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Introduction 
●  Started in games 1990 
●  Sega Genesis:  

● 6 voices of FM 
● 5 voices and one voice 8 bit 11kHz sample  



Introduction 
●  In 20 years 
●  VR Worlds, jacked in 
●  still fighting with simulation and graphics for 

resources. 



The Problem 
●  Resources are limited 
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The Problem 
●  Resources are limited 
●  Trade offs need to be made 
●  Biggest bang for the buck 

●  Trade offs are different depending on the 
platform and game.  Find the bottleneck 
and balance. 



Trade offs 

RAM 

Number 
Voices 

Streams 

Latency 

Buffer 
size 

Sample 
Rate 

Data 
Compression 

Effect 
Quality 

Game Event 
Driven Changes 

Fidelity 



FMOD CPU/Memory hits: 
Volume 
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Effects Reference Guide 
This section describes all the properties of effects used in FMOD Designer 2010. There are two 

types of effects: 

 

 Property Automation Effects.  This type of effect provides the sound designer the ability to 

manipulate or sequence properties such as volume or pitch.  These effects use no additional 

CPU.  

 

 FMOD DSP Effect.  This type of effect uses DSP (digital signal processing) plug-ins to 

manipulate the audio stream in real-time, allowing the sound designer to radically alter a sound's 

timbre by adding distortion, filtering and echo.  The properties of these effects can be set or 

sequenced using effect envelopes.  In general, DSP plug-in effects require more CPU.  Note: 

Versions of Designer 1.07.09 and above, support multiple pitch effects on each layer. 

 

For each effect, a relative CPU and memory usage rating is given. The CPU and memory cost of 

each effect is categorized into four levels, those being none, low, medium and high. 

Property Automation Effects 
Effect & 
Propertie
s 

Description & Notes Resource Usage 

Volume This effect can be used to 
control the volume of an 
event. 

 
 

Volume This property (specified in dB) represents the overall volume of the event layer. 
 

  



FMOD CPU/Memory hits: 
Surround Pan 
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Effect & 
Properties Description & Notes Resource Usage 

Surround 
Pan 

This effect can be used to 
dynamically control the 
panning of a Sound Def in 
a surround sound field. 

 
 

Left / right 
Pan 

This property specifies the desired stereo position, ranging from –1.0 (left 
channels only) to 1.0 (right channels only). 

Front / back 
pan 

This property specifies the desired depth position, ranging from –1.0 (rear 
channels only) to 1.0 (front channels only). 

LFE send This property specifies the amount of signal sent to the Low Frequency Emitter, 
ranging from 0.0 (no signal) to 1.0 (full volume). 

 

Effect & 
Propertie
s 

Description & Notes Resource Usage 

Occlusion This effect controls the 
direct and reverb levels for 
the layer. Note: If the 
programmer sets the flag 
FMOD_INIT_SOFTWARE_OC
CLUSION to true, the 
occlusion will be done using 
a low pass filter, otherwise it 
is rendered using volume 
attenuation. 

 
 

Direct This property represents the attenuation of the direct signal. 

Reverb This property represents the attenuation of the reverberated signal. 
 

Effect & 
Properties Description & Notes Resource Usage 

3D Speaker 
spread 

This effect can be used to 
dynamically control the 
spread of sound in a 
surround sound field.   
The effect can be used to 
make the sound appear 
directional (coming from a 
particular speaker driver) or 
immersive (coming from all 
speaker drivers) in nature. 

 

Angle This property specifies how directional the sound is, ranging from 0 degrees 
(highly directional) to 360 degrees (omni-directional). 

 

  



FMOD CPU/Memory hits: 
LoPass Simple 
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Effect Description & Notes CPU Usage 
FMOD 
Lowpass 
Simple 

This effect is a first-order filter that leaves 
low frequencies unaffected but attenuates 
(or reduces) frequencies above a cutoff 
frequency point. 
This effect is used to reduce the amount of 
treble in a signal. 
FMOD Lowpass Simple effect was 
specifically designed to provide full 
bandwidth response (up to 22kHz) at the 
cheapest CPU costs. It does not provide 
any resonance control.  

Property Description 
Cutoff freq This property represents the frequency at which the filter will start attenuating.  

The cutoff frequency range is 10 to 22000Hz. 
 

Effect Description & Notes Resource Usage 
FMOD 
Highpass 

This effect is a second-order filter that 
leaves high frequencies unaffected but 
attenuates (or reduces) frequencies below a 
cutoff frequency point. 
This effect is used to reduce the amount of 
bass frequency in a signal. 

 
Property Description 
Cutoff freq This property represents the frequency at which the filter will stop attenuating.  

The cutoff frequency range is 10 to 22000Hz. 

Resonance This property alters the frequency response of the filter, by boosting the 
frequencies just the above the cutoff frequency. The resonance property ranges 
from 1 to 10.   

 

  



FMOD CPU/Memory hits: 
FMOD Lopass filter  
(analog resonance emulation) 
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FMOD DSP Effects 

Effect Description & Notes Resource Usage 
FMOD 
Lowpass 

This effect is a second-order (resonance) 
filter that leaves low frequencies unaffected 
but attenuates (or reduces) frequencies 
above a cutoff frequency point. 
This effect is used to reduce the amount of 
treble in a signal. 
Whilst the FMOD Lowpass effect is more 
computationally expensive than the other 
lowpass filters provided by FMOD, this 
effect produces a high-resolution emulation 
of an analog resonance filter.  

Property Description 
Cutoff freq This property represents the frequency at which the filter will start attenuating.  

The cutoff frequency range is 10 to 22000Hz. 

Resonance This property alters the frequency response of the filter, by boosting the 
frequencies just below the cutoff frequency. The resonance property ranges 
from 1 to 10.   

 

Effect Description & Notes Resource Usage 
FMOD IT 
Lowpass 

This effect is a second-order (resonance) 
filter that leaves low frequencies unaffected 
but attenuates (or reduces) frequencies 
above a cutoff frequency point. 
This IT effect was specifically designed to: 
1. Support Impulse Tracker files. 
2. Provide a resonant low pass filter at the 
cheapest CPU costs. 
This filter is limited to an effective cutoff of 
10000Hz.  

Property Description 
Cutoff freq This property represents the frequency at which the filter will start attenuating.  

The cutoff frequency range is 1 to 22000Hz. 

Resonance This property alters the frequency response of the filter, by boosting the 
frequencies just below the cutoff frequency. The resonance property ranges 
from 1 to 10.   

 

  



FMOD CPU/Memory hits: 
Echo 
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Effect Description & Notes Resource Usage 
FMOD Echo This effect creates a reverb like sound by 

replaying the Sound Def with additional time 
delays. 
This effect is less CPU intensive than 
reverb and useful for simulating 
environments such as large rooms, halls, 
caves, car parks, etc. 

 
Property Description 
Delay The property represents the time between the original sound and its echoed 

reflection. 
The delay can be set from 1ms to 5000ms. 

Decay The property represents the amount of echoed signal that is fed back into the 
echo plug-in. 
The decay can be set from 0.000 to 1,000  Note: Using 1,000 decay will cause 
an infinite feedback loop, meaning the echo will never stop. 

Max 
Channels 

This property sets the number of channels (and memory allocation) to be used 
from 0 (default) to 16.  The value 0 represents FMOD's default polyphony, 1 = 
mono, 2 = stereo, etc. 

Dry Mix This property represents the volume of the original sound, ranging from 0.000 
(fully attenuated) to 1,000 (no attenuation). 

Wet Mix This property represents the volume of the echo, ranging from 0.000 (fully 
attenuated) to 1,000 (no attenuation). 

 

Effect Description & Notes CPU Usage 
FMOD 
Flange 

This effect is created with a signal that is 
combined with a slightly delayed copy of 
itself. Using a continuously variable time 
delay (of up to  10ms) causes the comb-
filtering effect to move up and down the 
frequency spectrum, giving the filter its 
famous 'jet'-like sound. 

 
Property Description 
Dry Mix This property represents the volume of the original sound, ranging from 0.000 

(fully attenuated) to 1,000 (no attenuation). 

Wet Mix This property represents the volume of the delayed copy, ranging from 0.000 
(fully attenuated) to 1,000 (no attenuation). 

Depth The depth property represents the maximum swing in delay time, ranging from 
0.00 ( 0 ms) to 1.00 ( 10 ms). 

Rate The rate property represents the speed at which the comb filtering modulates 
from its lowest to highest depth.  The rate can be set from 0Hz to 20Hz. 

 

  



FMOD CPU/Memory hits: 
Parametric EQ 
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Effect Description & Notes Resource Usage 
FMOD 
ParamEq 

This effect is a parametric equalizer that 
attenuates or amplifies a selected frequency 
(and its neighboring frequencies to a lesser 
degree). 

 
 

Property Description 
Center freq This property represents the frequency to boost or cut, ranging from 20 Hz to 22 

kHz. 

Octave range This property specifies how many neighboring frequencies will be affected.  
This is commonly known as the Q value.  The octave parameter ranges from 
0.2 octaves to 5 octaves (large overlap). 

Frequency 
gain. 

This property represents the boost or cut to the frequency. The values 0.05 to 3 
represent a cut to the frequency, whilst 1.00 to 5.0 boosts the frequency. 

 

Effect Description & Notes Resource Usage 
FMOD Pitch 
Shifter 

This effect allows a sound to be raised or 
lowered in pitch without changing its time 
duration. 
This plug-in is very CPU intensive.  However, 
using mono files, selecting a smaller FFT 
size and reducing the sampling rate of the 
source file can reduce the CPU load (at the 
expense of sound quality). 

 
Property Description 
Pitch This property represents the change to the original pitch ranging from 0.5 (one 

octave down) to 2.0 (one octave up).  A value of 1.0 represents the original pitch.   

FFT size The property specifies the spectral resolution used in the FFT process.  A higher 
number reduces the number of unwanted artifacts in the sound (but requires 
more CPU time).  The FFT size ranges from 256 to 4096. 

Max 
Channels 

This property makes it is possible to set the number of channels (and memory 
allocation) to be used by the Pitch Shifter plug-in.  This property can be set from 
0 (default) to 16.  The value 0 represents FMOD's default polyphony, 1 = mono, 
2 = stereo, etc. 

 

  



FMOD CPU/Memory hits: 
Chorus 
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Effect Description & Notes Resource Usage 
FMOD 
Chorus 

This effect is used to simulate a sound 
coming from multiple sources. This chorus 
effect uses 3 chorus taps (copies of the 
original signal).  Each tap is 90 out of phase 
with the previous tap.  

 
Property Description 
Dry Mix This property represents the volume of the original sound, ranging from 0.00 

(fully attenuated) to 1.00 (no attenuation). 

Wet mix tap 
1, 2 & 3 

This property represents the volume of chorus taps, ranging from 0.00 (fully 
attenuated) to 1.00 (no attenuation). 

Delay The delay property specifies the total buffer size used by the effect.  The 
greater this value, the more phase modulation occurs.  The delay ranges from 
0ms to 100ms). 

Rate This property represents the speed of the chorus modulation.  The rate can be 
set from 0Hz to 20Hz. 

Depth The depth property represents the modulation of the time delay, ranging from 
0.00 to 1.00. 

Feedback The feedback property controls how much of the wet (chorus) signal is placed 
back into the chorus buffer. It can range from 0.000 to 1,000 

 

  



FMOD CPU/Memory hits: 
FMOD SFX Reverb 
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Effect  Description & Notes Resource Usage 
SFX Reverb This effect is a reverb that can be used 

independently from the system reverb 
accessed through the Reverb Def pop-up 
window. 
The quality of this reverb is superior to the 
FMOD reverb but uses more CPU time.  
This effect models both the early reflections 
and longer reverb swell (called 'room') 
present in real-world reverberation. 

 
Property Description 
Dry Level This represents the level of dry signal in the output signal.  The dry level ranges 

from –10000.0 to 0.0 mB. 

Room This property represents the volume level of the ambient reverberation. The 
room level ranges from –10000.0 to 0.0 mB.  

Room HF This property represents the overall high frequency attenuation of the room 
reverberation. The attenuation ranges from –10000.0 to 0.0 mB (no 
attenuation). 

Room LF  

Room 
Reference 

 

Room rolloff This property specifies the room rolloff factor and ranges from 0.000 (default 
value) to 10,000 

Decay time This property specifies the length of time the room reverberation takes to fade 
to silence.  Ranging from 0.1 to 20.0 seconds, this feature can be used to 
simulate the size of the acoustic environment. 

Decay HF 
ratio 

This property represents the ratio of the high frequency and low frequency 
content in the reverberation decay. It can range from 0.100 to 2.00 

Reflections The reflection property represents the volume level of the early reflections 
relative to the volume of room reverberation and ranges from –10000.0 to 
1000.0 mB. 

Reflect delay This property specifies the delay time of the first reflection, ranging from 0.0 to 
0.3 seconds. 

Reverb The reflection property represents the volume level of the late reflections 
relative to the volume of room reverberation and ranges from –10000.0 to 
2000.0 mB. 

Reverb delay This property specifies the delay time of the late reflection (relative to the first 
reflection), ranging from 0.000 to 0.100 seconds. 

Diffusion The rate at which the density of the reverb increases during the decay. This 
echo density ranges from 0.0 to 100.0 percent. 

Density Represents how tightly the reflections in the decay are packed.  This modal 
density ranges from 0.0 to 100.0 percent. 

HF reference This property specifies the high frequency value referenced by the other 
properties.  The HF reference ranges from 20Hz to 20kHz. 

 

  



Trade offs 
●  CPU cycles 
●  RAM 
●  Number of voices 
●  Hard Drive streams 
●  Optical Disk streams 
●  Latency/buffer sizes 
●  Sample rate/data compression/fidelity 
●  Game event driven changes 
●  Effect quality/CPU hit 



Trade offs 
●  CPU Cycles vs RAM 
●  Decompressing mp3 on the fly (runtime) 

Versus 
●  Decompressing mp3 into RAM 
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●  The read head needs time to seek 



Trade offs 
●  # Streams vs buffer size vs latency 
●  The read head needs time to seek 
●  More streams -> Bigger buffers 



Trade offs 
●  # Streams vs buffer size vs latency 
●  The read head needs time to seek 
●  More streams -> Bigger buffers 
●  Bigger buffers -> higher latency 



Trade offs 
●  Number of Voices Vs CPU 
●  Each voice uses CPU cycles 



Trade offs 
●  Number of Voices Vs CPU 
●  Each voice uses CPU cycles 
●  More voices allow layering, more immersion 



Trade offs 
●  Effect quality vs CPU hit 
●  Higher quality EQ or reverb  -> more CPU 



Case Studies: iPhone 
●  Bottleneck: Download under 20MB to go 
over 3G network – footprint potentially 
limited. 



Case Studies: iPhone 
●  Music compressed as AAC to make 
smaller 
●  iPhone can only decompress 1 AAC/mp3 
stream at a time in  hardware 
 



Case Studies: iPhone 
●  Result:  SFX shouldn’t be AAC, will affect 
frame rate.   
●  Reduce sample rate to reduce size 



Case Studies: iPhone 
●  Result:  SFX shouldn’t be AAC, will affect 
frame rate.   
●  Reduce sample rate to reduce size. 
●  Or use IMA 4:1 compression 



Case Study: PC downloadable 
 
●  Bottleneck:  Size needs to be minimized 
●   to reduce bandwidth costs and  
●  Reduce download time 



Case Study: PC downloadable 
 
●  Data reduction on audio assets  
●  mp3,  
●  Ogg Vorbis 



Case Study: PC downloadable 
 
●  Decoding MP3’s at run time causes CPU 
hit  
●  Possible frame rate drop, pause 



Case Study: PC downloadable 
 
●  Decoding MP3’s at run time causes CPU 
hit  
●  Possible frame rate drop, pause 

●  PC’s have more RAM than consoles 



Case Study: PC downloadable 
 
●  Solutions: 
●  decompresss into RAM before playing   

● (pre-cache in Flash) 



Case Study: PC downloadable 
 
●  Solutions: 
●  decompresss into RAM before playing   

● (pre-cache in Flash) 
●  use IMA 4:1 compression.  Lighter CPU, less 

size reduction. 



Case study: Xbox 360 
●  Bottleneck:  
●  RAM 



Case study: Xbox 360 
●  Bottleneck:  
●  RAM 
●  potentially DVD space,  



Case study: Xbox 360 
●  Bottleneck:  
●  RAM 
●  potentially DVD space  
●  limited # of streams off of DVD 



Case study: Xbox 360 
●  XMA compressed files decoded on 
hardware 
●  no CPU hit 
●  Lots of voices 



Case study: Xbox 360 
●  Solution: 
●  XMA Compression 



Case study: Xbox 360 
●  Solution: 
●  XMA Compression 
●  Tradeoff compression/fidelity needed 

 



Case study: Xbox 360 
●  Solution: 
●  XMA Compression 
●  Tradeoff compression/fidelity needed 
●  Minimize streaming 



Game audio middleware != DAW 
●  Game effects are optimized for CPU 
efficiency 
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●  DAW’s have more resources dedicated to 
audio 
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Game audio middleware != DAW 
●  DAW’s have more resources dedicated to 
audio 
●  DSP cards like UAD can have even higher 
quality emulations because of dedicated 
DSP 
●  External hardware available with DAW 



Game audio middleware != DAW 
●  Better sound quality  



Game audio middleware != DAW 
●  Better sound quality  
●  Much more variety in models for 
compressors, reverb, sweeter EQ’s. 



General Rule 
●  If it’s not changing in realtime in-game, 
consider baking the effect in 



Common Mistakes 
●  Applying EQ or filters that never change 
to sounds 
 



Common Mistakes 
●  Applying EQ or filters that never change 
to sounds 
●  Applying compression to a single sound 
source that never changes 
 



Common Mistakes 
●  Applying distortion that never changes to 
a sound source to make it more audible 



Common Mistakes 
●  Applying distortion that never changes to 
a sound source to make it more audible 
●  Using multiple layers of sounds non-
dynamically 
 



Realtime changes are good 
●  increases immersion 
●  provides realtime feedback to player 



Realtime changes are good 
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Realtime changes are good 
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Realtime changes are good 
●  Choose relevant game parameters to 
drive them: 
●  Distance 
●  Force 
●  Speed 
●  Location 



Realtime effects: 
●  dynamic EQ/filters fed by RTPC tied to 
game states 
●   Filter or EQ on damage sounds, tied to force 



Realtime effects: 
●  compression or limiting on the master bus 
●  Can only be done realtime, keeps mix under 

control. 



Realtime effects: 
●  Dynamic distortion  
●  Trash distortion used in Forza 4, driven by 

load on engine. 



Realtime effects: 
●  Dynamic distortion  
●  Trash distortion used in Forza 4, driven by 

load on engine. 
●  CPU load (of 1 thread, ½ core) 

● Trash = 3 - 5 % 
● FMOD = 1% 



Realtime effects: 
●  Chorus or flanging effects best done at 
runtime 
●  realtime chorus will help mask loop points, 

sounds more natural 



Streaming 
●  HD seeks much faster than DVD  



Streaming 
●  HD seeks much faster than DVD  
●  Switching layers on DVD is slow 



Streaming 
●  HD seeks much faster than DVD  
●  Switching layers on DVD is slow 
●  Read heads only go so fast 
●  Bigger the buffer, the more time available 
●  More streams available 
●  Higher latency 



Streaming 
●  Probably sharing with other game data  
●  Textures 
●  Geometry  



Streaming 
●  Speech and music typically streamed 
●  Except when it isn’t. 



Streaming 
●  Have to coordinate with lead programmer 
●  Allocate resources as early as possible 
●  Stream not available?  Argue for more RAM 



Streaming 
●  Ambiences: 
●  Try overlapping loops 
●  Random one-shots 



Voice management 
●  Need to limit number of voices playing 
●  Shut off voices out of audible range 



Voice management 
●  Need to limit number of voices playing 
●  Shut off voices out of audible range 
●  Take up CPU tracking position and volume 

updates 



Voice management 
●  Offload to “virtual voices” 
●  Will play at right position when come back in 

range 



Voice management 
●  Offload to “virtual voices” 
●  Will play at right position when come back in 

range 
●  Music  



Voice management 
●  Offload to “virtual voices” 
●  Will play at right position when come back in 

range 
●  Music  
●  Retrigger loops 



Voice management  
●  Use a Priority system to cull voices 
●  Oldest 
●  Quietest 
●  Most important to least important 



Voice management  
●  intelligent instance limiting 
●  Group sounds into categories, and limit the 

number that can play at once. (example: bird 
chirps, wind loops). 

 



Tips & Tricks 
●  Don’t place individual sound points for 
ambient sounds (birds, insects) 
●  Tracking all those points is CPU intensive 



Tips & Tricks 
●  Don’t place individual sound points for 
ambient sounds (birds, insects) 
●  Tracking all those points is CPU intensive 

●  designate an area where birds are heard 
and play with random positioning and 
volume 



Tips & Tricks 
 
●  Stream one voice to multiple locations 
●  Example: Speakers around a race track 
●  Saves on voice overhead 



Tips & Tricks 
●  Categorize your sounds, and put a voice 
limit on that category to avoid making your 
mix too dense. 
 



 

Questions? 


