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Chapter 1

Introduction

Non-uniform data sources are found throughout climate modeling, advanced partial dif-
ferential equation simulation and remote sensing. These sources can generate large volumes
of data, and hold important scientific insights about our world. However, non-uniformity
can destroy some of the regular structure that standard numerical techniques in machine
learning and other fields rely upon. This thesis covers advances in numerical methods for
non-uniform data sources. We call a data source non-uniform when it lacks the regular spac-
ing in it’s coordinate directions. We will work with data sources that have a non-uniform
spatial discretization but have a tensor product structure, which we call a non-uniform grid,
and also with those without a tensor product structure, which we call a non-uniform mesh.
Much of this thesis will focus on data compression, although in some cases there are other
applications as well, which we will address when appropriate.

Non-uniformly discretized data arise in many scientific applications. These discretiza-
tions can be chosen to better approximate functions of certain classes, to minimize compu-
tational cost or may arise naturally due to experimental sampling. Important examples of
numerical methods that exhibit non-uniform structure are sparse grids [120], finite element
methods [88], radial basis function interpolation [114], Gaussian quadrature [16] and Cheby-
shev interpolation [44]. These methods can be the origin of non-uniform data, if used in the
setting of a partial differential equation (PDE) simulation, or be used to manipulate non-

uniform data. Our data may live in 2D, 3D or in even higher dimensional spaces, depending



on the nature of the problem. We will focus on the application of data compression for these
non-uniform data sources.

Data Compression Data compression began as a field concerned with the communi-
cation of information. Band-limited channels corrupted by noise [79] limited the information
rate of transmitted messages. In 1948, this motivated Shannon to consider the structure of
a message itself [95], and whether a message could be conveyed in fewer symbols with data
efficient representations.

The famous Shannon Source Coding Theorem [95] its concerned with a random source,
X, from which we can produce a sequence of i.i.d. variables Xy, X5,..., X,,. These variables
take discrete values in a finite set of symbols X'. This random source can then be evaluated
for Shannon entropy, H(X), which takes the value,

H(X) = =) p(x)logy(p(x)) (1.1)

reX
here p(z) is the probability mass function and X is the set of possible values of X. We
can assign each symbol a bit string of fixed length, which allows for a naive encoding into
n[log,(|X])] bits, or [log,(]X|)] bits on average. Furthermore, H(X) < log,(|X|), with
equality achieved when the distribution over the symbols is uniform. This hints at the
connection between encoding and entropy. The precise connection is in the Shannon Source

Coding Theorem [95]:

Theorem 1. Given a random source X with entropy H(X), it is possible to encode the i.i.d.
sequence X1, Xo, ..., X, with n(H(X) + €) bits for ¢ > 0. This original sequence is then

recoverable from the encoding with probability 1 — €.

A year later, Fano [26] devised a code which aimed to minimize the number of sym-
bols required to transmit a message with low entropy but was only asymptotically optimal.

Huffman perfected this code structure in 1952 [45]! | and demonstrated that it is optimal for

L As a term paper for Fano’s class, so the story goes.



a message set with given frequencies. Since then there have been a couple different entropy
encoding schemes which can match or (marginally) exceed the efficiency Huffman’s optimal
code, in particular Arithmetic Range Coding [57] and Asymmetric Numeral Systems [23].

These entropy encoding techniques all deal directly with the compression of messages
encoded as symbols, but the data we are interested in is not always so neatly packaged.
Take the example of a PDE simulation, which may consist of petabytes of highly correlated
spatio-temporal patterns, all governed by a small system of equations.These simulations—if
directly interpreted as messages (with no regard for their spatio-temporal information)—
would not have their low entropy readily exploited by entropy encoders shown above. In
the remainder of this thesis we will explore the usage of linear and non-linear maps that
aim to make spatio-temporal patterns more compressible, and in particular we will focus on
non-uniform data sources, whose spatio-temporal patterns are harder to exploit than their
counterparts on uniform grids.

Content Guide The second chapter of this thesis covers a neural network layer
called “QuadConv” and was published in the Journal of Computational Physics [21]. The
third chapter outlines improvements to “QuadConv” that make it a more competitive and
efficient neural network layer. The fourth chapter introduces a more traditional data com-
pression framework called Mesh-Float-Zip which competes with state of the art scientific

data compression tools.



Chapter 2

Quadrature Convolutions

KEVIN DOHERTY
COOPER SIMPSON
STEPHEN BECKER

ALIREZA DOOSTAN

2.1 Abstract

We present a new convolution layer for deep learning architectures which we call Quad-
Conv — an approximation to continuous convolution via quadrature. Our operator is devel-
oped explicitly for use on non-uniform, mesh-based data, and accomplishes this by learning
a continuous kernel that can be sampled at arbitrary locations. Moreover, the construction
of our operator admits an efficient implementation which we detail and construct. As an
experimental validation of our operator, we consider the task of compressing partial differ-
ential equation (PDE) simulation data from fixed meshes. We show that QuadConv can
match the performance of standard discrete convolutions on uniform grid data by comparing
a QuadConv autoencoder (QCAE) to a standard convolutional autoencoder (CAE). Fur-
ther, we show that the QCAE can maintain this accuracy even on non-uniform data. In
both cases, QuadConv also outperforms alternative unstructured convolution methods such

as graph convolution.



(a) 3D point cloud [100]. (b) Surface mesh [11]. (c) NACA 0012 mesh [98].

Figure 2.1: Examples of non-uniform data.

2.2 Introduction

Discrete convolutions are one of the canonical operations used in numerous deep learn-
ing applications such as image classification, object detection, semantic segmentation, etc.
They have been proven to be effective in extracting important features from data, and they
possess a number of desirable properties such as translation equivariance. In particular,
when used with compactly supported kernels of fixed size, this facilitates the extraction of
local features from the data and provides a significant boost to computational efficiency
compared to a (square) fully-connected layer, reducing time complexity from quadratic in
the input size to linear and memory from quadratic to a constant [37]. The effects of this are
significant: each training epoch is faster, less overall training is required, and often results in
better generalization with fewer parameters. However, these standard discrete convolutions
rely on the assumption that the data is defined on a uniform grid. This limitation is unfor-
tunate, as there are a host of settings where convolutions may be effective, but the relevant
data is non-uniform; Fig. 2.1 shows a few representative examples.

In this paper we introduce a quadrature-based discrete convolution operator suitable
for arbitrary meshes, which we call QuadConv. Our construction is based on the continuous
definition of convolution, which, for two functions f, g : RP — R, is given by

(fx9)y) = | [fl®) g(y—x)do. (2.1)

RD



A variety of conditions on f and g can guarantee this integral is well defined, e.g., Young’s
Inequality, or, of particular relevance here, if f and ¢ are compactly supported. Note that
we use the term quadrature to refer to a weighted sum approximation of an integral. Some
authors make a distinction between one dimensional quadrature and higher dimensional
cubature which we will not employ. In general, our method is applicable to data on a mesh,
which is a set of nodes with arbitrary non-intersecting connections. Within this setting, we
will consider two particular sub-types of data: uniform grids and non-uniform meshes. The
latter explicitly requires the nodes to be non-uniformly distributed in space. Our proposed
method is mathematically quite simple, but, as we will see, is non-trivial to implement
efficiently.

We will denote vectors using lowercase bold font (e.g., ), and matrices or operators
using uppercase bold font (e.g., X). We will often refer to g as the kernel and f as the data.
This distinction is important in this context, as the data, f, is given (and hence known only
on the mesh nodes) and the kernel, g, is a learned map. Where appropriate, continuous
functions will be referred to with an argument from their domain in parenthesis, f(-) or
f(x), and its discrete counterpart will be referred to as f(«;), or, if the arguments are clear
from context, with an index f;.

To summarize our contributions, we propose a novel convolution operator for deep
learning applications that is suitable for data on a non-uniform mesh. In addition to this, we
discuss the practical implementation of our operator, showing that it is a computationally
feasible approach. Lastly, we present the application of our work to autoencoder based data
compression. We show that it matches the effectiveness of standard convolutions on uniform
grid data, and performs equally well on non-uniform data.

In the remainder of this section we focus on motivating our approach and discussing
the related literature. Section 2.3 will then introduce our mathematical formulation, with
Section 2.3.1 describing the practical implementation. In Section 2.4 we apply our method

to a number of datasets on uniform grids and non-uniform meshes. Section 2.5 summarizes



our work and presents possible directions for future research.

2.2.1 Motivation

The standard convolution operator used in deep learning is a particular discretization
of Eq. (2.1) operating on D-dimensional tensors. For example, for a single output and input

channel, the one dimensional form is given as follows:

(Feg)s=2_ fi- i (2.2)

along with appropriate boundary conditions. This discretization is mathematically justified
as long as the points are equally spaced, and is drawn from the definition of convolution
for functions defined on Z, which is the same as Eq. (2.2) up to notation. The following
example will demonstrate how using Eq. (2.2) in the mathematically justified setting can
yield accurate results, how this accuracy breaks down on non-uniformly spaced points, and

how our proposed method fixes these issues. To that end, consider the following 1D functions:

f(x) = sin(wz) + sin(147x) and g(z) = w’

where f is a signal composed of low and high frequency sine waves, and ¢ is the ideal low-pass
filter whose action under convolution will remove the higher frequency from f. In Fig. 2.2a

we can see the result of this convolution computed analytically according to Eq. (2.1).
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Figure 2.2: Comparison of continuous and discrete convolution.



Non-Uniformly Sampled Signal
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(a) Discrete convolution with uniformly sampled kernel.
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(b) Discrete convolution with continuous kernel.
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(c) Quadrature-based convolution with continuous kernel.

Figure 2.3: Comparison of discrete convolution and quadrature-based convolution on a non-

uniformly sampled signal.

In Fig. 2.2b, one can observe the normal usage of the discrete convolution, Eq. (2.2),

with uniformly spaced grid points, and note that its result closely matches the continuous

baseline. Figure 2.3, on the other hand, considers the results of a number of convolution

type operations when the input signal is sampled in a non-uniform manner. Figure 2.3a
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visualizes the results of discrete convolution if we sample the data at non-uniform locations,
but continue to use the uniformly sampled kernel. This result only vaguely resembles the
analytic output, in part because the kernel isn’t sampled at the correct locations. The
discrete convolution of Fig. 2.3b employs a continuous kernel that can be sampled wherever
necessary and performs markedly better. That is to say, the continuous kernel can be
evaluated at any point y — x;, where we have chosen the output points y to be uniform
for visualization purposes. However, the use of a continuous kernel alone is not sufficient to
accurately approximate the analytic convolution. Instead, in this work, we propose modeling
the kernel, g, as a continuous function and performing the calculation of discrete convolution
as a quadrature approximation of Eq. (2.1). This yields the results we see in Fig. 2.3c. As
we detail in Section 2.3, the method we propose includes quadrature weights p; in Eq. (2.2)

along with a continuous kernel g(+), so that our 1D equivalent would be the following:

(f *9)(y) ~ Z pi f(@) - gy —z). (2.3)

The combination of the continuous kernel and the reduction of integration error gives us the
best approximation of the operation we wish to perform. Although this example presumes
a fixed continuous kernel, as opposed to a learned kernel, it demonstrates the fundamental

problem of naively applying convolutional kernels to discrete data on non-uniform points.

2.2.2 Related Work

Graph convolutions Graph convolutions are perhaps the most widely used con-
volution method for non-uniform data, applicable when the data has a readily available
adjacency structure. For a full review of the relevant methods we refer the interested reader
to [117]. In general, these methods are either spectral or spatial. Spectral graph convolu-
tions perform convolution in the Fourier domain, computing the convolution as a point-wise
product of two signals, whereas spatial graph convolutions work in the spatial domain di-

rectly. Graph convolutions do not always have clear connections to standard convolution;
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in particular, one cannot down-sample the input directly. Thus, graph convolutional neural
networks (GCNNSs) rely on pooling methods for down-sampling the number of nodes in an
arbitrary graph. Significant effort has been put into graph pooling operators from a variety
of perspectives [66], but note that not all of these have an associated unpooling operator.
Many methods remove edges [41] or nodes [86, 32] via a (possibly trainable) score function
based on graph features. Other methods create a new down-sampled graph by clustering
groups of nodes [103], where the cluster assignment can be accomplished in numerous ways.

Fundamentally, since graph convolutions use only adjacency structure, they do not
exploit the full knowledge of non-uniform data. For example, recall the 1D example of the
previous section. In 1D, all grids (uniform or not) of the same number of nodes will have
the same adjacency structure, so graph based methods could not distinguish uniform from
non-uniform samples. This makes them less suitable for spatially embedded data, where the
coordinates of the points can be used in addition to the graph structure. In Section 2.4 we will
compare against graph convolutions using standard max-pooling by leveraging information
outside of the adjacency structure. Effectively, this provides a best case scenario for GCN,
and avoids employing more complicated pooling methods.

Point cloud convolutions There are numerous approaches to convolution for spa-
tially embedded data, owing to the availability of point cloud data from LiDAR measure-
ments [39]. Some of these methods voxelize the input data and perform convolution on the
resulting voxels [116]. This often results in significant sparsity which can be taken advantage
of for reasonable computational complexity. However, it eliminates the application to many
non-uniform problems, if, for example, maintaining variable point density is desirable, as is
commonly done to resolve boundary layer effects in fluid problems. The PointNet architec-
ture [84] pioneered the use of shared Multi-Layer Perceptrons (MLPs) operating directly on
the points themselves. Hybrid methods, such as [104], have shown great success by combin-
ing a voxelized convolution branch with a point-based branch. Other methods may perform

convolution directly on the points by various methods such as utilizing MLPs to define the
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convolutional kernels over all the necessary locations [10] or changing the definition of con-
volution to adapt to the irregular domain [118; 56]. We believe the most similar of these
approaches to our work is PointConv [115], which attempts to approximate the integral via
Monte Carlo integration. However, we approximate the integral via quadrature and since
typical meshes are in three dimensions or less, quadrature is typically superior to Monte
Carlo. In general, point cloud methods allow for spatial locations to change from sample to
sample; in contrast, our method explicitly takes advantage of a static mesh.

Continuous convolutions Continuous convolution operators have been investi-
gated for some time, motivated by a variety of use cases including non-uniform input data,
arbitrary kernel sizes, and multi-resolution learning. These methods vary widely in their
choice of continuous domain, how their kernel is parameterized, and how the operator is
constructed. The 2017 work of [96] generates kernels for graph convolution via continuous
edge labels. The use of an MLP that maps from coordinates of spatially embedded data to
parameterize the kernel was introduced in [112]. This approach is also used in [89, 90, 91]
to construct arbitrarily sized kernels for efficiently modeling long range dependencies. Other
parameterization approaches for the kernel have also been considered. SplineCNN [28] uses
a set of B-Spline basis functions. S4ND [78] constructs a global kernel via a Kronecker
product of sampled one-dimensional convolution kernels created as a linear combination of
hand-picked basis functions (e.g., sine and cosine). The work of [53] learns both the locations
and values of a discretely sampled kernel. The kernel value at an arbitrary query point is
then constructed based its local samples. During the preparation of this paper, the work of
[15] was made available, which also represents the kernel as an MLP and learns it from data.
The authors seek to develop an operation which resembles standard convolutions as much
as possible, while still being applicable to non-uniform data. The key difference between the
continuous convolution operators discussed so far and our own is the addition of quadrature
to weight our finite sum.

General applications There are many applications where the density of points is
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directly related to the underlying data and can be used to achieve more accurate convolution
integrals than the standard convolution discretization. Non-uniform meshes are prevalent in
PDE simulations, where nodes may be concentrated in areas where the PDE solution has a
large gradient, such as near the boundary.

Compression of scientific data The simulation of PDEs can create immense
amounts of data, which then requires compression in order to store on disk for later sci-
entific usage. While more classical methods exist for both lossless [65] and lossy compression
(64, 17] for these types of datasets, they are largely limited to uniform grids or lose efficiency
when applied to non-uniform data. Compression of PDE simulation data with convolutional
autoencoders, has proven to be effective on uniform grids achieving high compression ratios
(in excess of 100x) with low reconstruction errors [33, 74].

Other scientific applications In addition to data compression, convolutional neu-
ral networks have been utilized in PDE super-resolution methods [101] and reduced-order
modeling [75, 59]. All of these techniques could benefit from a generalization of standard

convolution to the non-uniform meshes commonly found in PDE simulation data.

2.3 Methods

We will begin by discussing the construction of our discrete convolution operator,
and then describe the details associated with a practical implementation. Our approach,

QuadConv, will be to approximate Eq. (2.1) via quadrature, so denote the nodes as x; and

the weights as p;, for i = 1,..., N, and then consider the following approximation:
N
(fra)y) =D pi- fla:) - gy — ). (24)
i=1

We employ the following form for our kernel function g:

9(z) = bump(z) - h(2; ), (2.5)
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where 6 are learnable parameters for some function 4 : R” — R. The definition of the bump
function is then given below for some a > 0:

1
exp (1 - 17(\|Z||/a)4) Izl < @

bump(z) = (2.6)

0 else

We observe that a, which is set manually, allows us to control the support of g, and therefore
the effective size of the kernel. As discussed earlier, this compact support is desirable because
we seek to extract local features from the input data. It also has the important consequence
of significantly reducing the computational overhead, which we will see in more detail in
Section 2.3.1. When setting « in practice, we can take the same approach as standard
discrete convolutional layers where 3 x 3 kernels are often preferred in 2-dimensions since
multiple layers with smaller kernels can replicate the effect of a larger kernel size. Similarly,
we prefer smaller compact supports to larger ones which saves computation and allows us
the same flexibility when layers are composed. When the domain is non-uniform we set «
based on the average number of points inside the compact support.

We have written equation Eq. (2.4) as a single sum based on the direct quadrature
approximation of Eq. (2.1), but this can also be viewed as an iterated integral and a cor-
responding iterated sum. For example, in two dimensions we could let @ = (z1,z5) and
Yy = (y1,y2) to rewrite Eq. (2.4) as:

N1 Nz

(frg) ) = D Y i fwn,0) - glyr — 21,92 — 22)), (2.7)

i=1 j=1
where we have quadrature weights p;; for ¢ = 1,..., Ny and 7 = 1,..., Ny. In fact, if the
points lie on a uniform grid, then using the two-point composite Newton-Cotes quadrature
recovers standard convolution. Such a choice of quadrature yields weights p;; = 1/4, and
equates to using the trapezoidal rule along each dimension. This constant weight can then
be absorbed into the learned kernel, producing the simple finite sum we see with standard

convolutions.
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The specifics of the quadrature (i.e., the nodes and weights) is a question so far un-
addressed. In general, we consider the nodes to be given as part of the input data. In
other words, the quadrature nodes are fixed by the locations at which the input signal f is
evaluated. In many scenarios the weights can be readily computed on the fly. For example,
if the input points are on a uniform grid, then the operator may use Newton-Cotes weights.
For data from FEM based simulations it is possible to construct node based quadrature
weights from individual element quadrature evaluations, but this is a somewhat complicated
procedure that could incur significant computational overhead and furthermore the usual
quadrature construction depends on the kernel. Because we already expect to learn the
kernel (i.e., 8) from data, perhaps the easiest option is to learn the quadrature weights as
well. When we learn the quadrature weights we ensure they are strictly positive in order to
avoid catastrophic cancellation and resulting loss of precision [76].

Figure 2.4 visualizes, in two dimensions, the difference between the standard discrete
convolution and our quadrature convolution. The standard method uses a grid based kernel
(3 x 3 in this case) that slides across the spatial dimensions of the domain to compute the
output values. However, when one moves to a non-uniform mesh, this operation no longer
applies. On the other hand, the quadrature method computes the output values using mesh
nodes that lie within the compact support (translucent red circle) of the kernel, and so it is
agnostic to the underlying mesh structure.

Analytic convolutions (Eq. (2.1)) are equivariant to continuous translations, and their
standard discretization (Eq. (2.2)) inherits this property in a discrete sense. In mathematical

terms, if 7" is some translation operator (7'f)(x) = f(x — t), then the following holds:

T(f*g)=(Tf)xg=f=*(Tg),

or, more plainly, the output of the convolution is translated equivalently to the translation
of its input. In image classification, for example, this property is desirable because features

should be invariant to placement in the image. Because QuadConv approximates contin-



(a) Discrete convolution with 3x3 kernel on uni- (b) QuadConv with a compact support on non-
form grid. uniform mesh.

Figure 2.4: Comparison of discrete convolution and QuadConv.

uous convolution, it is approximately equivariant, up to the accuracy of the quadrature.
As features move through the domain, the output of the QuadConv layers will vary by
approximately the same amount as the original data.

So far, we have only considered scalar valued inputs to the convolution operator, but it
is necessary to extend this to a multi-channel (i.e., vector) setting. Standard deep learning
convolutions accomplish this by stacking multiple kernels into a filter, and then applying
multiple filters to the input data. We will adopt a similar approach. Define G : RP — RO*C
as a map from a point to a matrix, which we interpret as a stack of filters. Despite the
incongruence in vocabulary, we will refer to G as a filter. Now, we consider f : RP? — R¢

as our vector valued input, and the quadrature convolution is given as:
N
(F*G)(y) =) pi- Gly —a) - f(@), (2.8)
i=1

where we can easily observe that the output lies in RC. The filter G is parameterized by @

according to the multi-channel extension of Eq. (2.5):
G(z) = bump(z) - H(z;0), (2.9)

where H(-;0) : R? — RC*C_ The form of the bump function remains unchanged, and thus

we see that G may be close to 0 depending on the location it is evaluated at. We may also
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note that the dimension, D, of the data was arbitrary, so our operator can easily be applied

to data in any dimension.

2.3.1 Practical Computation

The methodology we have developed so far is the foundation of our proposed convo-
lution operator, but certain aspects of the implementation are as of yet unclear. Further,
specific elements of the computation must be leveraged to achieve any reasonable level of
efficiency. We will discuss the practical implementation of the quadrature-based convolution
operator, and consider its asymptotic computational complexity.

In general, we consider input in the form of a tuple (X, F'), where X € RP*¥ represents

RE*N are the associated

the mesh consisting of N points in D-dimensional space, and F €
features with C' channels. For example, a 3D flow field would have three channels; one each
for the velocity along each dimension. For a training dataset with 7' training samples, the
input will be ((X, Ft))le, meaning that all samples share the same mesh. For a practical
implementation of the current version of QuadConv we require a single fixed input mesh.
If we were to allow the mesh to vary, it would significantly increase the cost of learning
quadrature weights for each node, and negate the speedups obtained via caching, which is

discussed later in this section.

The QuadConv operator, which we will denote as @, acts in the following manner:
Q ~
(X, F) = (Y, F),

where Y € RPN are N output points, and F € ROV are the recovered features with
C channels. As with standard convolutions, there are a number of architectural decisions
that must be made manually by the user, and each comes with a variety of trade-offs.
Similar to standard convolutions, the practitioner is left to specify the number of output
channels. Unlike standard convolutions, where the number of output points is determined as

a combination of various hyperparameters such as stride and padding, the number of output
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points and their coordinates are directly specified when using QuadConv. Due to this, our
method easily facilitates up-sampling or down-sampling, i.e., increasing or decreasing the
number of points in the domain, and can maintain non-uniform point density. This is due
to the continuous kernel being defined at all points inside the domain which maximizes our
re-sampling flexibility — this means there are no inherent constraints on the output points of
a QuadConv layer. Thus the process by which the output point coordinates are computed is
an important decision factor. In the simplest case, assuming the geometry is Cartesian, they
can be placed on a uniform grid. A more sophisticated strategy would involve coarsening the
underlying mesh via agglomeration, e.g., [13], to construct the output points directly from

the input points. The actual computation by Q via Eq. (2.8) is given below:
3 N
QIX,Fl; = (Y,F); = (y;, Y _pi-Gly; — @) - f), (2.10)
i=1

for j=1,...,N. Note that y; and f; are the 5 and 7" columns of Y and F', respectively.
Recall from Eq. (2.9) that H provides us with the learnable map from a point to a matrix.
Our method, in general, is agnostic to the form of this map, but for the sake of efficiency we
opt for a single MLP, G : RP — RC*C. There are many other possible choices, such as using
multiple MLPs which are shared among input/output channels or are entirely independent.

As noted earlier, depending on their evaluation location, the approximation G ~ 0 may
hold for many of the filters, allowing the implementation to take advantage of the sparsity of
the sum in Eq. (2.8) in order to avoid undue computation. The set of index pairs 7 and j for
which the function bump(y; — ;) is nonzero generates a map of the form j +— {i;}, meaning
that for each output location index j, there is a set of input indices {ix} that contribute to
its value. Figure 2.5 visualizes how this map can be used to implement Eq. (2.10).

This entire process can be executed efficiently in a vectorized manner as the individual
operations are independent, and for any given output index j the sum that determines its
features is over far fewer indices ¢ than would otherwise be the case, just as in the standard

discrete case. Assuming that the input and output locations are static, then the maps
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Figure 2.5: QuadConv computation. The output value at index j = 2 depends only sparsely on
the input values, e.g., there is no dependence on the input value at index i = 2.

j +— {ix} can be computed once as a pre-processing step and cached for future use. Doing
so avoids the costly construction of the maps themselves, which significantly improves the
execution time of the convolution operator.

Table 2.1 shows the computational complexity for the forward pass of QuadConv com-
pared to standard discrete convolutions. For QuadConv, we split the complexity into the
construction step for the index map, which needs only be computed once for the entire
dataset and hence is amortized, and the actual quadrature convolution computation. This
helps to highlight the impact of caching on the overall performance. During training, there
is also cost due to the backward pass in automatic differentiation, which we assume is on
the same scale as the cost of forward pass.

The variables {C, N};, and {C, N}, are the input and output channels and points,
respectively. We consider a standard convolution with kernel size K, and for QuadConv, we
consider a sparsity factor S, the average number of nodes inside the support of the kernel
G, which is dependent on the radius « of the bump function and the local point density.
The variables M; and M,, denote the time and memory complexity for the chosen filter

operation (i.e., MLP). Note that M,, has an implicit weak dependence on Cj, and Cl;, as
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the output of the filter operation is some Cj, x C,,; matrix. When considering the peak

Standard QuadConv
Convolution Index Map
Time KNout CinCout SNout Cm Cout + MtSNout Nm Nout
KNC? SNC? + M,SN N2
Peak Memory KCinOout Mm + CinCout SNout
KC? M, + C? SN

Table 2.1: Big-O comparison of standard discrete convolutions and QuadConv. The second
row of the time and memory blocks takes N;, = N,y = O(N), and C;, = Cpyy = O(C) in
order to facilitate comparisons. The index map only needs to be computed once for a given
mesh.

memory consumption, we do not include the requirements for the input or output data, as
that is common to all three methods.

One may observe a number of important details from Table 2.1. With respect to Quad-
Conv, we see that sparsity is extremely important. Just as in standard discrete convolution
the local support, or sparsity, of the operator reduces the complexity to SN, for a sin-
gle input/output channel, where typically S < 10, down from N;, N,,; without exploiting
sparsity. From the last column, we can see that because the index map construction must
look at all input-output point pairs, it is an O(N?) operation — producing the SN,,; in-
dices needed for the forward pass of QuadConv. This is the fundamental trade-off: caching
as a pre-processing step saves significant computation time in return for a larger memory

footprint.

2.4 Numerical Experiments

We have implemented QuadConv using PyTorch [82] and Lightning [25], available as
an open source Github repository [19]. The code and datasets directly associated with this

paper, and capable of recreating our results, can be found in [20]. This section shows a
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number of experiments that validate our method of convolution as an effective tool in deep
learning. In particular, we perform data compression of PDE simulation data using an
autoencoding neural network. First, we start with data on a uniform grid (Section 2.4.1)
so that we can establish a baseline of performance by comparing our method to standard
discrete convolution. We then interpolate this dataset onto a non-uniform mesh and show
that QuadConv still performs just as accurately as with the uniform mesh (Section 2.4.2).
Finally, we consider a different dataset which was simulated on a non-uniform mesh, and
show that our operator continues to facilitate high reconstruction accuracy at large levels of
compression (Section 2.4.3).

Figure 2.6 provides a high-level visualization of our neural network architecture. The
raw input data is passed through the encoder, which is comprised of a (Quadrature) Convo-
lutional Neural Network ((Q)CNN) that progressively down-samples the number of points
and increases the number of channels, and an MLP which outputs the latent representation
z. This latent vector is the compressed state of the data. To reconstruct, one simply per-
forms the reverse operation using the decoder. An MLP is applied to the latent state z, and
then a (Q)CNN up-samples the data.

We use a randomized non-contiguous 80/20 split of our data into a training and testing
sets. For data compression where all of the data is available at the time of compression, all
of the data is available for training and generalization is not important. In more typical
machine learning applications the generalization of the model is the most important metric.
We evaluate our metrics over the entire dataset (both testing and training), and we also
include the maximum error over the entire dataset to capture the generalization of the
operators.

Our autoencoder aims to minimize the empirical risk of a regularized mean-squared

error loss between F* and F,

L(F',F") = ||[F' - F'|[js + AR(F", F"), (2.11)
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Figure 2.6: Autoencoder structure.

where ¢t = 1,...,T indexes the time dimension of the (time-dependent) PDE simulation and
| F|las = (Z” ]FZ-Z-P)I/ ? is the Hilbert-Schmidt (aka Frobenius) norm. Our regularization
term R(F*, F*) in the uniform grid case is the mean-squared error between finite difference
derivatives of F' and F* (i.e., the Sobolev norm). In our non-uniform examples the deriva-
tives are more difficult to define so we do not use any regularization. The final error we

report is the time-averaged relative Frobenius-norm,

||Ft||Hs ' '

Our data is represented with 32-bit ﬂoating point numbers (single precision) [47], and all
training and evaluation was performed with single precision numbers. For the purposes
of this discussion, we define the compression ratio as the ratio between the dimension of
the raw and compressed data. Since we only compress the data in spatial dimensions, this
corresponds to the size reduction of any individual spatial sample. For example, raw data on
a 10 x 10 grid compressed to a latent space in R'® would correspond to a compression ratio
of 10. We do not consider the storage of the decoder itself, as this has negligible contribution
to the compression ratio as T — oo; as we’ll show in Table 2.3, storage of the encoder and
decoder together is just a few megabytes.

All experiments were conducted on 4 V100 GPUs and 1 IBM Power9 CPU with the
Adam [54] optimizer. Nearly all experiments used a batch size of 8 under a distributed data

parallel training strategy, except for the SplineCNN networks which use a batch size of 1.
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The SplineCNN steps are noted with an asterisk in each of the tables that follow but the

other experiments each correspond to the same amount of data processed per step.

2.4.1 Uniform Grid Ignition Data

This dataset consists of 450 uniformly sampled time steps of a jet ignition simulation
that lie on a uniform spatial grid of size 50 x 50. The wavefront is fully resolved in time. This
dataset is transport dominated for the initial portion of the simulation until the jet flame
reaches steady state. Figure 2.7, with a latent state z € R, describes the model architecture
used on the dataset in question — resulting in a compression ratio of 50. Because the input
points are already on a uniform grid, we can use the two-point composite Newton-Cotes
quadrature [3] weights for the QuadConv layers. This matches the quadrature interpretation
of the CNN which gives a very direct comparison of the QuadConv layer to the standard
convolution layer. We refer to that QuadConv experiment as “Static Weights” in Table 2.2.
We also perform the same experiment with quadrature weights as parameters of the neural
network, with the hope that the training process can learn a quadrature which is more
tailored to the dataset (the “Learned Weights” experiment). In our neural network, the max
pooling layer handles the downsampling, so the input and output points for the QuadConv
layers are identical.

In addition we compare to a few alternatives: a Proper Orthogonal Decomposition
(POD) over 50 basis vectors [8], a graph convolutional network (GCN), and a SplineCNN

28] network. We choose to use the particular graph convolution operation presented in [55],

t (Quad) (Quad) (Quad) |} — Max . .
F! =P Conv Conv Conv Pool Flatten }—P‘ Linear M Linear

Figure 2.7: Max-pooling based encoder structure. The linear layers comprise the MLP. The
decoder is similarly structured, but mirrored to up-sample.
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which is an approximation of the full spectral graph convolution operator. In practice, many
implementations of graph neural networks exhibit instabilities and large maximum errors,
the latter of which we observe in the Table 2.2. SplineCNN utilizes a continuous kernel
which operates on the attributes of the edges given in pseudo-coordinates as well as the
adjacency structure of the data. In both examples we circumvent the complexity of graph
pooling operators and make the comparison more direct by using the max pooling operator
as defined on a grid as the pooling operator. Both the GCN and SplineCNN share the same

structure as Figures 2.6 and 2.7, also with z € R,

Model Type Average Error Max Error Training Time (h) # of Steps # of Trainable Parameters
POD (50 Basis Vectors) 1.37% 17.3% N/A N/A N/A

Conv 0.42% 10.7% 1.46 186,000 1,024,718
GraphConv 0.52% 9.1% 2.64 315,360 1,016,206
SplineCNN 0.65% 10.7% 13.85 2,728,080* 1,025,710
QuadConv (Static Weights) 0.63% 2.3% 3.91 186,000 1,035,310
QuadConv (Learned Weights) 0.49% 1.2% 9.25 290,243 1,040,310

Table 2.2: Autoencoder results for uniform grid ignition data compression at 50x compression.

Conv GraphConv SplineCNN QuadConv (Static) QuadConv (Learned Weights)

Model Size (MB) 3.98 3.95 4.8 4.08 — 13.73 (Cached) 4.08 — 13.73 (Cached)
Inference Time (ms) 2.83 8.98 4.86 8.63 8.55

Table 2.3: Inference time and model size for all autoencoders on a uniform grid.

We can see in Table 2.2 that the CNN and QCNN indeed have very similar average
performance, although the QCNNs take longer to train. Learning the quadrature weights
provides a slight advantage for the average reconstruction error and a large improvement in
the maximum error, though it comes at the cost of a longer training time to converge relative
to the static quadrature. We see that the GCN has competitive average reconstruction
error but the worst maximum error. While increased training time when using QuadConv
is to be expected, at roughly 2.7x for the static quadrature, it is not prohibitively more

costly. Furthermore, the implementation of standard discrete convolution in PyTorch [82]
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is exceptionally well optimized, while QuadConv has room for improvement. Even at these
relatively high compression ratios, we see few readily visible errors in the data in Fig. 2.8 at
selected time points. The error visualization at the bottom compresses the color scale by an

order of magnitude in order to better expose the error that is present.

Ignition at t = 20 Ignition at t = 65 Ignition at t = 20 Ignition at t = 65

Reconstructed Original

Error

(a) CNN compression. (b) QCNN compression.

Figure 2.8: Comparison of CNN and QCNN ignition data reconstruction. Note that the bottom

row has a rescaled color bar.
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Figure 2.9: Error analysis of CNN for the uniform grid ignition data.
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Figure 2.10: Error analysis of QCNN with learned quadrature weights for the uniform grid ignition

data.

We conduct a further error analysis to understand relative performance in Figs. 2.9
and 2.10, which more clearly shows the similarity of performance between the CNN and the

QCNN. This shows the distribution of the absolute errors are similar, as well as the relative
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error histogram, which helps to identify at what absolute pixel values large relative errors
occur. The GCN Fig. A.1 and SplineCNN Fig. A.2 have a similar mean absolute error to the
CNN and the QCNN but the relative error histograms reveals the larger maximum errors,

which can be found in the appendix.

2.4.2 Non-Uniform Mesh Ignition Data

To maintain a benchmark of performance we interpolated the ignition data with 2D
splines and evaluated the interpolant on the non-uniform mesh shown in Fig. 2.11a. This
mesh contains 2189 points, more concentrated in the middle and the right-side of the domain,
and was generated with dmsh [94]. In order to evaluate the error introduced during the
interpolation and subsequent re-sampling on the non-uniform mesh, we re-interpolated the
data from the non-uniform mesh and compared it to the original data from the uniform
grid. Using the same relative Frobenius-error averaged over all data samples, we found the
interpolation process introduced 0.122% error into the data.

For this experiment, we continue to use a latent state z € R°, but our model varies
slightly from Section 2.4.1 in the first and last QuadConv layers, although Fig. 2.7 still
describes the general structure. Because the input data is on a non-uniform mesh, the first
QuadConv layer learns the quadrature weights and re-samples to a uniform grid. Doing
this also allows us to use the max pooling operation and its adjoint to up-sample and down-
sample, respectively. It should be noted that after re-sampling the data to a uniform grid and
before sampling back to a non-uniform mesh, one could employ standard 2D convolutions.
This is certainly a valid approach, but in this work we are seeking to validate the QuadConv
operator itself, and not necessarily trying to optimize the architecture. The rest of the model
remains unchanged until the last QuadConv layer in the decoder, where the data is sampled
from the uniform grid back to the original non-uniform mesh.

The GCN and SplineCNN in this experiment must similarly adapt their pooling layer

to be well-defined on the non-uniform data. We use the KNN pooling operator found in [27]
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to interpolate the data from the mesh (after a graph convolution operation) back to a grid.
This allows us to use the max pooling operator as defined on a grid just as in the QCNN.
We use the KNN unpooling operator in [27] to then move back to the mesh in the second to
last layer in the network. While there are other graph pooling operations, this is what we
believe to be the most direct comparison possible with readily available software.

We will also compare against two other methods for dealing with the non-uniformity
of the mesh data. First, we consider a voxel model, which is identical to the standard
convolutional model used in Section 2.4.1 except that the input data is voxelized. That is
to say, before the input data is passed through the network, it is aggregated onto a uniform
grid. The inverse of this process, de-voxelization, is then applied after processing and before
computing evaluation metrics. The second model we consider is a point-voxel model. This
pairs the voxel model with a point-based branch where shared MLPs are applied directly

to the point features themselves. See [84] and [104] for more details. As we can see in

Model Type Average Error Max Error Training Time (h) # of Steps # of Trainable Parameters

Voxel 2.789% 5.18% 0.66 120,000 1,015,222
Point-Voxel 0.956% 13.41% 1.17 120,000 1,021,163
GraphConv 0.730% 21.14% 2.98 450,000 1,016,206
SplineCNN 0.597% 8.54% 19.34 3,600,000* 1,025,710
QuadConv 0.596% 2.05% 13.50 450,000 1,037,499

Table 2.4: Results for non-uniform ignition data compression.

Table 2.4 and Fig. 2.11b, the QCNN produces similar accuracy as on the uniform grid.
This suggests that our approximation is performing well over the non-uniform data found
in the center of the domain, since we do not see an increase in error due to the change in
the underlying structure of the data. Error histograms are similar to those in the uniform
grid case and can be found in A. While the voxel model trains quite quickly, we can see
that it is by far the worst performing method. This should not be altogether surprising, as

the de-voxelization process introduces a hard lower bound on the reconstruction accuracy
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because mesh points within the same grid cell will necessarily have the same features. On the
other hand, the point-voxel model is able to achieve comparable average error to QuadConv,
but its maximum error is quite high to due its poor generalization to the test data. This
speaks to QuadConv’s ability to match and even exceed other state-of-the-art methods for
operating on non-uniform data. Importantly, we note that the shared MLPs of the point
branch place a limit on how small a point-voxel network can be. Thus, such a method may
not be suitable for data compression in a general setting. Finally, the GCN exhibits the
same high maximum error as in the previous test case on the grid while performing well on

average. While the SplineCNN is the best of all previous methods, its maximum error is still

6% higher than QuadConv.

2.4.3 Non-Uniform Mesh Flow Data

While the ignition examples are informative for verifying the performance of the Quad-
Conv layer in comparison to standard convolution, the non-uniform mesh is not native to
the data. We consider here an example of fluid flow around a cylinder at Reynolds number
Re =100 in a channel. This PDE simulation was conducted on the non-uniform mesh shown
in Fig. 2.12. This dataset has 300 time points and the streamwise velocity at 7613 nodes in
the domain.

This data is not as transport dominated as the jet ignition data, and, as a result, it
is less challenging to compress. Our model is also substantially changed from the previous
experiments. While we have thus far performed a 50x reduction in the data, this example
has a latent state z € R'®, which equates to a 500x reduction. This increase in data
reduction is due to a different linear layer preceding the latent space, but it still requires
effective feature extraction inside the QuadConv layers. Because of the non-Cartesian nature
of the data, we no longer use the approach of sampling to a grid and applying max pooling
layers. Instead, we use the QuadConv layers to down-sample, where a specified a number

of the output points are sampled from the input points by sampling uniformly at random.
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The encoder structure is described in Fig. 2.13. The random sampling technique is feasible
in this scenario because the point density is fairly constant, but mostly we use it as a tool
to show that other agglomeration procedures can be used for selecting non-uniform output

points.

Model Type Average Error Max Error Training Time (h) # of Steps # of Trainable Parameters

QuadConv 0.762% 2.24% 7.76 80,679 807,304

Table 2.5: Results for non-uniform flow data compression.

As shown in Table 2.5 and Fig. 2.14, the flow data compresses well, with low error
and converges considerably faster than the ignition data. This example shows that practical
meshes are easily used, and high accuracy can be achieved with a QuadConv based network.

The error histograms can be found in A.

Flow Past Cylinder at t =0 Flow Past Cylinder at t = 50

Reconstructed Original

Error

Figure 2.14: QCNN non-uniform flow compression.

From Fig. 2.14, we observe very little degradation in the quality of the solution and no
visible changes in the error. In fact, since the linear layers in the network dominate the total
number of trainable parameters, our embedding of the data into a smaller space reduces the

overall number of parameters in the network and slightly reduces training time.
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2.5 Discussion

In this work we have presented a new convolution operator for deep learning applica-
tions involving non-uniform data. Our operator approximates a continuous convolution via
quadrature, and employs a learned continuous kernel to allow for arbitrary discretizations
of the input data. In addition, we discussed an implementation of this operator that yields
sufficiently reasonable time complexity for use in modern deep learning settings. Our exper-
iments on both uniform and non-uniform PDE simulation data compression showed that, in
practice, this quadrature convolution can match the performance of standard convolutions

on uniform grid based data, and performs equally as well on non-uniform mesh data.

2.5.1 Future Work

The results we have presented here demonstrate the promising performance of the
QuadConv layer and QCNN in application, but there are still a number of interesting ques-
tions to address as to its performance and sensitivity to hyper-parameters. As discussed in
Section 2.3.1, there are a number of ways to parameterize the map from point to filter, and
we have only considered one such method here. A more thorough investigation into the alter-
native approaches is warranted. Also discussed in Section 2.3, and put to use in Section 2.4,
is the learning of the quadrature weights for a given set of input points. The accuracy of this
learned quadrature itself can be measured separately using known data and kernel function.
Understanding this may inspire regularization of the quadrature weights that could enable
learning higher accuracy approximations. Mentioned briefly in Section 2.3.1 was the idea of
constructing the output points of a QuadConv layer via an agglomeration of the input mesh.
This would allow one to maintain properties of the original mesh while still down-sampling.
Such a method is more extensible than the random down-sampling used in Section 2.4.3, and
would likely lead to better performance for QuadConv on meshes with more complex non-

Cartesian geometries. Moreover, our continuous kernel allows us to learn representations of
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data on a continuous space which enables one to perform multi-level training. This would
involve training on different resolutions of data using the same network but with variable
quadrature weights in order to continue to approximate the convolution operator well while
using the same kernels. Last but not least, developing online, parallel learning schemes to
enable pass-efficient, ideally in situ, data compression, as in [24, 81], is an important future

research direction.
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Figure 2.11: QCNN non-uniform ignition data compression.

Figure 2.12: Non-uniform flow mesh
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Figure 2.13: Encoder with four QuadConv based blocks. The linear layers comprise the MLP. The
decoder is similarly structured, but mirrored to up-sample.



Chapter 3

Refining Quadrature Convolutions

3.1 Introduction

In Section 2.2 we introduced a new neural network layer called QuadConv that aims
to generalize convolutional layers to non-uniform meshes by using continuous convolution
as a template. QuadConv exhibits low error in comparison to both standard convolution
on uniform grids and extends this performance to non-uniform meshes in our example data
compression tasks. However there are many aspects of of QuadConv that are either not
explored in Chapter 1, or do not compete well with standard convolutions and graph con-
volutions. This chapter examines some of these shortcomings and makes improvements to
QuadConv that make it a more usable and performant neural network layer.

We divide our improvements into a few sections: stability, speed, scaling and ecosystem.
The stability of a neural network layer is concerned with its initialization and convergence
rate (as measured in number of epochs until convergence). Smart initialization helps with
training deep neural networks that have similar operating conditions in each layer. The
speed of a neural network layer is its wall clock time for forward and backward propagation.
Improvements to speed and convergence rate can make a neural network substantially faster
to train. Scaling is the ability to vary the parameter count of a neural network and as a
consequence vary the accuracy of a neural network. In a standard convolutional network,
this takes the form of varying the number of channels in each layer. Finally, there is the

ecosystem of the neural network layer, which consists of the software tools and mathematical
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tools that make neural networks easier to construct and test. For a neural network layer to
be adopted, these components must all be sufficiently addressed to make application to real
world problems practical. We draw upon similar work for standard convolution and graph

convolution for motivation and context.

3.1.1 Notation

The notation surrounding neural networks can be dense, and our work focuses on how
differences in the data domain effects standard practices, which further complicates notation.
Here we establish some common terms to make the following sections easier. The layers in
a neural network are each functions which map the layer input to the layer output, we refer
to these as the domain and range of the layer. When concerned with spatial data, the
dimensions of the points in the domain and range are frequently either d = 2 or d = 3. The
domain (X) and range () are collections of points in R?. We consider the data to be given

by a function fi(-): X — R.
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Notation
Spatial Dimension d
Domain element x, € R?
Domain X={z,:ne{l,... ,N}}
Range element Ym € RY
Range Y={yn:-me{l,...,M}}
Input Channels ke{l,...,K}
Output Channels jed{l,...,J}
Data fr(x,) €R
Data at Layer i fi(z,) €R
QuadConv layer Q- 0)

3.1.2 Motivation and Related Work

We address related work and motivation together, since the improvements we hope
to make to QuadConv are the things that have made standard convolutions and graph
convolutions successful.

Stability = The first standard convolutional neural networks (CNNs) to use back-
propagation in 1986 [92] did not differ in many ways from their more successful counterparts
in the early 2000’s. Glorot and Bengio spectulate in their 2010 paper [34] that initialization
played a big role in this advancement, and they explored what is now termed Glorot (or
Xaviar) initialization. They observed the output of different layers of a network had different
distributions, and that as a result the training could become slow when the distributions
of the output of the networks became extreme. The initialization strategy that Glorot and

Bengio pioneered generalizes to a simple goal that we attempt to replicate for QuadConv.
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Given an input fi(X) € RY whose entries are i.i.d. drawn from a normal distribution,
fe(x,) ~ N(0,1), and a neural network layer parameterized by 6 whose action on fi(X)
is given by Q(f1(X);0), we will aim to initialize 8 such that Q(fr(x,);0) ~ N(0,1). This
creates a cycle under the action of Q(+; @), such that successive application of different layers
that have this same property maintain the stability of the output distribution.

Speed The ability to train CNNs at scale has been a fundamental driver of their
adoption and impact. In 2009, Raina et al. [85] first proposed and demonstrated training
CNNs on graphical processing units (GPUs). Since then large scale software projects Tensor-
flow [1] and PyTorch [82] have made accelerated CNN training accessible to researchers and
practitioners. As we saw in Table 2.2, while QuadConv exhibits better errors than a CNN,
it takes nearly 8 hours of more wall time to converge, which equates to 4x more time per
epoch. The graph convolutional network that we compare to is 3.8 x faster per epoch, owing
to the significant software development focused on accelerating them [27]. In fact, despite
graph convolutional networks being introduced in 2016 in a paper by Kipf and Welling [55],
they did not gain significant adoption until 2018 [108], when PyTorch-Geometric made graph
convolution faster and more accessible [27]. For many applications this large difference in
execution time makes QuadConv infeasible. In order to spur adoption, we address the road
blocks that prevent QuadConv from having competitive execution time.

Performance Scaling In Chapter 1, we compared QuadConv to many different
convolutional architectures and to facilitate a fair comparison each of the networks we com-
pared to had similar numbers of parameters. Yet missing from this analysis is a study of
how QuadConv’s performance scales when the number of parameters is increased. CNNs
have two standard methods to increase the parameter count: number of filters and depth.
For a one-dimensional standard convolutional layer over data X € R™ % and kernel weights

W € R*E*J with the following form for the j-th output channel (5 € {1,...,J}):

ConviD(X, W), Zxk * Wiy (3.1)
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where % denotes one-dimensional discrete convolution, K is the number of input channels and
J is the number of output channels. We refer to J as the number of filters, whereas depth
increases the number of layers in a network. Increasing the number of filters in convolutional
neural networks has long been known to decrease error [80], allowing practitioners to choose
parameter counts that fit their memory, computation and error budget. The 2016 paper by
He et al. exploring the impact of residual connections on CNNs [43] established techniques
to allow depth scaling to decrease errors as well. We explore why QuadConv’s architecture
changes how it scales when compared to typical CNNs, and improve its design to allow it to
scale in a more predictable fashion.

Ecosystem In order to allow practitioners to more easily use QuadConv to build
standard architectures we create additional layers and user interface changes. There are a
number of other layers which are not convolutional, but are key to implementing a typical
CNN architecture. These layers include: linear layers, pooling layers, and 1 x 1 convolutional
layers. Both linear layers and 1 x 1 convolutional layers do not explicitly use geometric in-
formation, and so require no generalization. However pooling layers are important operators
used to downsample data in neural networks and are frequently reliant on the underlying
grid structure of the data. The most common pooling layer is max pooling [77] and takes
the following form for data f;(X) € RY:

£ (@) = max fi(a) (52)

here we use D(x,) to denote a neighborhood of @, and h(xz,) : X — Y is a surjective
function between sets. We generalize these operators using mesh downsampling techniques.
Lastly, we update the interface to QuadConv using new objects that represent the mesh and
important operations over this mesh. We will show how this reduces the number of lines of
code required to implement standard architectures and makes working with meshes in neural

networks an overall smoother experience.
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3.2 Methods

First we will re-state the original QuadConv formulation, making it easier for the reader
to reference. Whenever possible we will only use a single channel in order to simplify the

notation and omit the subscript from f(x;). The output of the layer is given by

(f+G)(y) = an Gy —zn) - flzn) , (3.3)

where the filter G is parameterized by @ and its compact support is limited by a bump
function:

G(z) = bump(z) - H(z;0) . (3.4)

We will replace the above formulation with the following,

N

(F*G) W) =D pn- Ly - H(y — @,;0) - f(,) (3.5)

n=1

where 1) is the indicator function over the neighborhood of y.

3.2.1  Stability

The parameters in QuadConv (aside from any bias terms added to the convolution)
are inside of the Multi-Layer Perceptron (MLP) G, and so improving the initialization and
the distributional stability will focus on the construction of the MLP and its integration into
the convolutional operator. First, we adopt a new MLP architecture by Sitzmann et al. [97]
called a STIREN MLP. This architecture uses a sin(-) activation function, with linear layers
that take the form

' =sin(Wa' +b), (3.6)

for z',b € R and W € R™? The key result from Sitzmann et al. [97] is that if we begin
with our input to a STIREN as ¥ ~ U(—1,1) then we can obtain a cycle of distributions
as we move through the operations of a given layer, seen in Fig. 3.1. A specially initialized

first layer maps @ ~ U(—1,1) to . ~ Arcsine(—1,1). Here Arcsine(—1,1) is a distribution
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over the interval [—1, 1] that is equivalent to a shifted Beta distribution. The first operation
applied to ) is the linear map W in Eq. (3.6) which gives us [Wz'],, ~ N(0, 1) and Sitzmann
et al. shows that after the second layer of the SIREN we have x? ~ Arcsine(—1,1). We

terminate this cycle such that the output of our SIREN MLP is AV (0, 1).

Arcsine(—1,1)  N(0,1)

7

Figure 3.1: The distribution cycle induced by a SIREN MLP

U(-1,1)

We are hoping to develop an analogous cycle after QuadConv is applied to f(x,).
If we assume that f(zx,) ~ N(0,1), we want Q(f(x);0), ~ N(0,1). In order to achieve
this we want to further control p, and G(z),. Let ®(-) be the cumulative distribution
function of a standard normal random variable. We use the following convenient property:

for X ~ N(0,1) and Y = ®(X) and any v € [0, 1],

Fr(v)=P(Y <v)=P(®(X) <v)= (X <P (0) = 0@ (v) =v,  (3.7)

thus Y ~ U(0,1). We use this fact by passing the output of the SIREN MLP through a pair
of transformations. Let the action of our SIREN be denoted by the map S(-) : U(—1,1) —

N(0,1). If % ~ U(—1,1), then we have
2x ®(S(x2)) —1~U(-1,1) . (3.8)

Similarly, we generate the quadrature weights p, via a small SIREN MLP, such that p, ~

U(0,1) and we then normalize the quadrature weights according to the following equation,

=1 (3.9)

This ensures that our data driven quadrature is still exact for constant functions, and gives us

the same distribution properties for our convolutional layer as found in standard convolution.
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We will see the effects of these improvements in the results section when we compare to the

original formulation of QuadConv.

3.2.2 Speed

In order to improve the speed of the layer, we addressed a handful of different issues
that amount to over a 2x improvement in overall performance (Fig. 3.2). First, we eliminate
the bump(+) function in the parameterization of the compactly supported kernel. Instead we
replace the compact support with a k-nearest neighbor search that determines the compact
support according to the kernel size hyperparameter. This saves the operations that would
otherwise be associated with the forward and backward passes through the bump(-) function
itself. Second, we replace the scatter operation (described in detail in Section 2.3.1) with an
in-place scatter that eliminates a copy operation into the final array output. See He et al. for
more information on scatter operations [42]. While these are minor changes, they result in

hours of training time saved.

Original QuadConv | Updated QuadConv

Forward Pass 9.47 ms 5.17 ms
Backward Pass 27.30 ms 11.40 ms
Cumulative 36.77 ms 16.57 ms

Figure 3.2: Speed improvements in our new QuadConv formulation: N = 2189 with a batch size

of 1

3.2.3 Performance Scaling

As we discussed in Section 3.1.2, the scaling associated with standard convolutional

neural networks is achieved through number of filters and depth. Depth can be added to any
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neural network, regardless of layer structure. Adding filters to a QuadConv layer is more
difficult, and so we address that here. For an MLP H (z;0), parameterized by 8, the total
number of parameters is determined by the number of hidden layers and the width of those
hidden layers. Suppose that d = 2 so our input is in R?, and we have 2 hidden layers of

width 8, with an output of dimension C'. This yields the following parameters:

Layer Weights Bias Parameter Count
Layer 0 | Wy € R®*? | by € R® 16 +8
Layer 1 | W; € R®® | b, € R® 64 + 8
Layer 2 | Wy € R®*® | b, € R® 64 + 8
Layer 3 | W3 € RE*® | by € R” SxC+C

Figure 3.3: Example of parameter counts in an MLP: 168 4 (8 x C' + (') total parameters

If we scale the number of channels in a QuadConv layer, we only scale the constant C,
increasing the number of parameters but not in a useful way. There are two issues with this
approach. H (z; @) is now approximating a higher dimensional function but its hidden layers
are remaining of fixed size. MLPs are able to fit increasingly complex functions as their
hidden layers increase in width, as noted in [83, 109], but keeping hidden layers a constant
size does not allow for the increased complexity that more channels demands. The second
issue is that H(z;0) is a continuous function, which then creates a relationship between
the kernels for each channel, an atypical property for a convolutional layer. We amend both
these issues by instead using many MLPs to represent H (z; @), one for each output channel.

Thus instead of scaling the number of parameters in H(z;8), we scale the number of MLPs

in H(z;0).
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3.2.4 Ecosystem

Without the operators that surround the convolutional layer in popular architectures
QuadConv is a much less useful layer. Thus we extend max pooling using mesh down-
sampling, in particular using a technique called Moving Front Non-Uniform Subsampling
(MFNUS) recently developed by Lawrence et al. [58]. This subsampling technique creates a
set of points X C X which maintains the non-uniform density of the domain X and contains
fewer points. This allows us to create an entirely grid free neural network, which never relies
on implicit geometric information embedded in array shapes. If we examine the general form

of max pooling

(@) = max i) (3.10)

then MFNUS is creating both the neighborhood map N (:) : X — X and generating the

correspondence between the original space and the range of the pooling operator h(:) : X —

X. We can see a visual representation of this in Fig. 3.4.

O @)
)
Max
O O @; O

Figure 3.4: A mesh max pooling example, where red values are larger while blue values are smaller.

Beyond the creation of new operators, we have also simplified the interface to Quad-
Conv. Previously, complex behaviors involving mesh downsampling involved a Handler
object which monitored the mesh currently under usage. This object was globally responsi-
ble for the control of the data, which made coding with QuadConv difficult in large networks.

Instead we have replaced this with a Domain object that allows users to directly control mesh
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behavior, and downsample or upsample according to their algorithm of choice. The inter-
face to QuadConv now mirrors convolutional layers in PyTorch and makes coding common
architectures simple. We leave an example of building a ResNetBlock [43] in Appendix B

for the interested reader.

3.3 Results

In order to demonstrate some of QuadConv’s improvement after theses changes, we
perform the same compression test found in Chapter 1 on the ignition mesh dataset. This
test uses the new mesh downsampling with MFNUS, the stability improvements, and our
new interface. The number of channels and batch size is also kept the same, however the
changes in downsampling results in there being fewer parameters in the new network. Where
the original QuadConv network first upsampled the data to a grid, before using standard

Max Pooling, this new network can directly downsample the data on a mesh.

Model Type Average Error Max Error Training Time (h) # of Steps # of Trainable Parameters
Improved QuadConv 0.621% 4.17% 2.38 100,000 844,000
QuadConv 0.596% 2.05% 13.50 450,000 1,037,499

Table 3.1: Results for non-uniform ignition data compression.

As seen in table Table 3.1, the errors are similar between both networks and the
improved version of QuadConv is converging much more quickly both in terms of runtime
and in terms of number of steps. Runtime improvements are due to the changes in the
code’s speed, the number of steps to converge is decreased due to improvements in stability.
The new network is running at roughly 42,000 steps per hour of wall time, versus about
33,000 steps per hour for the original version, which is not quite the 2x improvement seen
in the layer, since there are other operations taking place in the network. While a reduction
of 350,000 steps until convergence is a substantial improvement in the convergence of our

network to a low error stationary point.
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3.4 Conclusion

In this chapter, we present a number of improvements to the neural network layer that
we built in Chapter 1. These improve computational speed, convergence rate (measured in
epochs), accuracy and usability. We also present an extension of max pooling that allows
us to create entirely grid free neural networks. When evaluated on the same problem as in
Chapter 1, we see that the improvements make QuadConv improve its ability to compress
data when used in an autoencoder. We hope to use QuadConv in other problems where
convolutions are state of the art and non-uniform meshes or point clouds are commonplace
in data. We believe that these networks give significant advantages in performance over
these data sources, while also opening up exciting research into data dependent quadrature

rules, continuous kernels and multi-resolution applications.



Chapter 4

Manifold Harmonic Bases for Compression

KEVIN DOHERTY
STEPHEN BECKER

ALIREZA DOOSTAN

4.1 Introduction

While in the previous chapters we discuss data compression using neural networks,
these are not typical techniques used for data compression. The most common setting for
the usage of data compression does not permit extended amounts of training time, and may
require extremely high levels of accuracy that neural networks cannot currently provide,
cf. Fig. 4.1. More typical methods are those like JPEG [111] or scientifically oriented succes-
sors e.g., ZFP [64] and SPERR [61]. Methods in this low error and low compression regime
prioritize the speed of compression and decompression, possibly sacrificing compression rate
in the process. The methods like JPEG, ZFP and SPERR are commonly referred to as “block
coder” style compressors, due to breaking the dataset into blocks before being encoded in
a spectral representation [9, 107]. Block sizes can vary widely, depending on the method,
ranging from 4 x --- x 4 in ZFP to 256 x --- x 256 SPERR. These methods frequently use
discrete cosine transforms [2] or wavelet transforms [12] in order to accomplish their spectral
encoding. In the case of ZFP, this means using a special integer coefficient discrete cosine
transform approximation so that multiplication can be accomplished exclusively through bit

shifts. In both of these steps, the data to be compressed is implicitly interpreted to be de-
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fined over a uniform grid. In the case of JPEG [111], this presents no issue, but when aiming
to compress scientific data it is not uncommon to define complex non-Cartesian domains
with varying levels of resolution in each section of the domain.

In this chapter we will present a novel block coder called Mesh-Float-Zip (MFZ) which
performs spatial compression over spatially non-uniform data. This block coder is similar to
ZFP and JPEG in that it uses a linear transformation of the data before entropy encoding.
This makes it rigorous, interpretable and error bounded as opposed to the neural methods

seen in previous chapters.

Higher
e

Error

Lower
—

Mesh-Float-Zip
ZFP

A 4

Compression

Lower Higher

Figure 4.1: A rough comparison of compression techniques seen in this thesis.

Block coder methods begin with two key steps: the partitioning of the data into blocks,
and the projection of these blocks onto a suitable spectrum. The blocking of arbitrary
meshes is already understood [52], but the generalization of spectral transformation for data
compression has not been explored and is the focus of this chapter. We establish a suitable
generalization for the spectral encoding of data on a mesh and create a compression tool
which replicates the success of other methods over these meshed datasets.

One contribution of this work is in using the Manifold Harmonic Basis [105] as spectral
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transformation for data over a mesh, thereby improving data compression for an important
class of scientific data. An additional contribution is the method by which we derive the
Manifold Harmonic Basis, which is an extension of simple collocation techniques explored by
Kansa in 1990 [49], but applied in this case to a Generalized Eigenvalue Problem (GEVP).
This improves the speed of our basis generation, and simplifies its generalization to higher
dimensions.

First, blocking data which is arranged in a d-dimensional grid is a straight-forward
operation accomplished by indexing into the array in which the data is stored. This is
because the memory layout of the data often matches the spatial layout of the data. The
purpose of the blocking in general is to create spatially congruent regions which can be
compressed in parallel, speeding up the compression process and isolating regions of highly
compressible data from regions of incompressible data. This means that any algorithm which
creates spatially congruent regions of blocks of size N on an arbitrary mesh is suitable for
this application. We choose to use METIS [52] in our research as it is a well established and
fast graph partitioning algorithm.

Second, we aim to replicate the effect of the spectral encoding on the blocks of data.
This is where our contribution to this topic is focused. We choose to apply the Manifold
Harmonic Basis (MHB), which was first explored in a paper by Taubin in 1995 [105]. The
MHB is a generalization of the Discrete Cosine (or Sine) Transform (DCT or DST) and
we will use it to spatially de-correlate data before entropy encoding. This basis has seen
extensive usage in graphics processing, frequently being used to perform operations like low-
pass filtering of noisy 2D surfaces [110]. Usage is complicated by its definition, since it does
not possess a closed form solution over most domains. Rather the Manifold Harmonic Basis

consists of eigenfunctions of the following eigenvalue problem
—Af=\f (4.1)

where Af =" 2/

5.
v Ox;
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The continuous eigenproblem in Eq. (4.1) takes on different spectral properties de-
pending on the domain of the function in L?(Q2), where Q is the domain under consideration.
For a simple domain like R we have a continuous spectrum from [0, c0), where each of the
eigenfunctions is of the form f(z) = sin(Az +c¢) for x € R and ¢ € {0, §}. If instead we take
the domain to be R/Z, the spectrum is now {27k : k € N} where again f(z) = sin(Az + ¢)
with 2 € R and ¢ € {0, 5}. In general, spectral analysis of the Laplace operator is a very
deep and well researched field, which is outside the scope of this work but a good reference
can be found in [38].

If we take the domain of f to be R/Z with boundary conditions f’(0) = 0 and f'(1) = 0,
then discretizing the problem with uniformly spaced points over the interval we recover a
DCT. For the appropriate change of boundary conditions over this domain we can in fact
recover type I, II, IIT or IV DCT (or DST) [102]. The Manifold Harmonic Basis provides us
with a generalization of these common spectral transformations which can be applied to any
mesh, provided we can find one that is discretized on our domain in an appropriate fashion.

The solution of Eq. (4.1) is typically derived through a GEVP involving a Finite El-
ement (FE) Discretization of the Laplace operator. We propose a computationally cheaper
collocation method based on [49] which satisfies the necessary conditions to create a Mani-
fold Harmonic Basis. Our method also takes the form of a GEVP, and requires no changes
to work in any dimensional space.

In the remainder of this chapter we will further motivate the usage of the Manifold
Harmonic Basis, provide a method for deriving it quickly over our data points, integrate
METIS and the Manifold Harmonic Basis into a compression chain that is modeled after
ZFP [64], and demonstrate effectiveness at recovering and utilizing the spatial correlation

that enables efficient compression.
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4.1.1 Motivation

Recall that the Shannon Source Coding Theorem (Theorem 1) is concerned with a
random source, X, from which we can produce a sequence of i.i.d. variables X;, Xs,..., X,,.
These variables take discrete values in a finite set of symbols X. While Theorem 1 holds
for i.i.d. random sequences, in practice we are interested in compressing sequences that have
a non-trivial covariance structure. We don’t have optimal encoding schemes for data that
are not i.i.d. and so in order to best utilize things like Huffman encoding, or Asymmetric
Numerical Systems, we attempt to diagonalize the covariance structure of the data to make
the data uncorrelated (as a proxy for independence). The Karhunen-Loeve Transform [87]
is the transform that diagonalizes a covariance matrix. In our case the data are a discrete
sequence, and so the Karhunen-Loeve transform is given by applying the adjoint of the
eigenvectors of the (empirical) covariance matrix of the elements of the sequence. Specifically,

we use the covariance matrix
Sij = El(X; — px) (X5 — pix)] (4.2)

which gives the eigenvalue problem

Ye=)e (4.3)

and after collecting the eigenvectors e as columns of the matrix E, the Karhunen-Loeve
transform is

X > BY(X — jiy). (4.4)

In the case of uncorrelated and constant variance X;, the solution is trivial as ¥ = o1
and hence the Karhunen-Loeve transform is the (possibly shifted) identity map. However
spatial data often has non-trivial covariance structures, so finding a Karhunen-Loeve Trans-
form is very important for compression.

The following example of covariance structure is the most important one in data com-

pression, as it is the spatial correlation structure that is assumed for ZFP [64] and JPEG
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[111]. Consider a uniform 1D grid, in which neighboring points have a covariance governed

by the following expression with a scalar p,
Ez‘j = O'2p|i_j| . (45)

This covariance matrix gives rise to a very familiar family of Karhunen-Loeve Transforms,
namely the 1D DCT and the DST [87, 93].

This motivation is a heuristic that attempts to explain the effectiveness of the DCT
and DST transformations, which is ubiquitous in data compression. Our work aims to use a
generalization of the DCT and DST in order to provide a de-correlating transform for non-
uniform data. This transform, a projection onto the Manifold Harmonic Basis [110], allows
us to more effectively de-correlate non-uniform data and thus provide better compression for

an important class of scientific data.

4.1.2 Related Work

There are a number of efforts to produce high efficiency error-bounded data compression
tools for scientific data. The two most significant efforts are ZFP [64, 18, 30, 40, 63] and
SZ [17, 119, 62, 67, 68]. Each effort has produced a number of different versions of the
software over the last 54 years, but we aim to characterize the most significant aspects of
these methods.

ZFP ZFP is a block-coder style compression tool, that is designed for data on a
uniform grid. Operating on 4 x --- x 4 blocks, this algorithm takes a block of data, and
transforms it using a DCT to decorrelate the data. This is followed by a sequence of bitwise
operations that convert the 4™ numbers into a different kind of floating point representation.
The only lossy stage of this process is a zeroing out of a number of low significance bits,
based on a user provided threshold for the resulting error. Finally this is followed by an
entropy encoding of the bit-planes. The development of ZFP has highlighted its zero mean

error distributions [63, 18] and its speed of compression [40]. Due to both the blocking and
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the data transformation in ZFP, when compressing non-uniform meshes only the implicit
spatial correlation that is contained in the memory layout of the data is leveraged.

SZ SZ is a predictor-corrector framework that was originally based on using curve
fitting to interpolate data, and encoding large errors explicitly [17]. Its most recent ver-
sion, which sacrifices a small amount of speed for increased performance, is SZ3 [62]. SZ3
is a framework of compression stages, beginning with preprocessing (like blocking and data
transformations), followed by prediction using neighboring points [46] or deep neural net-
works [68], then quantization, encoding and a lossless compressor that captures any latent
structure after encoding. SZ3 has a number of options for each stage, and adaptively selects
the most performant option. As with ZFP, since SZ does not use explicit geometric infor-
mation, only the implicit spatial correlation that is contained in the memory layout of the
data is leveraged.

Other approaches There are other approaches which we will cover with less depth.
TTHRESH [5] is a recent tensor decomposition based method that is not sufficiently appli-
cable for non-uniform mesh data. There are also other tensor decomposition based methods
that do not apply such as [4] and [50]. MGARD [36] is a multi-grid method, which uses
a multi-resolution decomposition of the data to make the retrieval of lower precision data
much faster. This is clearly applicable to non-uniform mesh data, but MGARD’s primary
contribution is the speed of its compression and decompression of data [14].

Manifold Harmonic Basis Aside from data compression, there is also related work
involving the generation of the Manifold Harmonic Basis (MHB). The MHB is used in mesh
filtering, mesh compression, parametrization, and segmentation [51, 106, 99, 29]. This task
is complicated by a no free lunch theorem [113] for the discretization of Laplace operators.
The no free lunch theorem states that for 2D non-uniform meshes, Laplace discretizations
cannot be symmetric, strictly positive, locally defined, and vanish on linear functions. Each
of these properties may be important for different applications of the discretized operator.

Initial attempts to generate these basis functions used symmetrized discrete Laplacian op-
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erators [72], defined over a graph (G = (V, E)), and Galerkin projection [60]. Later a more
refined approach used the Discrete Exterior Calculus to more correctly consider the symme-
try and discretization of the continuous Laplace operator [110]. Yet other approaches have
been applied to point clouds using Voronoi cells [69] or Delaunay triangulation [7]. In the
context of compression, these approaches can be slow or may not generalize directly beyond
2 dimensions. Our method is instead based in radial basis function (RBF) interpolation and
avoids the discretization of the Laplace operator, which allows for a faster construction of

the MHB that works in all dimensions.

4.1.3 Contributions

Our contributions primarily fall into two categories. First, those contributions we make
to the generation of the MHB, and second, the contributions we make to the compression of
data discretized on a mesh. Aside from these two groups of contributions, this work is also
the first to use the MHB to compress data that lies on a mesh. While Karni et al. [51] used
the MHB in a compression setting, it was to compress the nodes of the mesh.

MHB Generation The collocation method we use to generate the MHB is most
closely related to Kansa’s original RBF collocation method [49]. The equation on which we
are using this collocation method bears resemblance to the Helmholtz equation (Af = —k2f),
but we are not concerned with any particular solution for a given x, and furthermore we
seek real solutions since complex solutions make the resulting basis unusable for data com-

pression.!

Thus the considerations we make to guarantee that the Generalized Eigenvalue
Problem produces a basis of real eigenvectors is unique to our work. This is also the first
MHB generation method which is not dependent on the particular dimension the points are

embedded in, a consequence of the collocation technique.

! Projecting real data onto a complex basis results in a doubling of the number of bits required to represent
the spectrum.
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Compression The DCT has convenient properties that make the resulting com-
pression chain slightly easier than when using the MHB. We have overcome these challenges
with small contributions to the block coder compression chain. The MHB, unlike the DCT,
is not guaranteed to contain the all ones vector, 1 € R™. To fix this we simply subtract the
mean from the data, and compress this scalar along with the spectra of the mean centered
data. More significantly, the DCT on a grid produces a simple and convenient ordering for
the spectra, via spatial frequencies of the cosines. For an element of the DCT, cos2nw\;z,
with frequency \;, we can order the spectrum according to the sorting of ;. However the
basis elements of the MHB are not spatially uniform, and eigenvalues of the GEVP may have
geometric multiplicity. This makes the compression of the data spectrum more complicated,
as we cannot use the method ZFP [64] does to compress trailing zeros of each bit plane.
Instead we apply a range encoder, whose compression performance is only reliant on the

entropy of the data, and not the ordering of the spectrum.
4.2 Methods

The focus of this work is the usage of the MHB as a DCT replacement for entropy
exploitation, and we demonstrate this via a implementation of a data compression scheme.
In order to highlight the impact of the MHB, we implement a similar compression chain to
ZFP. First we will explain our contribution to the derivation of the MHB which is via an RBF
collocation method [31], then we will explain the compression chain, before demonstrating

our results on test data.

4.2.1 Manifold Harmonic Basis via Interpolation

While many methods for deriving the MHB involve a discretization of the Laplace
operator via Finite Elements, we instead consider a function f : R? — R, whose values we
consider on the set of points {@;}i—1,. , = X for o; € R?¢. We can then form an interpolant

f via an RBF approximation to f
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flx) = Zai¢(||mi —zl2), (4.6)

where the function ¢(-) is a RBF. There are many options for ¢(-), but we will require that
the resulting interpolation matrix is positive definite and symmetric. In this work we use
the kernel

o(||x; — z||2) = e (ellmi—=zl2)* ¢ ¢ >0,

since it is a common choice and also yields the required properties [73]. There are some other
RBFs that fit this criteria, but we do not explore them here. If we were to fit an interpolant,

we would use the interpolation system with r;; = ||&; — ;|2

A¢(T11) A¢(T21) A¢(T1n) aq f(wl)
AP(ria) Ap(raa) ... Ad(ra,)| |z f(x2)

AP(r1n) Ad(ren) .. Ad(rnn)| |an f(xn)

In matrix form we write this as,

Da = f(X). (4.8)

Consider the eigenproblem for the Manifold Harmonic Basis applied to the continuous in-

terpolant,

Af =\ . (4.9)
We can then apply the Laplace operator directly to the continuous function,

Af(x;) = Z%Aqﬁ(Hwi —xjll2) = M(=;) - (4.10)

Rearranging and letting r;; = ||&; — x;||2 we can turn this into a discrete eigenvalue

problem over the vector of interpolation coefficients c,
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Agb(?”u) A¢(T21) A¢(T1n) aq gb(?“n) ¢(T21) ¢(T1n> aq
Ap(r12) Ap(rae) ... Ad(ra,)| |ae d(r12) O(raa) ... O(ran)| |ao

Ap(r1n) Ad(ran) .o AP(rpn)| |am O(r1n) O(ren) .o O(rpn)| |am

(4.11)

We can write this generalized eigenvalue problem (GEVP) in matrix form as,

Ada = \da . (4.12)

Effectively we are using the interpolated form as an ansatz for the solution of Eq. (4.12),
which allows us to generate a MHB with less computational burden than a FE method.
We are guaranteed that this generalized eigenproblem has a set of n linearly independent
solutions {v; }i=1. ., for v; € R" with real eigenvalues {\;}i=1_, when A® and ¢ are sym-
metric, and ® is positive definite [35]. These are important features for the usefulness of the
solution, since without a basis of vectors we risk having data that inhabits the null space
of {v;}i=1..n- This would lead to uncontrolled loss of data into this null space, and increase
compression errors. If those vectors are not also real, then projection onto the vectors leads
to a doubling of the data to store the spectrum.

RBF interpolation using Gaussian RBF's involves the selection of the parameter e >
0 and there is a well known trade off, called the uncertainty principle [22], between the
numerical stability of the large € regime and the high interpolation accuracy of the small e
regime. Here we use € = 1 for all our experiments, and 32 bit floating point numbers in the
GEVP.

Now that we have established how we form the MHB using our RBF collocation
method, it is important to distinguish it from the traditional FE method found in the

literature. The FE method has been run at the same resolution as the discretized domain
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Figure 4.2: Runtime of MHB Generation.

in each case. While in 2D the FE method produces a basis of real solutions, in Fig. 4.2a
we can see it is marginally slower. In the small N regime the speed of the RBF method
is dominated by the auto-differentiation framework with which we implemented the GEVP
system. This difference in speed is insignificant to the compression task, since the MHB can
be generated once and used for compression over and over again. Much more importantly,
the FE method has been developed specially for 2D spatial data, and so higher dimensions
of non-uniformity are not compatible with this method. In Fig. 4.2b we can see that the

RBF collocation method works in any dimension.
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In order to illustrate more clearly how these first two stages work, let’s take the example

mesh in Fig. 4.3a and partition it into the blocks in Fig. 4.3b.

(a) An example simulation mesh. (b) The example mesh after using METIS to cre-

ate blocks.

Figure 4.3: An example mesh and its color-coded partition using METIS.

We can now take a particular block and form the MHB over that block using the RBF
interpolation we described above Fig. 4.4. This allows us to form the spectral representation

of the data in the block that we will later compress.

Mesh Block v Vo v3 vN

Figure 4.4: An example block and some elements of its MHB.

When the domain of the MHB changes, the functions also change and when we apply the
RBF collocation method to a grid, these basis elements more closely resemble the familiar

DCT/DST.
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U1 V2 V11 V23

Figure 4.5: Elements of a grid’s MHB.

4.2.2 Compression of the MHB Spectrum

After partitioning and projecting the data blocks onto the Manifold Harmonic Basis,
we still must perform compression on the resulting data. In order to accomplish this we use
a pipeline very similar to ZFP, which will facilitate comparison between the two methods
and allow the effect of the basis on the compression to be more obvious.

Let f* € R"™ be the k-th block of the partition, and let {v¥},—; _, be the basis for
the k-th block of the partition. We occasionally add an ¢ superscript to elements of the bit
representations of floating point numbers to denote that they belong to the i-th element of
the data, but in general omit them when we are only working with a single representative
number.

Mean Centering and Projection First we mean center the data: for p* =
%Zj ff, the centered data f* is then

Foe o (4.13)
The spectrum of the data block is given by
g" =V fk (4.14)
for Vi, = [v¥, ... vf] .
Block Floating Point First the data block is converted to a block floating point

representation, which uses a single exponent for the entire block. Consider the case where
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our data are IEEE single precision floating point numbers [48], which is a 32 bit floating
point representation. This representation consists of 1 sign bit, 8 exponent bits and 23 bits

to represent the mantissa, taking the form

23
gic _ (_1)1731 X 2(b30b29..‘b23)2—127 > (1 + Zb23_j2—j> ) (415)
j=1

Here the notation (0010101), denotes an integer base two, which in this case (0010101), =
(21)10 2 . We replace the exponents in the block with the maximum exponent found in the
block,

(0706 . CQ)Q = m?x (bgonQ PN bgg)é. (416)

By using a single exponent for the entire block, we save 8 x (n — 1) total bits per block. The

new form of this floating point number is then

22
glk _ (_1>631 « 2(0706...00)27127 > <Z bj2j22> ) (417)
=0

Here (c7¢g ... ¢p)e is the common exponent for the block floating point representation. If the
block has a wide range of values in it, this can create compression error unless extra bits are
added to the floating point representation. In practice, the size of the blocks aims to make
data of a homogeneous scale inside each of the blocks.

Thresholding At runtime, the user specifies an error threshold, in our case in terms
of absolute pointwise error. This is then used to set bits below the threshold to zero. This
is accomplished by first converting the threshold into our block floating point representation
and then by comparing the resulting threshold with the least significant bits of the data in
the block. Setting these bits to zero lowers the entropy of the bits in the block, and makes
them more compressible.

Truncation After thresholding, many of the bits in the least significant bit planes,

see Fig. 4.6, are now zeros. We can encode these bits in a single integer which encodes how

2 The —127 shift allows floating point comparisons between negative and postive numbers to examine
fewer bits.
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many zeros to add to the end of our representation. This is similar to a run length encoding
of the trailing zeros in each of the n numbers in the block, but we use the minimum run length
in order to encode them simultaneously in one integer. This saves a total of (t —1) x (n—1)

bits per block. Note the change in the summation index for ¢ — 1 truncated bits,

22
gf = (—1) x 2lereaeo)a=127 (Z ijj—”) : (4.18)
j=t

Bit Plane
i More Less
Significant Significant

Higher
Eigenvalue

Spectrum

Lower
Eigenvalue

Figure 4.6: A sketch of the bit array after processing into block floating point format.

Nega-Binary We can view our current representation in the following form,

gf _ gleregc0)2—127 o 9=22 o ((_1)b31 x (1)22521 o bt)2) (4,19)

where the term on the right of the equation can be interpreted as a (signed) integer. To
facilitate more efficient bit plane encoding later, we convert this term to negative binary
which encodes both the magnitude and the sign of the number in the first nonzero bit of the

representation. This gives us the following,
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gp = 2700237 5 9722 (q23G22 - - - qt) -2 (4.20)

1

where {¢;}i—23_+ are the bits of the negative binary representation up until the truncated
bit plane t — 1.

The chain of steps described above, beginning with the block floating point represen-
tation and ending with the negative binary conversion are all elements found inside of the
ZFP compression chain. This gives us a compact representation of the spectra of our block
and allows us to continue to a lossless encoding step that further compresses each block.

Arithmetic Range Encoding We apply a classical technique from the late 1970s
known as arithmetic range encoding to each bit plane in order to take further advantage of
the reduced entropy of the spectral representation of the data [71]. This approach encodes
a stream of bits as a single number by using a model of the probabilities that each symbol
will occur. Our case is the most simple, since our alphabet consists of {0, 1}. Given a pair
of probabilities {pg,p1} the fraction of the data that is 0 and 1 respectively, and a range
within which to encode our symbols, we apply the algorithm symbol by symbol until the
entire message is encoded.

This encoding method relies on accurate probabilities and messages of sufficient length
to avoid the overhead cost from expanding the length of the message [57]. In the case where
po = 0.5 = p; no compression is possible. We utilize a 32-bit integer for the encoding range
via the python package “constriction” [6].

We expect the MHB transform to produce a few large coefficients and many smaller
coefficients, on average. Let the bit planes be indexed by k € {23,22,...,t}. This means
that as we move from the most significant bit plane (23), towards the least significant bit
plane (1), we expect the first few bit planes to contain a larger proportion of zeros, relative
to the least significant bit planes. We find the bit plane in which we first see p§ = 0.45,

which acts as a threshold for when we no longer expect to compress the following bit planes,
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and then find the true proportion of zeros in the preceding bit planes. We then transmit
two quantized numbers with the range encoded data: one number encodes py, as a fraction
in (0.0,0.5) (in 4 bits) and the other encodes the bit plane at which we no longer apply
arithmetic range encoding (in 5 bits). We call this method Mesh-Float-Zip, or MFZ for

short.

4.3 Results

We test on a pair of 2D datasets and one 3D dataset which are all discretized over
non-uniform meshes. The first 2D dataset is a jet flame ignition process that is seen in
Section 2.4.2, and the second is a turbulent flow field over a non-uniform grid Section 4.3.
Each of the 2D datasets has 4 channels of data, and is represented as single precision floating
point numbers. The 3D dataset is a uniform mesh over a non-Cartesian domain, and has 1
single precision floating point channel of data. Each channel is processed separately in these

examples to highlight how performance can vary over different data.

AT

(a) The ignition mesh. (b) The flat plate turbulent flow mesh.

We compress the data exclusively in the spatial dimensions, to emphasize the impact of
the spatial compression that each method is performing. Thus, to measure the performance

of each method at a given compression ratio, we perform time averaging over our metrics
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to arrive at a final metric for the performance of the spatio-temporal dataset. Let F! be a
spatial slice of the data at time ¢ and F'its decompressed approximation. We will use a pair
of different metrics to evaluate performance, the first is a time-averaged relative Frobenius-

norm also seen in Chapter 1 Eq. (2.12),

B = F'llus
4.21
T Z ™ (421)

where t = 1,...,T indexes the time dimension of the (time-dependent) PDE simulation and
| F||las = (Z” |F;;.]2)1/2 is the Hilbert-Schmidt (aka Frobenius) norm. The second is the

time-averaged Peak-Signal-to-Noise-Ratio or PSNR,

— Z 101log,, (WM) (4.22)

t=1

where MSE(F*, F') = 5 i (Fi— Ffj)2 is the mean-squared error and I = max F'* —min F".

4.3.1 Ignition Dataset

This dataset consists of 450 uniformly sampled time steps of a jet ignition simulation
that lie on a non-uniform spatial mesh of size 2189. The wavefront is fully resolved in time.
This dataset is transport dominated for the initial portion of the simulation until the jet
flame reaches steady state. The dataset is approximately lexicographically ordered, so even
in the mesh the points that are adjacent in memory are spatially correlated. In order to
show the difference this makes in the results we run ZFP, SZ and Mesh-Float-Zip (MFZ) on
each of the channels in the dataset both with and without shuffling the data. PDE data that
is adjacent in memory is not always spatially correlated, as it may be rearranged for more

efficient memory access patterns or as in pivoting to reduce matrix condition numbers.
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Figure 4.8: Demonstrating the effect of shuffling the data order, for combustion data. In the
plots, higher PSNR is better.

We can see in Fig. 4.8 that MFZ performs well across all of the data seen here, but
there is wide variation in the overall performance. The oxygen concentration channels,
seen in Fig. 4.8b and Fig. 4.8a have the most complex dynamics since the oxygen jet is
being injected into the simulation domain. This makes these channels much less spatially
compressible, and so the margins between each of the methods are very small. Even still,
the shuffled data Fig. 4.8b exhibits a sharp decrease in performance for ZFP and SZ. This

shows that these methods are heavily relying on the memory layout of the data to match
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the results of MFZ.

The CO, channel seen in Fig. 4.8c and Fig. 4.8d has much more simple dynamics and a
large number of zeros are found in the data, making this a much easier channel to compress.
As there is more spatial correlation and structure, MFZ is able to take advantage of this
structure and performs better than ZFP and SZ in both the shuffled Fig. 4.8d and unshuffled

Fig. 4.8c cases.

4.3.2 Flat Plate Turbulent Flow

This dataset consists of 603 time steps with 9956 spatial points, and simulates a tur-
bulent fluid flow over a flat plate. Unstable turbulence structures present near the plate on
the bottom of the domain near the no-slip boundary condition and so the mesh is resolved
more finely in that region. This dataset is discretized over a non-uniform grid, making it the

most similar to the expected spatial layout that ZFP and SZ were designed for.
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Figure 4.9: Demonstrating the effect of shuffling the data order, for turbulent flow data. In
the plots, higher PSNR is better.

We can see that the SZ outperforms ZFP and MFZ in both unshuffled cases, Fig. 4.9a
and Fig. 4.9c. Given SZ3’s complex internals, it is difficult to understand exactly why this
is the case. At a high level, the models SZ is applying describe the data very well. ZFP and
MFZ have very similar performance in this dataset, with MFZ having a slight edge in the
Y velocity. We see again that shuffling the data, as in Fig. 4.9b and Fig. 4.9d, makes MFZ

moderately better than SZ and ZFP, especially in the low compression / high PSNR regime.
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4.3.3 Neuron Transport

The neuron transport dataset is a simulation of the action potential of a membrane
channel which starts as a point mass of action potential in a 3D membrane channel. This
mesh is non-Cartesian, although spatially uniform in the meshed regions. It consists of 600
timesteps and 116,543 points, and is much larger than the other datasets seen in this chapter.
MF7Z applies the same collocation method to generate a MHB in 3D, and extends its block

size from roughly 8 x 8 to roughly 8 x 8 x 8.3
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Figure 4.10: Demonstrating the effect of shuffling the data order, for neuron transport data.

In the plots, higher PSNR is better.

The layout of the neuron transport dataset in memory naturally has much less spatial
correlation in adjacent memory components. This means that the unshuffled data is much
less compressible for ZFP, as seen in Fig. 4.10a, but clearly there is still some spatial corre-
lation since the performance of ZFP is degraded with shuffling Fig. 4.10b. This illustrates a
case where the memory layout of PDE data loses its spatial correlation and becomes much

less compressible for standard compressors but not for MFZ.

3 We are not able to present SZ’s performance on this dataset, due to a bug in the SZ results that
produced abnormally large errors.



69

4.3.4 Block Size

The block size is frequently a fixed parameter in block coders, since the implementation
of the block coder does not always allow for the block size to be changed easily. In MFZ,
the block size is a runtime parameter that affects the speed of the compression and the
compression factor. For MFZ we have chosen the block size to be approximately 8 x --- x 8
and be uniformly sized across the data. Algorithms such as JPEG 2000 [70] use blocks of
different sizes, depending on how well it compresses in each size. ZFP uses slightly smaller
blocks (4 elements per dimension), whereas SPERR uses much larger blocks (256 elements
per dimension). To illustrate how block sizes can affect compression, consider the ignition
data seen in Section 4.3.1 which has a large discontinuity at the boundary of the oxygen
jet, and resulting jet flame. At large block sizes this discontinuity would be present in every
block, whereas small block sizes create many highly compressible blocks and some blocks
with a discontinuity. Ultimately, the optimal block size is a function of the data. A more
advanced variant of MFZ may vary the block size or fit it to the data and store the block
size with the file, but our goal here was to demonstrate the advantages of a block coder that

uses the MHB and so it has not been a focus of this research.

4.3.5 Drawbacks

There are a number of drawbacks to MFZ as presented here, which make it less effective
than it could otherwise be. Firstly, we do not compress across blocks, time nor channels.
This leaves global patterns, temporal correlation and inter-channel correlation uncompressed.
Second, the 32-bit integer range that we compress into (during range encoding) is large for
the message sizes since we may not be using the entire information capacity of all of the
32-bit integers, but the convenience of the “constriction” package has made implementation
much easier. This leaves some overhead in our lossless compression scheme. Third, our

representation for all zero blocks is inefficient compared to something like ZFP. This means
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that for data which contains a larger number of zero blocks, our performance suffers slightly.
Finally, the code has been implemented in Python, which is slow compared to state of the art
compression software written in C++. For example the MFZ compressor is 50x slower than
ZFP, owing mostly to inefficiencies in array creation, type casting and bit string manipulation
in Python. A better implementation of MFZ could approach the performance of ZFP, aside
from the MHB creation and a single floating point matrix-vector multiplication (ZFP uses a
special DCT, implemented only with bit shifts). The MHB creation consists of many small
generalized eigenvector problems, which can be parallelized and are only done once at the
beginning of a compression task. We believe that a better implementation would make this

a useful compression tool for scientists working with data over meshes.

4.4 Conclusion

We have presented a block coder data compression tool that has been designed specif-
ically for non-uniform meshes. We accomplish this by partitioning the mesh with METIS,
generating the Manifold Harmonic Basis for each block, and using a set of data compression
steps that are used in ZFP [64]. This compressor shows improvement over ZFP on non-
uniform meshes in 2D, and in 3D the improvement is even larger. We leverage a collocation
method to help to generate the MHB faster, and in arbitrary dimensions. We also use clas-
sical data compression tools to adapt to some of the changes the MHB necessitates in the
compression chain. This results in an advancement of the block coder style compressors and

an improvement in the compression of scientific data on non-uniform domains.



Chapter 5

Conclusion

This thesis has covered numerical methods for the building linear and non-linear op-
erators for non-uniform data sources, with the goal of exploiting spatio-temporal correlation
to create compressed representations of data for storage.

In Chapter 1, we covered a neural network layer called QuadConv [21] that allows
for the construction of convolutional neural network architectures over non-uniform data
sources. We tested this layer on a data compression problem and showed that it performs
better than existing neural network layers.

In Chapter 2, we extended max pooling to non-uniform data sources using mesh down-
sampling techniques [58] and improved upon QuadConv. We made QuadConv converge
faster, compute faster and provide more flexibility when considering parameter and accu-
racy budgets for practical problems. We also made QuadConv easier to work with and
demonstrated how to create typical convolutional neural network architectures using this
improved interface (Appendix B).

Finally in Chapter 3, we used a collocation technique on a generalized eigenvalue
problem in order to derive a Manifold Harmonic Basis. This allowed us to generate the
MHB in 2D, 3D and beyond with faster runtimes than the popular FEM technique. Using
this method we created Mesh-Float-Zip, an error-bounded compressor for non-uniform data
sources that leverages the MHB in the same way that JPEG [111] or ZFP [64] uses the

discrete cosine transform. This technique surpassed state of the art compressors on data
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sets whose memory layout did not match their spatial correlation.

We believe there are a number of interesting directions for future research, specifically
in the compression regime that exists between neural networks and classical compressors.
Compressors in this regime have the opportunity to leverage some runtime to learn about
the data, before making high accuracy compressed representations. We believe leveraging
the lessons from both the neural methods (which has learned non-linear maps to exploit data
correlation) and the classical compressors (which use spectral structure and floating point

compression tricks) will lead to interesting and effective solutions.
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Figure A.1: Error analysis of GCN for the uniform grid ignition data.
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Figure A.2: Error analysis of SplineCNN for the uniform grid ignition data.
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Figure A.3: QCNN error analysis of non-uniform ignition data.
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Figure A.4: QCNN error analysis of non-uniform flow data.
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Appendix B

Refining Quadrature Convolutions

A ResNetBlock, implemented on an arbitrary geometry with QuadConv and Domain

objects.

import torch
import torch.nn as nn

from torch_quadconv import QuadConv, Mesh_MaxPool, Mesh_AvgPool, Grid

class ResNetBlock(nn.Module):
def __init__(self, domain, c_in, act_fn=nn.RelLU, subsample=False, c_out=-1):
mimn
Inputs:
c_in — Number of input features
act_fn - Activation class constructor (e.g. nmn.ReLU)
subsample - If True, we want to apply a "stride" inside the block
and reduce the output shape by 2 in height and width (spatial domain)
c_out — Number of output features.
Note that this is only relevant 1f subsample ts True, as otherwise, c_out = c_in
mmn
super () .__init__Q)
if not subsample:
c_out = c_in
else:
c_out = c_in*4 if c_out == -1 else c_out

self.block_domain = domain
self .block_range = domain if not subsample else domain.downsample(factor=2)
self.convl = QuadConv(domain = self.block_domain,

range = self.block_range,

in_channels = c_in,

out_channels = c_out,

output_same=True if not subsample else False,

bias=False) # No bias needed as the Batch Norm handles it

self.bnorml = nn.BatchNormild(c_out)

self.conv2 = QuadConv(domain = self.block_range,
range = self.block_range,
in_channels = c_out,
out_channels = c_out,
output_same=True,
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bias = False) # No bias needed as the Batch Norm handles it
self.bnorm2 = nn.BatchNormid(c_out)

#Transform

self .downsample = Mesh_AvgPool(self.block_domain.pool_map(kernel_size = 2))
if subsample else None

self.expand_downsample = nn.Convld(c_in, c_out, kernel_size=1, stride=1)
if subsample else None

self.act_fn = act_fn()
forward(self, x):

self.convl(x)
self.act_fn(self.bnorml(z))

self.conv2(z)
self .bnorm2(z)

N N NN

if self.downsample is not None:
x = self.downsample(x)
x = self.expand_downsample(x)

out = z + X
out = self.act_fn(out)
return out
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Appendix C

Mesh-Float-Zip

Ignition Mesh: Full Results

Channel 0: Relative Frobenius Error vs Compression Ratio
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C.0.2 Flat Plate: Full Results
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