have been tested and the adequacy between
our model and real noises has been measured. For each
application, different output noises have been obtained by
evaluating several fixed-point specifications and different
application parameters. The number of output noises ana-
lyzed for one application is defined through the term Nt. For
these different applications based on arithmetic operations,
the input and the output word-length are fixed to 16 bits.
The different fixed-point specifications are obtained by mod-
ifying the adder input and output word-lengths. Eight values
are tested for the adder: (16, 17, 18, 19, 20, 22, 24, 32).

The results are shown in Table 1 for two significance
levels α corresponding to the boundary values (0.05 and
0.001). For each application, the number Ns of real noise
which can be modeled with our noise model is measured.

Table 1: Adequacy between our model and real noises for different
DSP applications.

Applications
Test Significance level

number Nt α = 0.05 α = 0.001

FFT (16 and 32 samples) 16 100% 100%

IIR 8 direct form I 192 98% 99%

IIR 8 direct form II 192 100% 100%

IIR 8 transposed form 192 97% 99%

Adaptive APA filter 8 87% 100%

Volterra filter 8 100% 100%

WCDMA receiver 16 100% 100%

MP3 28800 78% 87%

The adequacy between our model and real noises is measured
with the metric Γ defined with the following expression:

Γ = Ns

Nt
. (11)

This metric corresponds to the ratio of output noises for
which a weight β can be found to model the noise probability
density function with (5).

The different applications used to test our approach
are presented in this paragraph. A fast Fourier transform
(FFT) has been performed on vectors made-up of 16 or 32
samples. Linear time-invariant (LTI) recursive systems have
been tested through an eight-order infinite impulse filter
(IIR). This filter is implemented with a cascaded form based
on four second order cells. For this cascaded eight-order IIR
filter, 24 permutations of the second-order cells can be tested
leading to very different output noise characteristics [21].
Three forms have been tested corresponding to Direct-form
I, Direct-Form II and Transposed-Form. An adaptive filter
based on the affine projection algorithm (APA) structure
[22] has been tested. This filter is made-up of eight taps and
the observation vector length is equal to five. A nonlinear
nonrecursive filter has been tested using a second-order
Volterra filter. Our benchmarks do not include non linear
systems with memory and thus do not validate this specific
class of algorithms.

More complex applications have been studied through
a WCDMA receiver and an MP3 coder. The MP3 coder is
presented in Section 5.1. For the third generation mobile
communication systems based on the WCDMA technique,
the receiver is mainly made up of an FIR receiving filter and
a rake receiver including synchronization mechanisms [23].
The rake receiver is made-up of three parts corresponding
to the transmission channel estimation, synchronization and
symbol decoding. The synchronization of the code and the
received signal is realized with a delay-locked loop (DLL).
The noises are observed at the output of the symbol decoding
part.

The results from Table 1 show that our noise model can
be applied to most of the real noises obtained for different
applications. For some applications, like FFT, FIR, WCDMA
receiver and the Volterra filter, a balance coefficient β can
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always be found. These four applications are nonrecursive
and the FFT, FIR, WCDMA receiver are LTI systems.

For the eight-order infinite impulse filter, almost all the
noises (97%–100%) can be modeled with our approach.
For these filters, 90% of the output quantization noise are
modeled with a balance coefficient β equal to 0. Thus, the
output noise is a purely normally distributed noise. In LTI
system, the output noise b′g due to the noise bg corresponds
to the convolution of the noise b′g with hg . This term hg
is the impulse response of the transfer function between
the noise source and the output. Thus, the output noise is
the weighted sum of the delayed version of the noise bg .
The noise bg is a uniformly distributed white noise, thus
the delayed versions of the noise bg are uncorrelated. The
samples are uncorrelated but are not independent and thus
the central limit theorem cannot be applied directly. Even if
only one noise source is located in the filter, the output noise
is a sum of noncorrelated noises and this output noise tends
to have a Gaussian distribution. For the MP3 coder, when
the level is 0.001 the test is successful about 87% of the time
(78% when α is 0.05).

For the different applications, the metric Γ is close to
100%. These results show that our model is suitable to model
the output quantization noise of fixed-point systems.

5. CASE STUDY: MP3 CODER

The application used to illustrate our approach and to
underline its efficiency comes from audio compression
and corresponds to an MP3 coder. First, the application
and the associated quality criteria are briefly described.
Then, the ability of our noise model to predict application
performance is evaluated. Finally, a case study to obtain
an optimized fixed-point specification which ensures the
desired performances is detailed.

5.1. Application presentation

5.1.1. MP3 coder description

The MP3 compression, corresponding to MPEG-1 Audio
Layer 3, is a popular digital audio encoding which allows effi-
cient audio data compression. It must maintain a reproduc-
tion quality close to the original uncompressed audio. This
compression technique relies on a psychoacoustic model
which analyzes the audio signal according to how human
beings perceive a sound. This step allows the formation of
some signal to noise masks which indicate where noise can
be added without being heard. The MP3 encoder structure is
shown in Figure 7. The signal to be compressed is analyzed
using a polyphase filter which divides the signal into 32
equal-width frequency bands. The modified discrete cosine
transform (MDCT) further decomposes the signal into
576 subbands to produce the signal which will actually be
quantized. Then, the quantization loop allocates different
accuracies to the frequency bands according to the signal to
noise mask. The processed signal is coded using Huffman
code [24]. The MP3 coder can be divided into two signal
flows. The one composed from the polyphase filter and

the MCDT and the one composed from the FFT and the
psychoacoustic model. The fixed-point conversion of the
second signal flow has low influence on compression quality
and thus, in this paper, the results are presented only for the
first signal flow.

The BLADE [25] coder has been used with a 192
Kbits/s constant bit rate. This coder leads to a good quality
compression with floating-point data types. A sample group
of audio data has been defined for the experiments. This
group contains various kinds of sounds, where each can lead
to different problems during encoding (harmonic purity,
high or low dynamic range, . . .). Ten different input tracks
have been selected and tested.

5.1.2. Quality criteria

In the case of an MP3 coder, the output noise power metric
cannot be used directly as a compression quality criterion.
The compression is indeed based on adding quantization
noises where it is imperceptible, or at least barely audible.
The compression quality has been tested using EAQUAL
[26] which stands for evaluation of audio quality. It is
an objective measurement tool very similar to the ITU-R
recommendation BS.1387 based on PEAQ technique. This
has to be used because listening tests are impossible to
formalize. In EAQUAL, the degradations due to compression
are measured with the objective degradation grade (ODG)
metric. This metric varies from 0 (no degradation) to −4
(inaudible). The level of −1 is the threshold beyond the
degradation becomes annoying for ears. This ODG is used
to measure the degradation due to fixed-point computation.
Thus for the fixed-point design, the aim is to obtain the
fixed-point specification of the coder which minimizes the
implementation cost and maintains an ODG lower or equal
to −1 for the different audio tracks of the sample group.

5.2. Performance prediction

The efficiency of our approach depends on the quality of
the noise model used to determine the accuracy constraint.
To validate this latter, its ability to model real quantization
noises and its capability to predict the application perfor-
mance according to the quantization noise level are analyzed
through experiments.

Our model capability to predict application performance
according to the quantization noise level has been analyzed.
The real and the predicted performances are compared
for different noise levels x. The application performance
prediction is obtained with our model as described in
Figure 2. The random signal modeling the output quan-
tization noise with a noise level of x is added to the
infinite precision system output. The real performances are
measured with a fixed-point simulation of the application.
This fixed-point specification is obtained with a fixed-point
conversion having x as an accuracy constraint. For this audio
compression application, the evolution of the predicted ( fp)
and the real ( fr) objective degradation grade (ODG) is given
in Figure 8(a). These performances have been measured for
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Figure 7: MP3 encoder structure.

different quantization noise levels x included in the range
[−108 dB; −88 dB].

The predicted and real performances are very close except
for two noise levels equal to −98.5 dB and −88 dB. In these
cases, the difference between the two functions fp and fr
is, respectively, equal to 0.2 and 0.4. In the other cases, the
difference is less than 0.1. It must be underlined that when
the ODG is lower than −1.5, the ODG evolution slope is
higher, and a slight difference in the noise level leads to
a great difference on the ODG. The case where only the
polyphase filter is considered to use fixed-point data type
(the MDCT is computed with floating-point data-types) has
been tested. The difference between the two functions fp and
fr is less than 0.13. Thus, our approach allows the accurate
prediction of the application performance.

5.3. Fixed-point optimization under
performance constraint

In this section, the design process to obtain an optimized
fixed-point specification which guarantees a given level of
performances is detailed. The ODG objective λobj is fixed to
−1 corresponding to the acceptable degradation limit.

First, to determine the initial value of the accuracy
constraint, a prediction of the application performance is
made. This initial value determination corresponds to the
first stage of the design flow presented in Figure 1. The
function fp is determined for different noise levels with a
balance coefficient varying from 0 to 1. Two results can be
underlined. Firstly, the influence of the balance coefficient β
has been tested and is relatively low. Between the extreme
values of β, the ODG variation is on average less than 0.1.
In these experiments, a hardware implementation is under
consideration, thus the balance coefficient β is fixed to 0.

Secondly, the ODG change is strongly linked to the kind
of input tracks used for the compression.

In these experiments, 10 different input tracks have been
tested. To obtain an ODG equal to −1, a difference of 33 dB
is obtained between the minimal and the maximal ODG.
These results underline the necessity to have inputs which
are representative of the different audio tracks encountered
in the real world. In the rest of the study, the audio sample
which leads to the minimal ODG is used as a reference. The
results obtained in this case are shown in Figure 8(a) and a
zoom is given in Figure 8(b).

O
bj

ec
ti

ve
de

gr
ad

at
io

n
gr

ad
e

−3

−2.5

−2

−1.5

−1

−0.5

Noise level x

−108 −106−104 −102−100 −98 −96 −94 −92 −90 −88

fr(x)

fp(x)

(a)

O
bj

ec
ti

ve
de

gr
ad

at
io

n
gr

ad
e

−1.2
−1.15
−1.1
−1.05
−1

−0.95
−0.9
−0.85
−0.8
−0.75
−0.7

Noise level x

−105 −104 −103 −102 −101 −100 x

fp(x)

fr (x)

f20(x)

f10(x)

(x1, fr (x1))

(x2, fr (x2))

(x3, fr (x3))
(x4, fr (x4))

(x0, fp(x0))

(x0, fr (x0))

(b)

Figure 8: (a) Predicted ( fp) and the real ( fr) objective degradation
grade (ODG) for the MP3 coder. (b) Zoom on the range [−105 dB,
−99 dB], the point (xk : fr(xk)) involved in each iteration k are
given.

To determine the initial value of the accuracy constraint,
equation fp(x) = λobj is graphically solved. The noise
level x0 is equal to −99.35 dB. x0 is used as an accuracy
constraint for the fixed-point conversion. This conversion
is the second stage of the design flow (see Figure 1). The
aim is to find the fixed-point specification which minimizes
the implementation cost and maintains a noise level lower
than x0. After the conversion, the fixed-point specification is
simulated to measure the performance. It corresponds to the
third stage of the design flow (see Figure 1). The measured
performance fr(x0) is equal to −1.2. To obtain the second
point of x1 abscissa, all the data word-lengths are increased
by one bit and the measured performance fr(x1) is equal
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to −0.77. The accuracy constraint x2 for the next iteration
is obtained by solving f10(x) = −1. The function f10(x)
is the linear equation linking the points (x0 : fr(x0)) and
(x1 : fr(x1)). The obtained value is equal to −102.2 dB. The
process is iterated and the following accuracy constraints are
equal to−101 dB and−100,7 dB. The values obtained for the
different iterations are presented in Table 2. For this example,
six iterations are needed to obtain an optimized fixed-point
specification which leads to an ODG equal to −0.99. Only,
three iterations are needed to obtain an ODG of −0.95.

5.3.1. Execution time

For our approach, the execution time of the iterative process
has been measured. First, the initial accuracy constraint
is determined. The floating-point simulations have already
been carried out in the algorithm design process and this
floating-point simulation time is not considered. For each
tested noise level, the noise is added to the MDCT output
and then the ODG is computed. The global execution time
TIAC of this first stage is equal to 420 seconds. This stage is
carried out only once.

For the fixed-point conversion, the analytical model for
noise level estimation is determined at the first iteration. This
execution time TAED of this process is equal to 120 seconds. It
takes a small amount of time but it is done only once. Then,
this model is used in the process of fixed-point optimization
and the fixed-point accuracy is computed instantaneously by
evaluating a mathematical expression. For this example, each
fixed-point conversion TFpC takes only 0.7 seconds due to the
analytical approach.

In this fixed-point design process, most of the time is
spent in the fixed-point simulation (stage 3). This simulation
is carried out with C++ code with optimized fixed-point
data types. For this example, the execution time Tf pS of each
fixed-point simulation is equal to 480 seconds. But, only one
fixed-point simulation is required by iteration and a small
number of iterations are needed.

The expression of the global execution time TAA for
our approach based on analytical approach for fixed-point
conversion is as follows:

TAA
(
Nj
) = TIAC + TAED + Nj ×

(
Tf pS + TFpC

)

= 540 + 480×Nj ,
(12)

where Nj represents the number of iterations required to
obtain the optimized fixed-point specification for a given
ODG constraint. In this example, six iterations are needed
to obtain an optimized fixed-point specification which leads
to an ODG equal to −0.99 and three iterations are needed to
obtain an ODG of −0.95. Thus, the global execution time is
equal to 49 minutes for an ODG of−0.99 and 33 minutes for
an ODG of −0.95.

A classical fixed-point conversion approach based on
simulations has also been tested to compare with our
approach. The same code as in our proposed approach is
used to simulate the application. For this approach most of
the time is consumed by the fixed-point simulation used to
evaluate the application performances. Thus, the expression

Table 2: Description of the values obtained for the different
iterations i. The term xi corresponds to the accuracy constraint
for the fixed-point conversion. The term fr(wli) is the measured
performance obtained after the fixed-point conversion.

Iteration i
Noise level Measured performances

xi (dB) fr(wli) (ODG)

0 −99.35 −1.2

1 −105.35 −0.77

2 −102,2 −0.86

3 −101 −0.97

4 −100,85 −0.98

5 −100,7 −0.99

of the global execution time TSA for this approach based on
simulation is as follows:

TAA
(
Ns
) � Ns × Tf pS = 480×Ns, (13)

where Ns is the number of iterations of the optimization
process based on simulation.

An optimization algorithm based on Min + b bits
procedure [27] is used. This algorithm allows the limitation
of the iteration number in the optimization process. The
number of variables in the optimization process has been
restricted to 9 to limit the fixed-point design search space. In
this case, the number of iterations Ns is equal to 388. Given
that each fixed-point simulation requires 480 seconds, the
global execution becomes huge and is equal to 51 hours.

In our case, the optimization time is definitively lower.
For this real application, a fixed-point simulation requires
several minutes. For this example, the analytical approach
reduces the execution time by a factor 63. Moreover, the
fixed-point design space is very large and it cannot be
explored with classical techniques based on fixed-point
simulations.

6. CONCLUSION

In embedded systems, fixed-point arithmetic is favored but
the application performances are reduced due to finite
precision computation. During the fixed-point optimization
process, the performance degradations are not analyzed
directly during the conversion. An intermediate metric
is used to measure the computational accuracy. In this
paper, a technique to determine the accuracy constraint
associated with a global noise model has been proposed.
The probability density function of the noise model has
been detailed and the choice of the parameters has been
discussed. The different experiments show that our model
predicts sufficiently accurately the application performances
according to the noise level. The technique proposed to
determine the accuracy constraint and the iterative process
used to adjust this constraint allow the obtention of an
optimized fixed-point specification guaranteeing minimum
performance. The optimization time is definitively lower and
has been divided by factor of 63 compared to the simulation
based approach. Our future work is focused on the case of
quantization by truncation.
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APPENDIX

This section demonstrates the increase of 6 · p dB of the noise
power when all fixed-point data formats are increased of p
bits. The output noise is given by the expression (4).

The output noise power Pb is presented in [16]. In our
case, the rounding quantization mode is considered. Thus,
noise means are equal to zero and the output noise power is
given by the following relation:

Pb =
Ne∑

i=1

σ2
bi
Li (A.1)

with σ2
bi

the variance of the noise source bi(n). The terms Li
are constants computed with impulse response terms hi and
independent of the fixed-point formats [16]:

Li =
∞∑

k=0

E
[
hi(k)2] (A.2)

with qi the quantization step of the data after the quanti-
zation process which generates the noise bi(n). The term
k is the number of bits that have been eliminated by the
quantization process.

Let us consider that p bits are added to each fixed-point
data format. In that case, the new quantization step q′i is
equal to:

q′i =
qi
2p . (A.3)

Thus, the new noise variance σ ′2bi is given by:

σ ′2bi =
q′2i
12
= q2

i

12∗22p =
σ2
bi

22p . (A.4)

As terms Li are constant and independent from fixed-
point data formats, the new output noise power P′b becomes:

P′b =
Pb
22p . (A.5)

By expressing the noise power in dB, the following
expression is obtained

P′bdB
= 10 · log10

(
P′b
)

= 10 · log10

(
Pb
22p

)

= 20 · p · log10(2) + log10

(
Pb
)

= 6 · p + PbdB .

(A.6)

This expression demonstrates the assumption that the
increase of p bits of all fixed-point data formats increases the
noise level of 6 · p dB.
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