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QUICK START

Zoom in and out
As you work on your poster zoom in and out to the level that is more 

comfortable to you. 
Go to VIEW > ZOOM.

Title, Authors, and Affiliations
Start designing your poster by adding the title, the names of the authors, 
and the affiliated institutions. You can type or paste text into the 
provided boxes. The template will automatically adjust the size of your 
text to fit the title box. You can manually override this feature and 
change the size of your text. 

TIP: The font size of your title should be bigger than your name(s) and 
institution name(s).

Adding Logos / Seals
Most often, logos are added on each side of the title. You can insert a 
logo by dragging and dropping it from your desktop, copy and paste or by 
going to INSERT > PICTURES. Logos taken from web sites are likely to be 
low quality when printed. Zoom it at 100% to see what the logo will look 
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page.

Photographs / Graphics
You can add images by dragging and dropping from your desktop, copy 
and paste, or by going to INSERT > PICTURES. Resize images 
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Image Quality Check
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QUICK START (cont.)

How to change the template color theme
You can easily change the color theme of your poster by going to the 
DESIGN menu, click on COLORS, and choose the color theme of your 
choice. You can also create your own color theme.

You can also manually change the color of your background by going to 
VIEW > SLIDE MASTER.  After you finish working on the master be sure to 
go to VIEW > NORMAL to continue working on your poster.

How to add Text
The template comes with a number of 
pre-formatted placeholders for headers and text 
blocks. You can add more blocks by copying and 
pasting the existing ones or by adding a text box 
from the HOME menu. 

 Text size
Adjust the size of your text based on how much content you have to 
present. The default template text offers a good starting point. Follow 
the conference requirements.

How to add Tables
To add a table from scratch go to the INSERT menu and 
click on TABLE. A drop-down box will help you select rows 
and columns. 

You can also copy and a paste a table from Word or another PowerPoint 
document. A pasted table may need to be re-formatted by RIGHT-CLICK > 
FORMAT SHAPE, TEXT BOX, Margins.

Graphs / Charts
You can simply copy and paste charts and graphs from Excel or Word. 
Some reformatting may be required depending on how the original 
document has been created.

How to change the column configuration
RIGHT-CLICK on the poster background and select LAYOUT to see the 
column options available for this template. The poster columns can also 
be customized on the Master. VIEW > MASTER.

How to remove the info bars
If you are working in PowerPoint for Windows and have finished your 
poster, save as PDF and the bars will not be included. You can also delete 
them by going to VIEW > MASTER. On the Mac adjust the Page-Setup to 
match the Page-Setup in PowerPoint before you create a PDF. You can 
also delete them from the Slide Master.

Save your work
Save your template as a PowerPoint document. For printing, save as 
PowerPoint or “Print-quality” PDF.

Print your poster
When you are ready to have your poster printed go online to 
PosterPresentations.com and click on the “Order Your Poster” button. 
Choose the poster type the best suits your needs and submit your order. 
If you submit a PowerPoint document you will be receiving a PDF proof 
for your approval prior to printing. If your order is placed and paid for 
before noon, Pacific, Monday through Friday, your order will ship out that 
same day. Next day, Second day, Third day, and Free Ground services are 
offered. Go to PosterPresentations.com for more information.

Student discounts are available on our Facebook page.
Go to PosterPresentations.com and click on the FB icon. 

Creating multidimensional reverbs using measured impulse 
responses is challenging and unrealistic for most users, as it 
requires an ambisonic microphone array. Because of this, we 
have designed a method for calculating and implementing a 
multidimensional reverb using a synthesized impulse 
response, customized based on user input. This method has 
produced realistic reverberated output in a 25.2 speaker 
array.

Introduction

Graphical User Interface

Given the room dimensions and reflectivity obtained from the 
GUI, we are able to calculate the multidimensional impulse 
response of the room by the method of images (Figure 3). For a set 
number of images, we are able to simulate the number of 
reflections necessary for each reverberated impulse to reach the 
receiver, the magnitude of each impulse, the time it arrives, and the 
direction from which it arrives. Then, by scaling each impulse 
according to the room’s reflectivity, we achieve an accurate 
representation of the 3-dimensional impulse response of the room 
[1].

Multidimensional Impulse Response Vector Base Amplitude Panning Convolution
Convolution is defined in the time domain as:

Equation 1

In the case of our project, y(t) is the reverberated output signal, x(t) is the 
mono input signal, and h(t) is the synthesized impulse response. This 
convolution operation is performed in MATLAB using the built in 
function, conv(). Although this function is able to successfully convolve 
our data, other methods of convolution are computationally less expensive 
and still produce the desired result. 

It is well established that convolution is computed more quickly in the 
frequency domain. 

Equation 2

For this reason, we are utilizing the MATLAB function fftfilt(). This 
implements y(t) = ifft(fft(H,nfft) * fft(X,nfft), where nfft is the length of the 
fft.  Using the overlap-add technique (OLA,) this function applies the 
impulse response to the audio input as a FIR filter. This method allows us 
to apply reverb to longer audio files and generate larger rooms without 
sacrificing computational efficiency.
 

Citations

[1] Bocko, M (2018) Imp_Resp_w_Angle_3.m source code (Version 1.0) 
[Source code].
[2] B. Allen, J. (1976). Image method for efficiently simulating small-room 
acoustics. Acoustical Society of America Journal. 60. 9-. 
10.1121/1.2003643
[3] Pulkki, V. (1997). Virtual Sound Source Positioning Using Vector Base 
Amplitude Panning. J. Audio Eng. Soc., Vol. 45, No. 6, 1997 June
[4] MathWorks. Audio Device Writer Data Flow. 2016.

In an effort to create a highly personalized user experience, we 
designed a GUI that allows the user to select specific aspects 
of the desired room. The user is able to specify the dimensions 
of the room, one of several preset room types which 
correspond to its reflectivity, and the location of the sound 
source relative to the receiver.
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Figure 2. Graphic visualization of the multidimensional impulse 
response generated by our program using user specifications.

Fig 1. Examples of our graphical user interface. 

Figure 3. 2-dimensional representation of method of images calculation. 
Each dotted line represents a vector from the receiver to an image of the 
source. Each room and source image represents a reflection off of the 
adjacent wall in the real room. The number of walls a vector crosses 
through before it reaches the receiver represents the number of walls the 
sound must reflect off of in the real room before it reaches the receiver 
[2].

Figure 4. The normalized and log-amplitude magnitudes of the 
generated multidimensional impulse response

Image 1. Playback environment, 25.2 speaker system.  

Output
In MATLAB, one typically uses the function soundsc() for mono or stereo 
channel playback. We instead utilized the audioDeviceWriter object in 
MATLAB, which writes audio directly to the computer’s sound card. This 
feature is highly customizable, allowing one to specify parameters such as 
device, sample rate, bit depth, and channel mapping. The 
audioDeviceWriter generates our 25-channel track, as shown in image 3.

Image 2. Schematic demonstrating the flow of audio output using 
the deviceWriter object. [4]

The raw 3-D impulse response generated in the previous stage of the 
program contains position data for each individual ‘spike’ across the 
time domain of the response, as visualized in Figure 2.  In order to 
create a ‘virtual source’ at each of these many unique points in 3-D 
space using a finite number of (in our case, 25) speakers, we 
implemented the Vector Base Amplitude Panning (VBAP) method as 
described by Ville Pulkki in his 1997 paper [3].  This method is 
essentially an extension of traditional 1-D stereo panning to two- 
dimensional positioning of sound using three speakers.
Using the position vectors, magnitudes, and timing information from the 
generated 3D impulse alongside speaker positioning data for the 
playback system, an array of individual impulse responses– one for each 
speaker– is created.  The general process for each ‘spike’ of the 3d 
impulse is as follows:

1. Assuming all speakers and virtual sources are on the surface of 
the unit sphere, find the nearest 3 speakers to the virtual source.

2. Verify that the virtual source falls within the ‘active triangle’ 
formed by the 3 selected speakers, as illustrated in Figure 5a-b.  

3. Calculate unit vectors for the virtual source and each of the three 
selected speakers, and perform matrix operations as detailed in 
Pulkki’s paper [3] to calculate gain scaling factors for each 
speaker.

4. Update the individual impulse responses for each of the three 
selected speakers using magnitude and timing information from 
the 3-D impulse and scaling information from the VBAP 
calculation.

Once the entire 3-D impulse has been processed and each speaker in the 
playback system has a corresponding impulse response, the final stages 
of convolution and output can be performed.

Figure 7. A visualization of the role of VBAP processing.  The raw data from the 
3-D impulse (left) contains an enormous number of unique angles.  The output 
(right) reproduces all of these angles by panning across the 25 available speakers.

Figure 5a-b.  Illustration of a virtual source within the active triangle of three 
loudspeakers (a, left) [3].  Visual representations of speaker selection errors 
due to suboptimal speaker placement in the playback room (b, right).
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Figure 6.  Visualization of panning an impulse in a situation similar to figure 
5a.  The relative distances from virtual source ‘p’ to each channel are 
reflected in the relative magnitudes of the channel outputs.

Image 3. Our output, a 25 channel track displayed in Reaper.
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