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ABSTRACT 

Most Ambisonic audio content is either spatially recorded in 
Ambisonic format, or assigned to point sources from mono signals. 
This research attempts to integrate both real-time additive resynthesis 
and spatialization in the time domain. The partials are spatialized 
randomly but controlled by the users. The output signal can be either 
rendered to speakers or headphones. This project is developed in a 
visual programming environment, which is easy to access and modify 
by non-coders. 

1. INTRODUCTION 

1.1 Background 
Additive synthesis [1, 2] is one of the oldest sound synthesis methods 
developed. It creates sound by summing elementary waveforms 
(primarily sinusoids). Based on discrete time Fourier transform 
(DTFT), any sound can be analyzed into a set of sinusoids. Thus, an 
oscillator bank can regenerate the analyzed sound from given data. 
Max Matthews and Jean-Claude Risset during the 50s and 60s at Bell 
Laboratories were the earliest researchers that used computers to 
create additive sound synthesis [3, 4]. Ever since, computational 
additive synthesis has been researched, improved, and used in many 
music compositions.   

  Spatial elements have been part of music composition since ancient 
times [5]. For a long time, due to the limits of the playback system, 
spatialization was mostly restricted to zero-dimensional (mono) and 
one- dimensional (stereo) format. In 1973, Michael Gerzon proposed 
Ambisonics [6], a matrix scheme, that allows spatial recording, 
encoding, decoding, and playback. Advancements in the 1990s on 
Head-Related Transfer Functions (HRTF) [7] made it possible to 
perceive the spatial location of sound objects through headphones. 
So far, most Ambisonic audio content is either spatially recorded in 
Ambisonic format, or spatialized to point sources from mono signals. 
For sound synthesis, the later method is the most common approach 
if not the only approach. A new method that integrates sound 
synthesis and spatialization is needed for more delicate music 
creation purposes. Previous research has introduced methods of 
spatialized frequency-domain additive synthesis [8]. 

 
Figure 1. The overview of the program’s framework. 

1.2 Overview 
This program can be split into two parts: additive resynthesis and 
spatialization. Firstly, the audio signal is connected into the additive 
resynthesis part, through which the mono signal becomes a series of 
sinusoids. These sinusoids are then spatialized in different postitions. 
An additional control mechanism is introduced which allows 
manipulation from the users. Developed in the Max/MSP visual 
programming environment, this program does signal processing in 
real-time, and spatializes sinusoids in Ambisonic format. The audio 
output has the capability to be rendered into either speakers or 
headphones. Details about this simple and modifiable spatialized 
time-domain additive synthesizer are described in the next section.  

2. METHORD 

2.1 Additive Analysis and Resynthesis 
Similar to fiddle~ [9], sigmund~ [10] is an object in Max/MSP that 
analyzes audio signals in real-time to sinusoidal components. 
Sigmund~ requires specifying the number of partials, and then 
outputs their indexes, frequencies, and amplitudes in the order from 
loudest to quietest. After the analysis, a Max external Odot [11, 12] 
is introduced to organize the data in a simple and intuitive way. The 
Odot library is a functional and instance-based, object-oriented 
programming extension. It mainly uses a C-like programming syntax 
in code-boxes to process Open Sound Control (OSC) [13] messages. 
Here in this patch, the peaks’ data is packed into OSC bundles once 
they are generated, and the OSC addresses (with the / separator 
before the names) are treated as variables in Odot objects.   

  In order to resynthesize the input audio, the migrator algorithm [14] 
is employed to smoothly approximate the analyzed sound in real time. 
Unlike other additive synthesis methods, this approach omits any 
glissandi on a single oscillator. Instead, it updates one oscillator at a 
time with a new frequency. Each oscillator only produces one static 
frequency for a fixed amount of time through an envelope. The 
oscillator must update itself even if the input frequency is the same. 
To avoid chopping the entire oscillator bank, the migrator algorithm 
randomly selects a frequency in a 10ms interval. The possibility of 
the selection is based on the amplitudes, and frequencies with the 
higher amplitudes have more chance to be produced. Finally, thanks 
to the new feature MC [15] in Max 8, mc.poly~ object can generate 
sinusoids to a single multi-channel patchcord outlet, without mixing 
them together. This feature provides the necessary benefit for 
spatializing a large numbers of channels and changing the channel 
number without editing the patch. 

 
Figure 2. An example of continuous real-time analysis by 

sigmund~. 



 

2.2  Sound Spatialization 
Spat~ 5 software package [16, 17] is adapted for sound spatialization 
purposes, due to its friendly support of OSC messages. In 
the previous version of spat~, attributes are the primary 
control mechanism within Max/MSP. However, this mechanism has 
some drawbacks which drove this new update of spat~ to OSC 
protocol. This integration of spat~ and OSC helps tremendously to 
the design of this project. 

  The first spat5.oper object determines the center spatial location. 
The route object and the o.pack object together gather azimuth, 
elevation, and distance, and append them to OSC address /aed. When 
the patch is opened, a series of random floating point numbers are 
generated. These numbers as a list are packed into an OSC address 
/randList, and the length of the list is /n×3, since each sound source 
needs 3 attributes to describe its location. To control and display 
the randomness amount of 3 parameters in the 2-dimensional screen, 
a nodes object [18] and a multislider are applied. The original 
numbers from the multislider in the range from 0 to 1 are mapped to 
their appropriate ranges for azimuth, elevation, and distance, and 
packed into /a, /e, and /d. Then, /randList is multiplied by /a, /e, and 
/d, resulting a list of random deviations. Finally, the original /aed 
adds these deviations (negative and positive), outputting an OSC 
bundle containing /n number of addresses for the sound sources.   

  After this OSC bundle is sent to another spat5.oper object, more 
detailed data like orientation, diffusion, and filters are added, and a 
new OSC bundle is created for the spatial processing in spat5.spat~ 
object. Some additional parameters of the spat5.spats~ object 
are required to be specified, such as MC enabling, input channels /n, 
and binaural mixdown outputs. 

     
Figure 3 & 4. Minimized randomness. & Increasing the randomness 
of azimuth. 

     
Figure 5 & 6. Increasing the randomness of elevation and distance. 

 

3. DISCUSSION 

3.1  Limitations 
The primary limitation of this patch is the high demand on CPU 
power. The original design of the additive resynthesis patch utilized 
a poly~ object with 128 voices. However, processing 128 sources in 
Spat resulted in significant distortion and audible delays. Hence, 
resolution was reduced down to 35 voices. As a result, this patch is 
unable to simulate real-world recorded samples properly and deceive 
human hearing. One possible solution is to employ two or more 

computers and divide the Max portion and the MSP portion to a 
different computer. The control messages are already packed into 
OSC messages which makes the task more achievable. Furthermore, 
the resynthesis portion and the spatialization portion can also be 
divided to two computers, as long as the transmission of a 
substantial number of audio channels does not cause more CPU 
pressure.   

  The limited OSC messages supported by spat.oper objects restricts 
additional developments of this patch. The doppler effect is 
initialized, but some other important parameters such as aperture and 
reverb in the current version of spat~ cannot be accessed by 
spat5.oper objects via OSC messages. This drawback prevents 
initializing these parameters in multiple sound sources and altering 
them simultaneously. Future updates of spat~ may be able to solve 
this problem.  

3.2  Future Works 
Firstly, the controlling method used in this patch is very primitive. 
The primary spatial location is controlled by a 2D graph in the 
Spat.oper object, and the amount of randomness is controlled by 3 
sliders. A more intuitive design can use VR handheld controllers to 
manipulate these parameters. Secondly, offering access to other 3D 
geometrical data (quaternions, Euler angles, and 3D rotation matrices) 
and apply randomness on them may result in some interesting effects. 
Thirdly, the random distribution neglects the difference of 
the intrinsic properties between these generated sinusoids. One 
example of a better design is to assign the amount of randomness 
according to magnitudes. However, the challenge is to keep tracking 
individual sinusoid’s information and match it with its voice number 
in the poly~ object. Both information need to be binded together in 
order to generate proper spatial messages that reach the spat5.spat~ 
object before the audio signal. Fourthly, The localization of the 
sinusoids through the binaural rendering does not sound 
ideal.  Having access to all parameters in Spat may improve the 
performance of the localization. Instead of generating sinusoids, 
other waveforms with extra partials may provide more definition in 
space. In addition, Walsh function synthesis [19] has barely been 
used in any applications. It may have potentials in spatial music due 
to the  issues of localization and computational cost.  

4. CONCLUSION 
A real-time additive resynthesis patch that is dedicated for 
spatialization in the time domain has been presented. It successfully 
spatializes partials randomly in space, and users have control over the 
amount of randomness. Users can also change the initial center 
position of the sound sources. The trade-off of the spatialization is 
increased computational cost, which forces the resynthesis resolution 
to be very low. Thus, the resulted sound cannot emulate the input 
audio closely enough. Still, this patch can serve adequately as a 
creative tool in scenarios such as music compositions and post-
production.  Several future paths of improvement have been 
proposed. Because existing research in the frequency domain has 
shown efficient solutions, turning the use of this patch to be a special 
audio effect is a more practical choice than improving its accuracy. 
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