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ABSTRACT
The generation of spatial audio is computationally very de-
manding and therefore, accurate spatial audio is typically
overlooked in games and virtual environments applications
thus leading to a decrease in both performance and the user’s
sense of presence or immersion. Driven by the gaming in-
dustry and the great emphasis placed on the visual sense,
consumer computer graphics hardware (and the graphics
processing unit in particular), has greatly advanced in re-
cent years, even outperforming the computational capacity
of CPUs. This has allowed for real-time, interactive realistic
graphics-based applications on typical consumer-level PCs.
Despite the many similarities between the fields of spatial
audio and computer graphics, computer graphics and im-
age synthesis in particular, has advanced far beyond spa-
tial audio given the emphasis placed on the generation of
believable visual cues over other perceptual cues including
auditory. Given the widespread use and availability of com-
puter graphics hardware as well as the similarities that ex-
ist between the fields of spatial audio and image synthesis,
this work investigates the application of graphics processing
units for the computationally efficient generation of spatial
audio for dynamic and interactive games and virtual envi-
ronments. Here we present a real-time GPU-based convolu-
tion method and illustrate its superior efficiency to conven-
tional, software-based, time-domain convolution.

Categories and Subject Descriptors
I.3.1 [Computer Graphics]: Hardware Architecture—Graph-
ics processors

General Terms
Performance
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1. INTRODUCTION
Given the importance of spatial hearing to humans, incor-

porating spatialized sound cues in realistic simulations such
as games and immersive virtual environment applications
seems obvious. In fact, doing so can be beneficial for a va-
riety of reasons. Spatial sound cues can add a better sense
of “presence” or “immersion”, they can compensate for poor
visual cues (graphics), lead to improved object localization
and, at the very least, add a “pleasing quality” to the simu-
lation or game [2, 23, 24]. Despite the importance of spatial
sound, it is often overlooked by the majority of video games
and immersive virtual environments where historically, em-
phasis has been placed on the visual senses instead [5, 6].

Collectively, “the process of rendering audible, by physical
or mathematical modeling, the sound field of a sound source
in space, in such a way as to simulate the binaural listen-
ing experience at a given position in the modeled space” is
known as auralization [15]. The goal of auralization is to
recreate a particular listening environment, taking into ac-
count the acoustics of the environment and the characteris-
tics of the listener (see [12] for a thorough review of virtual
audio and auralization). Auralization is typically accom-
plished by determining the binaural room impulse response
(BRIR). The BRIR represents the response of a particular
acoustical environment to sound energy and captures the
room acoustics for a particular sound source and listener
configuration. Once obtained, the BRIR can be used to
filter, typically through a convolution process, the desired
anechoic sound. When this filtered sound is presented to
a listener the original sound environment is recreated. The
BRIR can be considered as the signature of the room re-
sponse for a particular sound source and human receiver.
Although interlinked, for simplicity and reasons of practi-
cality, the room response and the response of the human
receiver are commonly determined separately and combined
via a post-processing operation to provide an approximation
to the actual BRIR [15]. The response of the room is known
as the room impulse response (RIR) and captures the reflec-
tion properties (reverberation), diffraction, refraction, sound
attenuation and absorption properties of a particular room
configuration (e.g., the environmental context of a listening
room or the “room acoustics”). The response of the hu-
man receiver captures the direction dependent effects intro-
duced by the listener due to the listener’s physical make-up
(e.g., pinna, head, shoulders, neck, and torso) and is known
as the head related transfer function (HRTF). HRTFs en-



compass various sound localization cues including interaural
time differences (ITDs), interaural level differences (ILDs),
and the changes in the spectral shape of the sound reach-
ing a listener. The HRTF modifies the spectrum and timing
of sound signals reaching each ear in a location-dependent
manner [3]. Various techniques are available for determining
(measuring, calculating) both the HRTF and the RIR how-
ever, a detailed discussion of these techniques is beyond the
scope of this paper (see [12] for greater details). The output
of the techniques used to determine the HRTF and the RIR
is typically a transfer function which forms the basis of a fil-
ter that can be used to modulate source sound material (e.g.,
anechoic or synthesized sound) via a convolution operation.
When the filtered sounds are presented to the listener, in
the case of HRTFs, they create the impression of a sound
source located at the corresponding HRTF measurement po-
sition while when considering the RIR, recreate a particular
acoustic environment. However, as with BRIR processing,
convolution is a computationally expensive operation espe-
cially when considering long filters associated with HRTFs
and RIRs (filters with 512 coefficients are not uncommon)
thus limiting their use to non-real-time applications. Funda-
mental to the generation of virtual audio is the convolution
operation which is still primarily performed in software. Al-
though programmable DSP cards are available which allow
for hardware-based convolution thus greatly improving per-
formance, currently these boards are very specialized and
typically only available to product developers and not the
general consumer [9]. In contrast to the consumer-grade au-
dio cards currently available, dedicated computer graphics
hardware is evolving at a tremendous pace.

In an attempt to reduce computational requirements, a
number of initiatives have investigating simplifying the HRTFs
and RIRs. With respect to the HRTF, dimensionality re-
duction techniques such as principal components analysis,
locally linear embedding, and Isomap, have been used to
map high-dimensional HRTF data to a lower dimensional-
ity and thus ease the computational requirements [13, 14,
22, 25]. Despite the improvements with respect to compu-
tational requirements, even dimensionality reduced HRTFs
are still not applicable for real-time applications and al-
though the amount of reduction can be increased thus im-
proving performance, reducing the dimensionality of HRTFs
too much may lead to perceptual consequences that render
them impractical. Further investigations must be conducted
in order to gain greater insight. With respect to the RIR,
it usually ignored altogether and approximated by simply
including reverberation generated with artificial reverbera-
tion techniques instead. These techniques are not necessarily
concerned with recreating the exact reflections of any sound
waves in the environment. Rather, they artificially recreate
reverberation by simply presenting the listener with delayed
and attenuated versions of a sound source. Although these
delays and attenuation factors do not necessarily reflect the
physical properties of the environment being simulated, they
are adjusted until a desirable effect is achieved. Given the
interactive nature of video games and their need for real-
time processing, when accounted for, reverberation effects
in video games are typically handled using such techniques.

A graphics processing unit (GPU) is a dedicated graphics
rendering device whose purpose is to provide a high perfor-
mance, visually rich, interactive 3D experience by exploiting
the inherent parallelism in the feed-forward graphics pipeline

[16]. In contrast to consumer-grade audio cards, GPUs have
moved away from the traditional fixed-function 3D graphics
pipeline toward a flexible general-purpose computational en-
gine that can currently implement many parallel algorithms
directly using graphics hardware resulting in tremendous
computational speed-ups. Due to a number of reasons in-
cluding the explosion of the consumer videogame market
and advances in manufacturing technology, GPUs are, on
a dollar-per-dollar basis, the most powerful computational
hardware, providing “tremendous memory bandwidth and
computational horsepower” [18]. GPUs are also becoming
faster and more powerful very quickly, far exceeding Moore’s
Law applied to traditional microprocessors [7]. In fact, in-
stead of doubling every 18 months as with CPUs, GPU per-
formance increases by a factor of five every 18 months or
doubles every eight months [10]. In contrast to older GPUs
which contained a fixed-function pipeline with output lim-
ited to 8-bit-per-channel color values, the current GPUs in-
clude fully programmable processing units which support
vectorized floating point operations [18]. As a result, a num-
ber of high level languages have been introduced to allow for
the control of vertex and pixel pipelines [4].

In order to take advantage of the power inherent in GPUs
in addition to their relatively low cost, recently, a number
of efforts have investigated the use of GPUs to a variety
of non-computer graphics applications. Collectively, this ef-
fort is known as “general purpose computing on the GPU”
(GPGPU) and given the flexibility of GPUs, has led to a
number of GPU-based applications, outside the scope for
which GPUs were originally designed for [18]. Examples
include solving differential equations and general linear al-
gebra problems [18], image processing [27], computer vision
[8], fast Fourier transform, and audio processing. That be-
ing said, currently GPUs do not support integers and associ-
ated operations including bit-wise logical operations making
them ill-suited for a operations requiring such features (e.g.,
cryptography). A thorough review including a detailed sum-
mary of GPGPU-based applications is provided by Owens
et al. [18] and will therefore not be provided here.

Given the potential computational efficiencies that may
be obtained with GPUs and their applicability to audio pro-
cessing, we have begun an initiative to employ the GPU in
the generation of spatial audio for games and virtual en-
vironments. The ultimate goal of the project is generate
accurate spatial audio in real-time for inclusion in games
and virtual environments. In this paper focus is placed on
performing the convolution process, which is fundamental
to the generation of spatial sound, using the GPU. In par-
ticular, we present a GPU-based convolution method that
is capable of filtering a one-dimensional signal in real-time.
A comparison with conventional, software-based convolution
demonstrates the effectiveness of the developed method.

1.1 Paper Organization
The remainder of this paper is organized as follows. Sec-

tion 2 provides background information regarding graphic
processing units (GPUs) and their use in spatial audio-based
applications. Section 3 provides implementation details re-
garding the GPU-based convolution method. Performance
measures are provided in Section 4 where a comparison with
conventional, software-based convolution is made. A discus-
sion of the results is also provided. Concluding remarks and
plans for future research are presented in Section 5.



2. BACKGROUND AND PREVIOUS WORK
In this section, several research efforts that have employed

the GPU for audio-based processing will be described. How-
ever, prior to doing this, a brief overview of the GPU is
provided.

2.1 Graphics Processing Units - Overview
In computer graphics, rendering is accomplished using a

graphics pipeline architecture whereby rendering of objects
to the display is accomplished in stages and each stage is
implemented as a separate piece of hardware. The input to
the pipeline is a list of vertices expressed in object space
while the output is an image in the framebuffer. The stages
of the pipeline and their operation are as follows [18]:

Vertex Stage i) Transformation of each (object space) ver-
tex into screen space, ii) formation of triangles from the
vertices, and iii) per-vertex lighting calculations.

Rasterization Stage i) Determination of the screen po-
sition covered by each of the triangles formed in the
previous stage, and ii) interpolation of vertex parame-
ters across the triangle.

Fragment Stage Calculation of the color for each frag-
ment output in the previous stage. Often, the color
values come from textures which are stored in texture
memory. Here the appropriate texture address is gen-
erated and the corresponding value is fetched and used
to compute the fragment color.

Composition Stage Pixel values are determined from the
fragments.

In contrast to “traditional” fixed-function pipeline with
“modern” (programmable) GPUs, both the vertex and frag-
ment stages (also known as the vertex shaders and pixel
shaders respectively or collectively as programmable shaders),
are user programmable. Programs written to control the
vertex stage are known as vertex programs while programs
written to control the fragment stage are known as fragment
programs. Initially, these programs were written in assem-
bly language although higher level languages have been in-
troduced and currently available (e.g., e.g., Microsoft’s high
level shading language, OpenGL shading language [21], and
Nvidia’s Cg [17]). Generally, the input to both of these pro-
grammable stages are four-element vectors where each ele-
ment represents a 32-bit floating number. The vertex stage
will output a limited number of 32-bit, four element vectors
while the fragment stage will output a maximum of four
floating point, four element vectors which typically repre-
sent color. The fragment stage is capable of fetching data
from texture memory (e.g., memory gather) but cannot alter
the address of its output which is determined before process-
ing of the fragment begins (incapable of memory scatter). In
contrast, within the vertex stage, the position of input ver-
tices can be altered thus affecting where the image pixels
will be drawn (e.g., the vertex stage supports both memory
gather and scatter) [18].

2.2 Graphics Processing Units and Audio Pro-
cessing

Audio-based ray tracing using the GPU was implemented
by Jedrzejewski to compute the propagation of reflections

in highly occluded environments and allow for source and
the listener to move throughout the simulation without the
need for a long precomputation phase [11]. A comparison
of the method implemented with a GPU and CPU demon-
strated that the GPU-based implementation was much more
computationally efficient (32 ms vs. 500 ms to trace a ray of
order 10 on the GPU and CPU respectively). Röber et al.
presented a (low-frequency) wave-based acoustical modeling
method that made use of the GPU and in particular, frag-
ment shaders, 3D textures, and the OpenGL framebuffer
objects extension, in order to take advantage of the inherent
parallelism of wave-based solutions to acoustical modeling
[20]. Röber et al. [19] also describe a ray-based acoustical
modeling method that employed the GPU to allow for real-
time acoustical simulations. Their framework was designed
along existing (computer graphics) GPU-based raytracing
systems suitably modified to handle sound wave propaga-
tion. HRTF filtering was performed using fragment shaders
available on the GPU. A frame-rate of up to 25 fps was
achieved using a detailed model of a living room containing
1, 500 polygons.

Gallo and Tsingos considered the application of GPUs to
variable delay-line (delaying the signal of each sound source
by the propagation time of the sound wave) and filtering (fil-
tering the audio signal to simulate directivity functions, oc-
clusions, and interaction with the medium of propagation).
Variable delay line and filtering are two common spatial au-
dio processing operations [9]. Delaying the signal involved
resampling the signal at non-integer index values and was
performed using the GPU using texture resampling. Fil-
tering is performed using a four-band equalizer and imple-
mented on the GPU using a four-component dot-product.
Sound signals were stored as RGBA textures where each of
the components held a band-pass copy of the original sig-
nal. Experimental results indicated a performance increase
associated with GPU-based spatial audio when compared
to optimized software implementations of a standard CPU.
Despite the promising results, their work also showed that
there are still a number of shortcomings that limit the ef-
ficient use of GPU processors for “mainstream” audio pro-
cessing. In particular, long 1D textures cannot be accessed
easily, and infinite impulse response filters (commonly used
in audio processing) cannot be implemented efficiently.

Tsingos and Gascuel [26] developed an occlusion and
diffraction method that utilizes computer graphics hardware
to perform fast sound visibility calculations that can account
for specular reflections (diffuse reflections are not consid-
ered), absorption and diffraction caused by partial occlud-
ers. Specular reflections are handled using an image source
approach. Diffraction is approximated by computing the
fraction of sound that is blocked by obstacles between the
path from the sound source to the receiver by considering
the amount of volume of the first Fresnel ellipsoid that is
blocked by the occluders. A visibility factor is computed us-
ing computer graphics hardware. A rendering of all occlud-
ers from the receiver’s position is performed and a count of
all pixels not in the background is taken (pixels that are“set”
e.g., not in the background, correspond to occluders). Their
approach handles a discrete set of frequency bands rang-
ing from 31Hz to 8kHz and is primarily focused on sounds
for animations. Although experimental results are not ex-
tensive, their approach is capable of computing a frequency
dependent visibility factor that, unlike other ray-based ap-



uniform vec4 v0; 
varying vec2 texCoord; 
uniform sampler2D tex0; 
const int MAX = 200; 
uniform float f[MAX]; 
 
void main () 
{ 
 float x = 1.0/v0.x; 
 float y = 1.0/v0.y; 
 int L = MAX; 
 float scale = 1.0/float(L); 
 vec2 c; 
 float oldY; 
 float total = 0.0; 
 int tempInt, calc; 
  
 vec3 base = vec3(0.0, 0.0, 0.0); 
  
 //Setup 
 c = texCoord; 
 c.x -= float(L)*x; 
 if(c.x<0.0) 
 { 
  c.x = c.x+1.0; 
  c.y = c.y-y; 
 } 
 oldY = c.y; 
 
 for(int i=0; i<L; i++) 
 { 
  c.y = oldY+floor(c.x)*y; base.r = texture2D(tex0, c).r;  
  total += ((base.r*256.0+base.g)-128.0)*f[i]; c.x += x; 
 } 
 
 //Convert back to bytes 
 tempInt = int(total*256.0)+32768; 
 calc = tempInt/256; 
 base.r=float(calc)/256.0;  
 base.g=float(tempInt-calc*256)/256.0;  
 base.b=0.0; 
 
 gl_FragColor = vec4(base,1.0); 
} 

Figure 1: OpenGL Shading Language (OGSL)
source code that implements one-dimensional con-
volution using the GPU.

proaches, takes advantage of graphics hardware to perform
this in an efficient manner. Although their approach is not
completely real-time, it is “capable of achieving interactive
computation rates for fully dynamic complex environments”
[26].

3. IMPLEMENTATION DETAILS
In this section, implementation details of the GPU-based

convolution method are provided. The implementation is
based on the OpenGL shading language (OGSL) [21]. It
is assumed that the input (un-processed) signal is a short
integer (e.g., 16-bit resolution), which is common amongst
WAV files. Of course, given an input signal that does not
conform to this assumption, it can still be processed but at
additional computational cost. The filter considered here is
an actual HRTF filter taken from the CIPIC HRTF dataset
[1] (measured from a KEMAR manikin using the “large ear”
with the sound source positioned on the horizontal axis di-
rectly in front of the KEMAR). Furthermore, it is assumed
the filter coefficients are floating point numbers (e.g., “float”)
and of size 200 (again, these assumptions can easily be re-
laxed). The OGSL source code that implements GPU-based
convolution is provided in Figure 1.

GPUs have been designed to work with two-dimensional
images as the output of typical computer graphics appli-
cations is a two-dimensional image. Therefore, prior to
performing the convolution, there is a set-up phase to con-
vert the one dimensional audio signal and filter, into a two-
dimensional format as required by the GPU (this is not in-
cluded in the source code listing in Figure 1). Many video

Note that the sound data is stored as a short integer. The data is 
converted to floats for accuracy. 
 
When we compare the time needed to convolve the sound in the GPU as 
opposed to the CPU, we are really looking for the total amount of time 
needed to manipulate the sound. It is not enough to display the edited 
sound as a graphic on the screen for example. For the process to be 
useful, we must consider the total time required to take in an array of short 
integers, process the data, and return the data as an array of short 
integers. This means that any set up done on the CPU must be included in 
our evaluation of the shader method. For example, to get the sound data 
in and out of the GPU we will store it as an image. Many video cards do 
not allow intensity maps of 16 bits. For robustness we stored the data in an 
RGB image with 1 byte per color value. The 2 byte short integers are 
stored in the red and green portion of the image with the blue element 
left unused. The image is 256 x 256 pixels in size. Since the sound file sizes 
we tested do not completely fill the image, we render only the portion of 
the image containing sound data. 
 
void TextureBW::Convert() 
{ 
 GLubyte* tempData = new GLubyte[width*height*3]; 
 
 for(GLuint i=0; i<width*height; i++) 
 { 
  tempData[i*3]   = (data[i]+32768)/256; 
  tempData[i*3+1] = (data[i]+32768)%256; 
  tempData[i*3+2] = 0; 
 }//End loop 
 
... 
 
The function then goes on to create a texture from the data in OpenGL. 
Even though this function is running on the CPU, it is part of the process 
needed to implement the shader and is therefore included in the GPU’s 
processing time.  
 
To get the data back from the video card, we need to copy its output 
from the screen into arrays of bytes. These byte arrays must then be 
combined to form the desired output. 
 
... 
 glReadBuffer(GL_BACK); 
 glReadPixels(520, 0, tex3.width,tex3.height, GL_RED,  GL_BYTE, Red); 
 glReadPixels(520, 0, tex3.width,tex3.height, GL_GREEN,GL_BYTE, Green); 
 for(GLuint i=0; i<size; i++) 
 { 
  Output[i] = Red[i]*256 + Green[i]; 
 } 
... 

Figure 2: Source code to convert the one-
dimensional input signal into a two-dimensional for-
mat required by the GPU.

Note that the sound data is stored as a short integer. The data is 
converted to floats for accuracy. 
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Even though this function is running on the CPU, it is part of the process 
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processing time.  
 
To get the data back from the video card, we need to copy its output 
from the screen into arrays of bytes. These byte arrays must then be 
combined to form the desired output. 
 
... 
 glReadBuffer(GL_BACK); 
 glReadPixels(520, 0, tex3.width,tex3.height, GL_RED,  GL_BYTE, Red); 
 glReadPixels(520, 0, tex3.width,tex3.height, GL_GREEN,GL_BYTE, Green); 
 for(GLuint i=0; i<size; i++) 
 { 
  Output[i] = Red[i]*256 + Green[i]; 
 } 
... 

Figure 3: Source code to return the two-dimensional
data back from the video card back into a one-
dimensional format.

cards do not allow intensity maps of 16 bits. For robustness
the input signal is stored (and therefore must be converted)
as an RGB image with 1 byte per color value. The 2 byte
short integers are stored in the red and green portion of the
image with the blue element left unused (see Figure 2). The
image is 256 × 256 pixels in size. Since the sound file sizes
we tested do not completely fill the image, we render only
the portion of the image containing sound data.

The function then goes on to create a texture from the
data in OpenGL. This however is accomplished using the
CPU and not the GPU. However, given that this step is re-
quired in order to ensure the data is in the required GPU
format, as will be described in Section 4, the computational
running time associated with this step is still included in the
total computational requirements of the GPU-based convo-
lution implementation. To return the data back from the
video card, the video card output must be copied from the
display (screen) into arrays of bytes. These byte arrays must
then be combined to form the desired output (see Figure 3).

3.1 Limitations
The majority of the currently available video cards sup-

port 8-bit channels only (although some, such as the NVIDIA
8800 GTX used in this work do support 16-bit channels).
Therefore, although the shader could be written more effi-
ciently making use of 16-bit channels, to ensure the proposed
shader is able to be used with a typical graphics card, we
assume 8-bit channel support only thus, each 16-bit sound
sample was divided between the red and green channels,
leaving the blue channel unused. This leads to two ineffi-
ciencies: i) computational time required for the conversion,
and ii) unused (wasted) channel.

4. RESULTS AND DISCUSSION
In this section, the effectiveness of the GPU-based con-

volution method is presented. This is accomplished by i)
comparing the computational requirements (running time)
of the GPU-based convolution method and conventional con-
volution method implemented using the CPU (e.g., software-
based), and ii) providing a graphical example of the convo-



Size CPU Time (ms) GPU Time (ms)
5000 7.52 3.69
10000 15.11 3.75
15000 22.70 3.80
20000 30.31 3.86
25000 37.91 3.94
30000 45.50 4.00
35000 53.09 4.06
40000 60.69 4.13
45000 68.28 4.17
50000 75.88 4.24
55000 83.47 4.28
60000 91.06 4.34

Table 1: Computational time requirements. The
first column represents the size (number of sam-
ples) of the input signal, the second column rep-
resents the average (1000 iterations) computational
time requirements of the conventional CPU-based
(software) convolution, and the third column rep-
resents the average (1000 iterations) computational
time requirements GPU-based (hardware) convolu-
tion.

lution process.

4.1 Comparison
Here, a comparison of the computational running time re-

quirements for both the conventional (software-based) and
GPU-based convolution methods is made. This is accom-
plished by measuring the computational time requirements
when convolving a particular input signal with an HRTF
for each method (the same input signal and HRTF was used
for both methods). As previously described, the filter was
an actual HRTF filter (one-dimensional) from the CIPIC
HRTF dataset [1] and contained 200 (floating point) coef-
ficients. The input signal was a one-dimensional sine-wave
signal (each sample had a resolution of 16 bits and of type
“short int”). That being said, for the purposes of this test,
what the input signal and filter actually represent is insignif-
icant. The size (number of samples) of the input signal
ranged from 5, 000 to 60, 000, increasing in increments of
5, 000. The tests were performed using a Dell XPS 720 PC
with an Intel Core2 6700 (2.66GHz) Processor with 2GB
of RAM and an NVIDIA GeForce 8800 GTX graphics card
which of course includes a programmable GPU.

The results of this test are illustrated in Figure 4, where
the computational time requirements (x-axis) vs. the size of
the input signal of conventional CPU-based (software) con-
volution and GPU-based (hardware) convolution are shown.
Each point on the graph (both GPU and CPU-based im-
plementations) represents computational time requirements
averaged over 1, 000 iterations. Furthermore, the compu-
tational time for the GPU includes processing on the CPU
which was performed to convert the data into the format
required by the GPU.

4.2 Graphical Example
A graphical representation of the convolution process is

provided in Figures 5 and 6. In particular, Figure 5(a) illus-
trates the higher order bytes of the original (one-dimensional)
sine-wave signal after it has been converted into an “image
format” to be loaded into the GPU. Figure 5(b) illustrates
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Figure 4: A comparison of the computational time
requirements (x-axis) vs. the size of the input signal
of conventional CPU-based (software) convolution
and GPU-based (hardware) convolution.

the higher order bytes of the filtered signal after convolv-
ing the original signal with the HRTF using conventional
(software-based) convolution), while Figure 5(c) illustrates
the higher order bytes of the filtered signal after convolv-
ing the original signal with the HRTF using the GPU-based
convolution method. Visually, the two resulting signals ap-
pear identical without the introduction of any artifacts. The
corresponding lower order bytes are illustrated in Figure 6.
In contrast to the resulting higher order bytes of the GPU-
processed signal, the addition of artifacts (noise) is apparent
when examining the lower order bytes of the GPU-based
filtered signal. These artifact (noise) are probably due to
rounding errors.

4.3 Discussion
Examination of Figure 4 clearly illustrates the superi-

ority (with respect to computational time) of the GPU-
based implementation. In particular, the GPU-based convo-
lution method requires approximately 4.02 ms to compute ir-
respective of the input size, meeting real-time requirements.
In contrast, the CPU computational time requirements in-
creased linearly with the size of the input signal, starting
at 7.52 ms for an input signal comprised of 5, 000 samples
and ending with 91.06 ms for an input signal comprised of
60, 000 samples. A computational time of 4.02 ms indicates
that the convolution of an input signal containing 60, 000
sample with an HRTF (filter) containing 200 coefficients can
be performed in real-time, corresponding to approximately
249 fps in contrast to the approximately 11 fps when con-
sidering software-based convolution. Furthermore, the size
of the HRTF can be further reduced using dimensionality
reduction techniques for example, to further reduce com-
putational requirements [13, 14, 22, 25]. That being said,
although HRTF processing is important to the generation
of spatial sound, further processing is required to account
for the acoustics of the environment (e.g., reverberation)
which, depending on the approach taken, may substantially
decrease the frame rate. In addition, despite the tremen-
dous computational time savings, further investigation into
the perceptual consequences of GPU-based HRTF process-



(a) Original (sine-wave) signal. (b) CPU-processed. (c) GPU-processed.

Figure 5: Output sample - higher order bytes. (a) Original (one-dimensional) sine-wave signal after it has
been converted into an “image format” to be loaded into the GPU. (b) Filtered signal after convolving the
original signal with the HRTF using conventional (software-based) convolution. (c) Filtered signal after
convolving the original signal with the HRTF using the GPU-based convolution method.

(a) Original (sine-wave) signal. (b) CPU-processed. (c) GPU-processed.

Figure 6: Output sample - lower order bytes. (a) Original (one-dimensional) sine-wave signal after it has been
converted into an “image format” to be loaded into the GPU. (b) Filtered signal after convolving the original
signal with the HRTF using conventional (software-based) convolution. (c) Filtered signal after convolving
the original signal with the HRTF using the GPU-based convolution method.

ing must be performed. In particular, as illustrated in Fig-
ure 6(c), noise/artifacts are introduced to the lower-order
bytes of the resulting GPU-based convolution output. Fi-
nally, it should be noted that the PC used in this experiment
is a higher-end gaming desktop PC with high-end graphics
video card. Although the majority of computer users and
even “gamers” may not necessarily have access to such a PC,
its cost is drastically falling (currently, an XPS 720 PC with
identical specifications to the PC used in these experiments
is available for under $2, 000.00 (CAN)) and its technology
will soon be available as standard on most PCs.

5. SUMMARY
In this paper we have presented a GPU-based convolu-

tion implementation using the OpenGL shading language
(OGLS). Results indicate that the method is far more com-
putationally efficient when compared to conventional, time-
domain, software-based convolution and is in fact capable
of performing convolution of a filter containing 200 coeffi-

cients and a one-dimensional signal of up to 60,000 samples,
in real-time (approximately four milliseconds regardless the
size of the one-dimensional input signal). Given that the
generation of virtual audio hinges on the convolution oper-
ation and the widespread availability of computer graphics
cards with onboard programmable GPUs, the generation of
accurate virtual audio for games and virtual environments
is now plausible.

5.1 Future Work
Future work will include human user studies to investi-

gate whether there are any perceptual consequences when
the GPU-based convolution method is used to filter an au-
dio signal with HRTFs. Perceptual consequences may arise
given the rounding errors that may encountered when con-
verting the input data (audio signal and HRTF filters) to
a format required by the video card. Future work will also
include the investigation of the use of the GPU to model the
room impulse response of a particular environment and to



model occlusion and diffraction effects in an efficient man-
ner.
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