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Preface




INTRODUCTION



Welcome to Game Audio Programming: Principles and Practices! This book is the first of its kind: an entire book dedicated to the art of game audio programming. There have been plenty of books in this style—contributed works, often called “Gems”—for many different videogame-related subjects, from GPU programming to artificial intelligence to general game programming. But game audio programming has, for many years, been something of a black art practiced by isolated monks. Before starting this book, I only knew of one other audio programmer, although I was certain that others must exist. This book, therefore, is an attempt to spread knowledge of game audio programming so that we can further the art.

I have, more than once, heard game audio programmers described as “unicorns”—mythical beasts that everybody wants, but that don’t seem to actually exist. This is true for two reasons—first, all of the existing audio programmers already have jobs. Second (and related), there aren’t very many new audio programmers. This second point is where this book comes in. If there are no resources for audio programming, how will people learn? Answer: they will figure it out on their own, and go off to practice their dark art in an isolated monastery.

Of course, I am exaggerating for effect, but the truth is that one of the big problems with audio programming is that there are a scant few resources available to learn anything beyond the very basics. This book is the first step in fixing this problem.



THIS BOOK



I searched far and wide throughout the game development world to find top-notch audio programmers to contribute their knowledge to this book. We have chapters in this book on audio programming subjects of every

sort: one chapter each for a number of major audio middlewares (CRI ADX2, FMOD Studio, and Audiokinetic Wwise), audio engine design, granular synthesis, music, and even a couple of chapters from sound designers giving their perspective on the subject.

Here are brief summaries of all of the chapters in this book:


	• Principles of Audio (Chapter 1)—Audio is a complicated beast. There’s so much theory and fundamentals that are valuable to understand, from how the ear works to how audio is represented.


	• Sound Engine State Machine (Chapter 2)—There are many ways to organize an audio engine, but only a few which are truly effective, extendible, and easy to use. This chapter shows one way to put an audio engine together such that it will be a joy to work with, rather than a burden.


	• Streaming Sound (Chapter 3)—As much as we have gigantic amounts of memory on modern systems, you still can’t load everything into RAM. Learn how to work with the filesystem to prioritize your streaming data, and how to prime your streamed audio data.


	• An Introduction to ADX2 (Chapter 4)—CRI ADX2 is the de facto standard in Japan, but is virtually unknown to Western audiences. See how to use ADX2, as well as the fundamental principles by which it operates.


	• Wwise and the Audio Programmer (Chapter 5)—Wwise is another of the most popular audio middleware engines. This chapter shows you how to use Wwise in your game engine, from the very basics of triggering an event through to some more advanced topics.


	• Programming FMOD Studio (Chapter 6)—FMOD Studio is one of the most popular audio middleware engines. This chapter shows how to use FMOD’s low-level API and Studio API, and then touches on a couple of advanced topics on using FMOD.


	• CRYENGINE’s Audio Translation Layer (Chapter 7)—As a game engine vendor, Crytek can’t afford to limit which audio middleware their customers choose. See how Crytek built an audio engine that abstracts the middleware so completely that you can swap it out at runtime.


	• A Sound Designer’s Perspective on Audio Tools (Chapter 8)— Sound designers are your customers. They have entire worlds to create, and the only tools that they have to do it with are the ones that you make. Should it surprise you that they are opinionated?


	• Working with Audio Designers (Chapter 9)—The audio department should really be part of the design process from day one. Here is the perspective from a sound designer on procedures and practices for working together.


	• Open Sound Control (Chapter 10)—OSC is one of the protocols of choice for the offline audio world, competing with MIDI and a few others. This chapter explains what OSC is, how to use it, and even builds up an implementation in C#.


	• Listeners for Third-Person Cameras (Chapter 11)—It’s not as easy as “put the listener in the camera.” Learn why that’s true, and how you can easily implement a system that will work in all situations.


	• Interactive Music Systems for Games (Chapter 12)—An overview of dynamic music systems in games. This chapter is a sampling of the different routes you can take in creating a dynamic musicscape for your games.


	• Granular Vehicle Engines (Chapter 13)—Learn how to take a single recording of a vehicle sweeping through its RPM range and turn it into a sequence of grains that can be played back to create a realisticsounding car engine effect.


	• Debugging Features for Middleware-Based Games (Chapter 14)— As programmers, we spend most of our time debugging. This chapter contains tips and techniques for debugging your audio engine with a focus on Wwise-based tools, but with handy techniques for any audio programmer no matter what back-end you use.


	• Open World Game Optimizations and Limiter Systems (Chapter 15)—Open-world games pose a particularly challenging problem for game audio—the world is gigantic, so you can’t play all of it at once. See how the Far Cry franchise solved this tricky problem over the various games.


	• Vector-Based Amplitude Panning (Chapter 16)—There is some pretty heavy math behind panning a channel around a




surround-sound speaker setup. Find out the nitty-gritty details, and see an implementation.


	• Dynamic Game Data (Chapter 17)—Getting data to and from the audio engine is, ultimately, what drives the audio in your game. See how to build a first-class system to route game data and events into parameters for the middleware.



By its nature, a book like this must leave content out—sometimes painfully so. All the contributors to this book want to do one gigantic brain dump: “Thwump. Here is your 20,000-page monster tome containing all the collected knowledge and wisdom of the game audio programmers of the world.” Such an epic work, of course, is not realistic. But it is my hope that the volume you hold in your hands now is but the first in a series that will put us on that path.



PARTING THOUGHTS

As you read this book, I hope that you get inspired. Inspired to be an audio programmer; inspired to overhaul your game’s audio engine; inspired to speak with your sound designers and work with them more closely; inspired to try some of the techniques that you read in this book… If we have done that, then we have accomplished our task.
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1.1 INTRODUCTION

A very senior engineer I worked with long ago once asked me “What is sound?” A bit stunned, I gave him a brief description of acoustics and how acoustic signals are represented in a computer. Almost every engineer in video games can give a basic explanation of how a TV works with your eyes to convey visual information, but often dedicated audio engineers cannot give an analogous explanation about aural information.

The goal of this chapter is to give anyone with a basic technical background an index to understand audio and its perception with a focus on issues relevant to video games. Acoustics and psychoacoustics are huge topics with large bodies of research, so out of necessity I will only discuss points that I have found useful in my day-to-day work as a game audio

engineer. The references are all books I wish had known about when I was just starting to work in game audio.



1.2 WHAT IS SOUND?

The scientific study of sound is called acoustics and is defined by the American National Standards Institute as the “Science of sound, including its production, transmission, and effects including biological and psychological effects.”1 The majority of the human-relevant physical properties of sound can be modeled as waves in an elastic medium using the acoustic wave equation. There are, as always, interesting exceptions such as the trombone and supersonic airplanes, both of which compress air enough to bring out significant nonlinearities.

As with all wave phenomena, sound can interact through diffraction, interference, reflection, and refraction. Given the speed of sound (approximately 340 m/s) and the frequencies that humans can hear (more on this later), everyday objects such as walls, chairs and cups can create all of these interactions. The number and complexity of these interactions makes accurate simulation of the transmission of audio more difficult than the simulation of light across frequencies of interest to human perception.

A comprehensive explanation of physical acoustics is well outside the scope of this chapter, but I will provide a drop of history with references for those interested in learning more.

The earliest written explorations of the physics of sound go back to the Greeks. Both Pythagoras and Aristotle spent significant amounts of time studying and writing about the nature of vibrating strings, both from a physical and musical perspective. The Renaissance brought many advances in our understanding of the physics of sound. Good modern references for physical acoustics are Fundamentals of Physical Acoustics2 and Theoretical Acoustics.3

The first exhaustive work treating sound as both a physical and psychological phenomenon was not published until the nineteenth century with the work of Helmholtz et al., On the Sensations of Tone as a Physiological Basis for the Theory of Music.4 This book is still very relevant for musical acoustics and gives a good first-order model of the functioning of the ear. The twentieth century brought a tremendous growth of understanding of the functioning of the ear and brain’s perception of sound. This field of study is called psychoacoustics, which is directly responsible for wonders of modern technology such as mpeg audio compression and today’s amazing hearing aids.

The single most important concept to understand from acoustics is frequency. Frequency is defined as the number of times in a given period a repetitive phenomenon repeats; in audio, the unit of frequency is hertz, which measures repetitions per second. What makes frequency particularly useful is that any bandlimited signal can be decomposed using the Fourier transform into an integral number of pure tones (sinusoids).5 These pure tones have integral frequency and may vary in amplitude and phase. When analyzing or modifying a signal, it is extremely useful to consider the signal as a finite sum of linearly separable simple parts rather than a complex whole. Your sense of hearing thinks so as well: the single most important behavior of the ear is to separate frequencies.


1.3 HOW DO WE HEAR AUDIO?

Sound surrounds us. Everywhere we go we are enveloped in a field of vibrating air. These waves interact with our heads and pinnae (the part of the ear that sticks out from the head proper) and are funneled into our ear canal. In the ear canal, the waves displace the eardrum, a thin membrane, proportionally to the pressure of the air. This membrane conducts the pressure vibrations to a set of bones that act as levers to transfer and amplify the vibrations to the cochlea.

The cochlea is a complicated organ that acts as an adaptive noise-reducing pressure-to-frequency detector. Its physical form is a rolled up cone with a line of hair cells inside spaced down its length. The dimensions of the cochlea act as a sort of filter giving a differing frequency response at every point along the cone. This frequency response difference causes the vibrations to differ at every point along the length of the cochlea (tonotopic mapping). Thousands of hair cells exist along the length of the cochlea that act as signal detectors by conducting the vibrations into the follicles, which transduce the physical vibration into electrical pulses in the nervous system. These signals undergo processing within the cochlea as well as in the brain itself to form our perception of sound. Figure 1.16 shows a diagram of the various parts of the human ear.

A fantastic beginning reference on this topic is An Introduction to the Psychology of Hearing,7 which covers most of the content presented in this section in significantly more depth. I consider it a must-read for anyone working in audio, technical or not. A more in-depth book is the eponymous Psychoacoustics.8




1.3.1 Dynamic Range

An amazing fact about our hearing is the ear’s dynamic range. Human hearing has a range of about 120 decibels (dB). A decibel is a logarithmic unit used to express a ratio of two values. When used to measure sound pressure level, the reference level in the ratio is the quietest sound a human can hear. 120 dB represents a range of 1,000,000 to 1. The primary way the ear achieves this is by the bones that transmit the signal from the eardrum to the cochlea. They have the ability to dynamically reconfigure themselves to adapt their gain in real time according to the incoming signal.



1.3.2 Spatial Hearing

Humans have the ability to tell the direction that a sound is coming from, primarily due to the geometry of the head and ears. Two physical cues that are used by the brain for directionality are the interaural time difference (ITD) and the head-related transfer function (HRTF).

Sound moves slowly enough for your brain to measure the time delay between when a wave hits one ear versus the other. This time difference is called ITD. If a sound is directly in front of a person, the delay will be zero as the wave will hit both ears simultaneously. As the sound moves to one side, this delay changes as the distance from the sound to each ear
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FIGURE 1.1 Anatomy of the human ear.

changes. This is a primary cue to the brain for the angle that a sound is coming from relative to the front of the head.

The structure of the head and the pinnae of the ear act as a filter that varies frequency response by the angle of the signal. For example, if a sound is transmitted through the pinnae, it will lose power at high frequencies. We can model these effects by defining a filter for each ear that has a differing frequency response depending on the incidence angles of the sound with the ear. This angle-based filtration is the HRTF. The brain infers directional information by analyzing the frequency response of a signal. This is a learned behavior as the specific shape of an individual’s ear impacts the HRTF, and thus the HRTF can vary significantly between individuals.

The information presented to the brain is not enough for the brain to disambiguate all incoming angles of sounds. The ambiguity forms the shape of a cone and is aptly called “the cone of confusion.” The brain uses input from the other senses (e.g., matching a sound source to a visual input) and contextual knowledge (e.g., helicopters are seldom below one’s feet) to help narrow down the actual direction of a sound.

An exhaustive review of this is presented in the book Spatial Hearing.9


1.3.3 Reflections

The environment that surrounds us interacts with our sound environment primarily by reflection. When a sound wave interacts with a surface, the surface reflects it. At higher frequencies with smooth surfaces, this works much like specular reflection. Reflections contain a significant amount of information about the surrounding environment. The structure of the reflections comprises primary cues to the brain about the distance between the listener and the sound. It also allows us to estimate the size of the surrounding environment.

Reflections also interfere with more important signals, and the ear ignores certain reflections because of this. When a sound is immediately followed by another sound, only the first of these is used by the brain to determine the direction of the sound. This is called “the precedence effect.”10



1.3.4 Time and Sensory Fusion

Human perception of time is nonintuitive. For example, there are documented phenomena where a stimulus changes the perception of a previously received stimulus, thus apparently violating our notion of causality. A lot of interesting and extremely game-relevant research has been done in what is

called “sensory fusion.” This is the study of how close two stimuli need to be for the brain to think they are part of the same physical cause. For example, how close can two audio pulses occur and the brain still distinguish them as distinct sounds (about 5 ms); and how temporally separated can a voice be from a video of someone talking before the listener no longer perceives the voice and audio as one (lip sync). This particular example shows the sorts of complexity common in psychoacoustics as lip sync timings are not symmetric in time. You will notice the synchronization being off at far shorter intervals if the audio is leading the visual rather than the reverse. The variance infusion sense across the population is large, possibly as large as a factor of five between those with the most accurate and the least accurate. Musicians and others with formal audio training tend to have a much lower threshold than the general population. My oversimplified rule of thumb for lip sync is to keep audio within 50 ms of video. The chapter “Perceivable Auditory Latencies” in Audio Anecdotes: Tools, Tips, and Techniques for Digital Audio11 has an excellent overview of the research relating to sensory fusion that anyone working in interactive audio should be familiar with.



1.3.5 Frequency

A good first approximation of hearing is of a windowed time-to-frequency converter. Windowed means that it looks only at a small amount of time. The ear can precisely detect frequencies from about 20 Hz to at most 20 kHz. The spacing is similar to exponential so the accuracy (in Hz) of the ear decreases as the pitch increases. There are quite a few units that have been developed to more closely approximate the ear’s pitch space, e.g., Mel, Bark, and ERB.8



1.3.6 Masking

One of the most dramatic abilities of our hearing is the ability to filter out frequency content in a signal based on the time-frequency content of that same signal. The broad gist is that a loud sound can cause a quieter sound to be inaudible. The details are quite complicated and somewhat outside the scope of this document. Models of masking are what lossy audio compression algorithms such as mpeg use to reduce the amount of information in stored audio as any signal the ear would remove need not be kept in the compressed audio.

To give a bit of character to this complexity, I will give two examples of masking behavior. First, a quieter broadband sound can mask a louder pure tone sound (frequency masking). This is common in games as guns

and explosions are very common sounds. These sounds are extremely broadband, meaning they have power at nearly all perceptible frequencies. Because of this, they are very effective at masking sounds that are more localized in frequency. In my experience, it is common to have a nearly inaudible broadband sound (typically an explosion) cause a wide variety of other sounds to become inaudible. Merely removing big noisy explosions causes everything else to pop and often makes the entire scene seem louder as the other sounds are no longer being masked.

Another example is a sound that happens after another can cause the sound that occurs first in time to be inaudible (temporal masking). Causality is a fuzzy quantity in perception within 100 ms or so.


1.4 HOW IS AUDIO REPRESENTED, PROCESSED, AND REPRODUCED?



Any one-dimensional physical property can be used to represent air pressure at an instant in time. If that property can change over time, it can represent audio. Common examples are voltage (the most common analog), current (dynamic microphones), optical transmissivity (film), magnetic orientation (magnetic tape), and physical displacement (records). The selected property is varied over time to represent the changing of pressure over time. In storage media, time is usually represented by length (tape, optical, record). In many sound analogs, time is represented by time itself (e.g., voltage via cable).

The majority of source audio comes from recording physical sound using microphones. Microphones translate air pressure into one of these pressure analogs (voltage and current are the two most common). Speakers convert current or voltage (almost always current) into pressure.

The ubiquitous representation for processing sound in games (and in all digital audio processing) is pulse-code modulation, or PCM. This representation consists of a sequence of integers that represent the sound pressure at equally spaced times.12

As with all approximations, the digital representation is imperfect. As we are capturing a continuous quantity with a fixed-size integer, there is information loss by quantization. The size in bits of the integer used to represent pressure is called bit depth. The most commonly used bit depth is 16 bit. Sampling at a fixed rate also causes information loss, although the specifics are difficult to quantify.

One of the most powerful tools for understanding how sampling affects the signal is the Nyquist–Shannon sampling theorem. This theory,

somewhat oversimplified, states that for a band-limited signal, you need to sample at more than twice the rate of its highest frequency in order to correctly reconstruct the signal. High-frequency components above the Nyquist are reflected onto frequencies within the bandwidth of the sampled signal, a phenomenon known as aliasing. From an audio perspective, aliasing is unnatural sounding and is generally to be avoided. This material is covered in many books. One of my favorites is Theory and Application of Digital Signal Processing.13

Nearly all audio digital signal processing (DSP) is performed by basic operations (+, -, *) on these sequences of integers. This also is a huge topic that is well-covered. I highly recommend the Julius O. Smith III Audio DSP series, which are available both online and in print.14-17 They give a comprehensive overview of basic audio DSP.





1.5 CONCLUSION

Hearing is a complicated and sometimes nonintuitive sense. Understanding its peculiarities is necessary to achieve both technical and artistic success in video game audio. A grasp of audio relevant to game programming requires a significant breadth of knowledge across the fields of physics, psychology, and signal processing. This chapter has given a brief overview of topics that I frequently find useful in my role as an audio programmer with the hopes that others will have a better place to start than I did.
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2.1 THE NEED FOR A STATE MACHINE

When writing a very basic audio engine, the “jukebox” metaphor is quite apt. You need functions to load, play, pause, and stop sounds—all of the basics. And it turns out that you can actually do quite well and ship award-winning content using just those very basic tools. By abstracting the concept of a “sound” to an “event,” modern audio middleware provides even more power to the sound designers without any sort of advanced engineering.

But simply wrapping the middleware with jukebox methods leads to a big mess of code as the audio engine grows to accommodate new features, because those features rarely map to the simple jukebox pattern. This is why a lot of audio engines, even ones that have shipped great games, are (frankly) terrible—if you can ship AAA award-winning Game-of-the-Year content on an audio engine that has no functionality other than playing wav files, why would you bother to update it?

The answer to that question lies in the expressivity of the sound designers. Inevitably, a sound designer will come to you and say “I want to do Thing X.” Whatever Thing X is, your audio engine doesn’t have that functionality right now, and it’s your job to figure out how to bring a new feature into your audio engine. If you’re working with an audio engine that is a simple “wrap the middleware” deal, you’ll find that your code starts to look like a horrible tangled mess very quickly.

The question, then, is how to implement an audio engine that expresses the fundamentals, but provides easy and clean hooks to add new features. There are, of course, many ways to do it correctly, and in this chapter I’ll be presenting a method that I have developed over a number of years, and which has shipped all sorts of games.



2.2 THE STARTING POINT

An audio engine that simply wraps the middleware is likely to have a very simple interface that just plays sounds in the Play() call and updates their state in the Update() call, thus:

void AudioEngine::Update() { vector
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4.1 INTRODUCTION



ADX2 is a game audio middleware developed by a Japanese company called CRI Middleware. It consists of an authoring tool (AtomCraft) and a runtime library (CRI Atom). Although it is the de facto standard in Japan, it may be less known in the West. In this chapter, we will show some of the fundamentals of working with ADX2.





4.2 CREATING THE DATA

Before diving into the programming, let’s learn about the data that we will be manipulating. The AtomCraft tool offers a very digital audio workstation (DAW)-like experience to author the sound, while still adding the many features we have come to expect when implementing interactive audio for games. Figure 4.1 shows the main screen, with the project and audio assets trees on the left, the details pane (here showing a timeline) in the middle, and the parameters at the bottom and on the right.

[image: Figure 4.1 (auto full-page crop from source PDF page 74, original image was missing in conversion)]


4.2.1 Hierarchy

As can be seen in the tree, an ADX2 project is divided into Work Units. These are nonruntime objects whose sole purpose is to organize the audio in the project by type or function (game location/character/weapons, etc.). This organization makes it easier to distribute the work between several sound designers and use versioning. Work Units can contain one or more CueSheets, each having one or more Cues. Although the terminology is different, you will find many of the same concepts in a Western audio middleware such as FMOD or Wwise. In this case, a CueSheet is basically the equivalent of a sound bank and Cues are the audio events/sounds that you will be triggering from the game.

Therefore, it will come as no surprise that you can have several types of Cues, each exhibiting a different behavior (similar to the blend, random, sequential, etc., containers in Wwise for example). A Cue is composed of several Tracks, each having a timeline on which Waveform Regions (sample data with some extra parameters) can be arranged. The Cue type will determine the way these Tracks are selected and played. All the typical playing behaviors are available—polyphonic, sequential, random, shuffle, etc., as well as some more original ones. For example, a Cue of the combo-sequential type will play the next Track each time it is triggered, but only if it happens within a given time interval, thereby allowing the simulation of combos. If the sound is not triggered in time, it will go back to the first Track.

Each Track (and even each Waveform Region) can have its own parameters (such as a biquad filter). We will talk more about this later, when we see how to update them at runtime. Actions can also be inserted on a Track to provide looping at the Track level (as opposed to the regular sample looping at the Waveform Region level), to set parameters or call other

[image: ]

FIGURE 4.1AtomCraft main window.

Cues. Finally, a Cue can be organized vertically in blocks with transition rules that make it perfect for interactive music.

The bottom tree on the left of the screen is called the Materials tree. This is where you will drag and drop audio files (in WAV or AIFF format) to import them into your project. Once an audio file is registered as a Material, it is possible to specify its looping and encoding parameters, and, of course, to use it as a Waveform Region on a Track.

At the global level, Categories, Voice Limit Groups, REACT (automatic ducking), AISAC (real-time control parameters), DSP buses and more can be defined to control and manage groups of Cues at runtime. We will give a look at some of them a bit later.

The data hierarchy can be seen in Figure 4.2. Fortunately, you don’t need to worry about all that to create your first project and start programming. Indeed, generating test data can be done as easily as opening a new project and dragging a couple of wave files onto the default CueSheet that was created for you. They will automatically be registered as Materials, Cues will be created, Tracks and Waveforms Regions added, and we are ready to go!

[image: ]




4.2.2 Export

Now that we have examined the different objects that are authored in AtomCraft, let’s take a look at Figure 4.3, which details what becomes of that data when it is exported to the game. Three types of files are created:


	The Atom Configuration File (ACF) contains all the global information about a project as well as the list of CueSheets it includes. This is the typical “project file,” and it is usually unique for a game.

	The Atom CueSheet Binary (ACB) files contain all the parameters of a specific CueSheet as well as any sample data destined to be played from memory by the Cues in that CueSheet. If the audio is expected to be streamed, it is stored in the third type of file.

	The Atom Wave Bank (AWB) file contains the encoded data for the streams referenced by the CueSheet of the same name (the parameters for the streams themselves are still stored in the ACB file).



In addition to these files, C++ headers with the right definitions will be written. It is also possible to generate specific files required for integration with Unity, Unreal, or CryEngine, should you need them.



4.3 PROGRAM FLOW

After this quick overview of the data, we can start the actual programming. Thankfully, the application program interface (API) is very consistent, making things very easy for the programmer, starting with the names of the functions that all follow this convention: cri + (Atom or AtomEx) + module name + “_” + name of the function. The name of the
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FIGURE 4.3 Data exported to the runtime.

function itself is of the form verb + object. Most objects can be specified both by name and by ID. For example, a typical function name is criAtomExPlayer_SetCueId. Unsurprisingly, you would call this to assign a Cue to a player object by specifying its ID.

Similarly, the initialization and configuration of the different modules or the update of the various parameters are all consistent across the API. Actually, let’s look at this right now!



4.3.1 Initialization and Termination

In reality, the Atom library is composed of a series of modules responsible for very specific tasks, such as loading ACB files, managing voices, or playing sounds. All the functions whose purpose is to initialize modules or to create objects will require memory as well as some configuration parameters. To that effect, they all have arguments to pass the address of a work buffer and its size. All modules or objects also provide a function to calculate the size of the work buffer required. This size is often based on the values of the parameters of the configuration structure. Moreover, each configuration structure has a matching macro to automatically set the default values. When you pass NULL for the structure, these same default parameters will be used. For example, let’s give a look to the initialization of the main library:

CriAtomExConfig config; // Configuration structure // used to initialize the // library void *work; // Address of the work buffer CriSint32 work_size; // Size of the work buffer // Macro that sets the default values to the configuration // structure criAtomEx_SetDefaultConfig(&config); // Calculate the size of the work buffer required work_size = criAtomEx_CalculateWorkSize(&config); // Allocate the memory for the work buffer work = malloc((size_t)work_size); // Initialize the library criAtomEx_Initialize(&config, work, work_size);

Like any good middleware, you can also register a user-allocator that will be called whenever memory needs to be allocated or released, in which case the two last arguments of criAtomEx_Initialize() can be NULL and 0.

Therefore, if you registered the user-allocator and wanted to use the default configuration parameters, you could simply call:

criAtomEx_Initialize(NULL, NULL, 0);

The exact same principles would apply to the initialization of the streaming system, the creation of a voice pool, etc. Actually, each target platform has a convenience function that will internally call all these other initialization functions with their default parameters for this specific platform (e.g., on PC: criAtomEx_Initialize_PC()) so that you don’t have to deal with all the details.

The termination is simply done by calling the corresponding Finalize() function, for example, criAtomEx_Finalize_PC().



4.3.2 Loading and Unloading the Data

Once the library has initialized, we need to load the project file, which is done by calling:

criAtomEx_RegisterAcfFile(NULL, “C:\BestGameEver\PC\BestGameEver.acf”, NULL, 0);

As mentioned earlier, the ACF file contains all the global information about the project. Then, we are ready to load one or more sound banks, or, in ADX2 terminology, binary CueSheets. Remember them? It’s the ACB files. To do that, we simply use the

CriAtomExAcbHn acbHn = criAtomExAcb_LoadAcbFile(NULL, “C:\BestGameEver\PC\CommonSFX.acb”, NULL, NULL, NULL, 0);

The handle returned by this function will be used when unloading the sound bank later with criAtomExAcb_Release(acbHn). At the end of the game, we will of course need to unload the project file as well, which is done by calling criAtomEx_UnregisterAcf().



4.3.3 Server Process

As with any middleware running concurrently with the game, you must make sure that the CRI Atom library’s core function (here called the “server process”) is executed at regular intervals. This is the function that is responsible for decoding the audio data, actually starting the voices, updating all the internal parameters, etc.

When initializing the library, several threading models are available, from single-threaded to multithreaded, with automatic or manual creation and management of the threads, etc. In most cases, you will need to call the criAtomEx_ExecuteMain() function from your game loop, which will then run the server process (and work with the different threads as needed).



4.3.4 Putting Everything Together

Let’s now review what we have learned so far and examine the basic flow of an audio engine using ADX2.

CriAtomExAcbHn acbHn; // Registration of an error callback criErr_SetCallback(bestgameever_error_callback); // Registration of a user allocator criAtomEx_SetUserAllocator(bestgameever_alloc, bestgameever_free, NULL); // Library initialization criAtomEx_Initialize_PC(NULL, NULL, 0); // Load and register an ACF file criAtomEx_RegisterAcfFile(NULL, “C:\BestGameEver\PC\BestGameEver.acf”,NULL,0); // Load a binary CueSheet (ACB file) acbHn = criAtomExAcb_LoadAcbFile(NULL, “C:\BestGameEver\PC\CommonSFX.acb”,NULL,NULL,NULL,0); // // Do something absolutely fantastic here… // // Unload a binary CueSheet criAtomExAcb_Release(acbHn);

// Unregister the ACF criAtomEx_UnregisterAcf(); // Finalize the library criAtomEx_Finalize_PC();

Only one thing remains to be done—you know, actually play sounds.



4.4 PLAYING AND STOPPING SOUNDS

ADX2 has a dual approach, which empowers both the programmer and the sound designer. Although it is possible to create complex behaviors entirely on the tool side (e.g., automatic ducking based on sound categories, combosequential Cues), you can also build objects from scratch and manipulate many audio parameters at runtime, even going as far as creating the ACF data itself! You can, of course, use a combination of these two approaches. In that case, sometimes parameters may be set both on the data side (assigned in the authoring tool by the sound designer) and in code (set at runtime by the programmer). However, they will always be intuitively combined. For example, volumes will be multiplied, pitches will be added, whereas other parameters may be overwritten if it makes more sense. Because ADX2 offers full control over the audio to both the designer and the programmer, it requires a good communication between them beforehand!



4.4.1 Players, Voices, and VoicePools

As illustrated by Figure 4.4, at runtime, a basic sound—or Voice in the ADX2 vernacular—is played by an AtomEx Player object (this applies to both in-memory and streaming sounds). Many of these players can be created, each of them being able to play several sounds simultaneously. They can be used to play the Cues authored in the tool, but also audio files or audio data stored in an AWB file directly. As usual, creating a Player with the default parameters and the user-allocator is straightforward:

CriAtomExPlayerHn playerHn; playerHn = criAtomExPlayer_Create(NULL, NULL, 0);

The handle returned by this function will let us update the parameters of the Player and, of course, play Cues (more on that in a moment). It will also be used later to release the Player by calling: criAtomExPlayer_ Destroy(playerHn).

Whether a specific sound (Voice) can be started actually depends on a number of factors, from instance limiting at the Category or Cue levels to the priority of a Waveform Region (to name a couple of examples). However, at the end it will always come back to the actual number of Voices available in a VoicePool. A VoicePool object manages a set of voices based on priorities (allocation and deallocation) and is also responsible for the decoding of the audio data itself.

Before going any further, now is probably a good time to have a word about the various codecs supported by ADX2. Indeed, in addition to supporting the platform-specific ones, ADX2 comes with a number of very interesting proprietary codecs. ADX is a high-fidelity, high-compression (up to 1/16), and low CPU-load codec. It is available on all game platforms supported by ADX2, from consoles to mobile and embedded systems. The HCA (High Compression Audio) codec offers a compression ratio from 1/6 to 1/12. The CPU load is lower than that of MP3 and AAC and, more importantly, constant during decoding (no hit at the beginning, for example). It also supports seeking. Finally, the HCA-MX codec is a special version of the HCA, which reduces the CPU load even more when playing a large number of sounds simultaneously (several hundred on console). This comes at a price, of course, in that case shared sample rate, pitch, and effects.

Let’s go back to the creation of our VoicePool. You will have to choose its type and specify its parameters. A “standard” VoicePool will allow you to play ADX and HCA encoded data. You could also create VoicePools
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FIGURE 4.4 ADX2 runtime objects.

just for ADX or HCA, or for HCA-MX, WAVE, AIFF, or even raw PCM. VoicePool parameters include, for example, the maximum sampling rate and number of channels allowed, the type of audio renderer used to generate the sounds (is it all generated in software or are we leveraging hardware voices), and a flag to determine whether the voices can be streamed. For example, the following code creates a standard VoicePool (i.e., able to play ADX and HCA encoded data) using the default configuration parameters and makes sure it supports streaming.

CriAtomExStandardVoicePoolConfig voice_pool_config; CriAtomExVoicePoolHn voice_pool; criAtomExVoicePool_SetDefaultConfigForStandardVoicePool( &voice_pool_config); voice_pool_config.player_config.streaming_flag = CRI_TRUE; voice_pool = criAtomExVoicePool_AllocateStandardVoice Pool( &voice_pool_config, NULL, 0);

When you don’t need it anymore, the VoicePool can be released by calling:

criAtomExVoicePool_Free(voice_pool).



4.4.2 Playback IDs and Status

Once a Player object has been created, it is possible to use it to play a Cue authored in the AtomCraft tool. First, we must specify the Cue’s ID (remember that function from Section 4.3?) or its name or its index with one of these functions:

void CRIAPI criAtomExPlayer_SetCueId(CriAtomExPlayerHn player, CriAtomExAcbHn acb_hn, CriAtomExCueId id); void CRIAPI criAtomExPlayer_SetCueName(CriAtomExPlayerHn player, CriAtomExAcbHn acb_hn, const CriChar8 *cue_ name); void CRIAPI criAtomExPlayer_SetCueIndex(CriAtomExPlayerHn player, CriAtomExAcbHn acb_hn, CriAtomExCueIndex index);

The AtomEx player can also play an audio file (such as a.hca) directly with the function criAtomExPlayer_SetFile or a waveform contained in an AWB file with criAtomExPlayer_SetWaveId. In both cases, the format, number of channels, and sample rate can be specified using the following functions:

void criAtomExPlayer_SetFormat(CriAtomExPlayerHn player, CriAtomExFormat format); void criAtomExPlayer_SetNumChannels(CriAtomExPlayerHn player, CriSint32 numChannels); void criAtomExPlayer_SetSamplingRate(CriAtomExPlayerHn player, CriSint32 srate);

Would you believe it? It is finally time to actually trigger the playback! We do it by calling:

criAtomExPlayer_Start(CriAtomExPlayerHn player)

There are a couple of things are worth noting here.

First, once the data has been assigned to the player, you don’t have to set it again if you want to keep playing the same sound/Cue again and again.

Second, it is possible to synchronize precisely the start of several sounds on different players by momentarily disabling the server process using the locking mechanism, like this:

// Prevent server process interrupts criAtomEx_Lock(); // Start playing back multiple voices criAtomExPlayer_Start(player1); criAtomExPlayer_Start(player2); criAtomExPlayer_Start(player3); criAtomExPlayer_Start(player4); // Back to normal… criAtomEx_Unlock();

Finally, the criAtomExPlayer_Start function returns a playback ID (CriAtomExPlaybackId). Since a player can play multiple sounds simultaneously, the playback ID is used to reference a single sound. For example, stopping the full player is done by calling criAtomExPlayer_Stop

(CriAtomExPlayerHn_player), whereas stopping a single sound will require a call to criAtomExPlayback_Stop(CriAtomExPlaybackId_id). Similarly, there will be different functions to call if you want to update the parameters of all the sounds started by a player or just a single one. Note that if an error occurs and an invalid playback ID is returned, it can still be passed to the all the other functions without risk. It will just be ignored and nothing will happen, but this saves you from having to write tests for the return value each time.

In some cases, you may want to know the progress of the playback. The criAtomExPlayer_GetStatus function can be used to get the status of a player. The playback status of an AtomEx Player (or of a single sound, for that matter) can take five values, usually following this order:

CRIATOMEXPLAYER_STATUS_STOP
CRIATOMEXPLAYER_STATUS_PREP
CRIATOMEXPLAYER_STATUS_PLAYING
CRIATOMEXPLAYER_STATUS_PLAYEND
(CRIATOMEXPLAYER_STATUS_ERROR)

When an AtomEx Player is created, it is in stopped mode (it has the CRIATOMEXPLAYER_STATUS_STOP status). Once the data to be played has been assigned (e.g., using criAtomExPlayer_SetData) and the criAtomExPlayer_Start function has been called, the player status changes to CRIATOMEXPLAYER_STATUS_PREP and the player starts preparing for the playback. When a sufficient amount of data has been provided and the playback is ready, the player status changes to CRIATOMEXPLAYER_STATUS_PLAYING and the audio playback starts. Finally, when all the audio data has been played, the player status changes to CRIATOMEXPLAYER_STATUS_PLAYEND. If an error occurs during playback (e.g., invalid audio data being read), the status is changed to CRIATOMEXPLAYER_STATUS_ERROR.

As we have seen above, a single AtomEx Player can actually play back multiple sounds simultaneously. This has an impact on the status returned by criAtomExPlayer_GetStatus. In particular, if you execute the criAtomExPlayer_Stop function, all sounds currently being played back on the AtomEx Player will be stopped, and its status will return to CRIATOMEXPLAYER_STATUS_STOP. Also, when the criAtomExPlayer_Start function is executed multiple

times on a single AtomEx Player, if any sound is in preparation for the playback, the status becomes CRIATOMEXPLAYER_STATUS_PREP. Only after all sounds have started to play does the status change to CRIATOMEXPLAYER_STATUS_PLAYING. Moreover, if the status of the player is CRIATOMEXPLAYER_STATUS_PLAYING and the criAtomExPlayer_Start function is executed again, the status will temporarily return to CRIATOMEXPLAYER_STATUS_PREP.

Finally, while multiple sounds are being played back, if an error occurs for one of them, the status of the player is changed to CRIATOMEXPLAYER_ STATUS_ERROR, regardless of the status of the other sounds.

If you need to track the status of a single sound started by the player, you will have to call the criAtomExPlayback_GetStatus(CriAtom ExPlaybackId id) function that will let you pass a playback ID as an argument.

This distinction between player object and playback ID is very convenient and allows us to do many interesting things programmatically. However, keep track of which one you are manipulating or you may end up with hard-to-find bugs, especially since the functions will have very similar names.

To review some of the points we have discussed in this section, here is a simple program that starts a sound and waits for it to finish playing.

CriAtomExPlayerHn player; CriAtomExVoicePoolHn voicePool; // Create a voice pool voicePool = criAtomExVoicePool_AllocateStandardVoicePool( NULL, NULL, 0); // Create a player (will automatically use that // VoicePool) player = criAtomExPlayer_Create(NULL, NULL, 0); // Specify a Cue ID (acbHn is the ACB file handle) criAtomExPlayer_SetCueId(player, acbHn, CRI_SFX_BOOM); // Start playback criAtomExPlayer_Start(player); for(;;) { CriAtomExPlayerStatus explayer_status; sleep(10);

 // Execute the server processs criAtomEx_ExecuteMain(); // Get AtomEx player status explayer_status = criAtomExPlayer_GetStatus(player); // Exit the playback loop if the status is PLAYEND if (explayer_status == CRIATOMEXPLAYER_STATUS_PLAYEND) break; } // Destroy the player criAtomExPlayer_Destroy(player); // Destroy the voice pool criAtomExVoicePool_Free(voicePool);



4.4.3 Streaming

All of the player starting/updating functions are the same regardless of the type of playback (in-memory or streaming), which is very convenient. However, there are a few things to keep in mind when streaming. In ADX2, the D-BAS module is responsible for managing the streaming buffers for the player objects. It must be initialized early (before the ACF and ACB files are loaded). For example, if you want to use the default parameters, this will suffice:

CriAtomDbasId dbas_id = criAtomDbas_Create(NULL, NULL, 0);

The streaming buffers will be divided into blocks, which D-BAS will assign as needed to the various players.

Also, during the export from the authoring tool, the audio data to be streamed will be stored in an AWB file, not in the ACB file itself. Therefore, this AWB file must be loaded. This is done very easily, by passing the path to the AWB file as an argument when we load the corresponding ACB. For example, loading the ACB file from Section 4.3.2 now becomes:

CriAtomExAcbHn acbHn = criAtomExAcb_LoadAcbFile(NULL, “C:\BestGameEver\PC\CommonSFX.acb”, NULL, “C:\BestGameEver\PC\CommonSFX.awb”, NULL, 0);

Remember also to check that the VoicePool you will use allows streaming (refer to the example in Section 4.4.1 to see how to ensure that it is indeed the case).

When streaming sounds, you can also take advantage of the preparing function:

criAtomExPlayer_Prepare(CriAtomExPlayerHn player);

It will make it possible to start a stream at the right time without any latency. This function returns a playback ID and is used instead of the criAtomExPlayer_Start function. When it is called, the resources required for the sound playback are allocated and the buffering starts, but when everything is ready, the sound is put in paused mode. The criAtomExPlayback_Pause function must then be called to actually start the playback. In-memory sounds can also make good use of criAtomExPlayer_Prepare to start many sounds simultaneously (a good alternative to the code in Section 4.4.2).

Finally, you can also provide the blocks of data to stream yourself by registering this callback:

void CRIAPI criAtomExPlayer_SetDataRequestCallback(  
    CriAtomExPlayerHn player,  
    CriAtomExPlayerDataRequestCbFunc func,  
    void *obj);

If the data is not ready yet, simply call the criAtomPlayer_DeferCallback function within the callback to retry during the next server interrupt or pass the last buffer again by calling the criAtomPlayer_SetPreviousDataAgain function.

Thanks in part to proprietary codecs, such as HCA and HCA-MX, and the use of CRI’s own file system API underneath ADX2, streaming is usually quite performant.



4.5 UPDATING SOUNDS




4.5.1 Updating Sound Parameters

Most of the time, the sounds you will be playing with ADX2 will be Cues authored in the AtomCraft tool. Their volume, pitch, send levels, or 3D positioning parameters (such as attenuation distance or cone angle) can all be set in the tool but also adjusted at runtime. Moreover, a Cue can consist of multiple Tracks, potentially containing several Waveform Regions each. Each Waveform Region has an amplitude envelope, as well as two filters: a bandpass filter (whose parameters can be inherited from the parent Track) and a biquad filter with the usual cutoff and resonance settings. This envelope and these filters can also be updated at runtime.

With ADX2, changing a parameter and applying that change are two separate actions. This allows us, for example, to prepare for changing the parameters of a player without modifying the sounds currently being played, or to adjust many parameters by calculating their internal values only once during the server process.

The following code first sets the volume of a player to 0.5f by calling the criAtomExPlayer_SetVolume function and then starts a sound. Its volume is indeed 0.5f. Then, we set the volume to another value (0.3f). The volume is not immediately changed. It will only be changed when we call the criAtomExPlayer_Update function. This function takes a playback ID as an argument, but you can also call criAtomExPlayer_ UpdateAll, which will change the parameters of all the sounds being played by that particular player object.

// Set the Volume criAtomExPlayer_SetVolume(player, 0.5f); // Start the playback with the value set to the player // (0.5f). id = criAtomExPlayer_Start(player); // Change the volume // The volume of the sounds currently playing is not // affected at this point criAtomExPlayer_SetVolume(player, 0.3f); // Apply the new volume to the sounds currently playing criAtomExPlayer_Update(player, id);

Functions similar to criAtomExPlayer_SetVolume exist for the pitch, the filter parameters, etc. If needed, the original values of the parameters can be recalled by using criAtomExPlayer_ResetParameters (CriAtomExPlayerHn player).




4.5.2 Playing 3D Sounds

3D audio positioning is activated for a player object by setting the correct pan type:

criAtomExPlayer_SetPanType(player, CRIATOMEX_PAN_TYPE_3D_POS);

ADX2 relies on sound source and listener objects to simulate the 3D positioning. They are created independently from the player and have their own update functions. Therefore, the same sound source can be associated with several players. The following code shows in detail how to make a sound source rotate around a listener.

void PlayCueWith3DPositioning(CriAtomExPlayerHn player, CriAtomExAcbHn abHn,CriAtomExCueId id) { // Set 3d positoning pan type criAtomExPlayer_SetPanType(player, CRIATOMEX_PAN_TYPE_3D_POS); // Create the listener and source objects CriAtomEx3dListenerHn listener = criAtomEx3dListener_Create(NULL, NULL, 0); CriAtomEx3dSourceHn source = criAtomEx3dSource_Create(NULL, NULL, 0); // Assign them to the AtomEx player criAtomExPlayer_Set3dListenerHn(player, listener); criAtomExPlayer_Set3dSourceHn(player, source); // Set listener initial position CriAtomExVector pos; pos.x = 0.0f; pos.y = 0.0f; pos.z = 0.0f; criAtomEx3dListener_SetPosition(listener, &pos); criAtomEx3dListener_Update(listener); // Set source initial position and distance range CriFloat32 distance = 10.0f; pos.x = distance; pos.z = 0.0f; criAtomEx3dSource_SetPosition(source, &pos); criAtomEx3dSource_SetMinMaxDistance(source,0,100); criAtomEx3dSource_Update(source); // Start playback criAtomExPlayer_SetCueId(player, acbHn, id); id = criAtomExPlayer_Start(player);

 // Make the source rotate around the listener for 10 // seconds for (CriUint16 i = 0; i < 1000; ++i) { // Wait 10 ms Sleep(10); // Execute the server process criAtomEx_ExecuteMain(); // Update the position of the source pos.x = distance * cos(6.28f * (CriFloat32)i / 1000.0f); pos.z = distance * sin(6.28f * (CriFloat32)i / 1000.0f); criAtomEx3dSource_SetPosition(source, &pos); criAtomEx3dSource_Update(source); } criAtomExPlayer_Stop(player); // Free sound source and listener objects criAtomEx3dListener_Destroy(listener); criAtomEx3dSource_Destroy(source); }



4.5.3 Controlling the Sound from the Game

In addition to simply updating a parameter, there are many ways to control sounds based on the game context with ADX2.

First, an advanced interactive sound and active controller (AISAC) is the equivalent of a real-time parameter control. One or more player parameters can be controlled by an AISAC, which can be either local to a player or global. An AISAC can also control another AISAC, and it can be used as a randomizer or as an LFO (auto modulation). AISACs can control almost any parameter of a Cue. Figure 4.5 shows a simple example where an AISAC controls the volume of the different tracks of a Cue. Here, each Track corresponds to a different layer of a river sound. The AISAC makes it possible to change the sound of the river’s flow simply by passing a value between 0.0f and 1.0f from the game to the player object, like this:
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FIGURE 4.5 Using AISAC to control the sounds from the game.

It could not be simpler!

Categories can also be used to update the parameters of whole groups of sounds at the same time. They make it possible to mute a specific type of sounds, to fade them in or out, to apply an AISAC on them, etc.

ADX2 also provides the programmer with easy ways to select the sounds to be played based on what is happening in the game using selectors and blocks.

Think about the selectors as variables that can take several predefined values (here, the selector labels). At runtime, Cues of type Switch will check the value of the selector and play only the Track that is associated with that value. The following function is used to set the value of a selector at runtime:

void CRIAPI criAtomExPlayer_SetSelectorLabel(
    CriAtomExPlayerHn player, const CriChar8 *selector,
    const CriChar8 *label);

As for blocks, they are well-suited for interactive music (as shown in Figure 4.6) but can also be used advantageously for sound effects. Indeed, they make it possible to jump between different sections of a Cue’s timeline and allow the design of complex sonic behaviors. The timing at which the block transitions can occur—as well as the rules to which they obey—can

[image: Figure 4.6 (auto full-page crop from source PDF page 93, original image was missing in conversion)]



FIGURE 4.6Using blocks for interactive music.

be set in the authoring tool. This can be overridden at runtime though, depending on the game context, with functions that force transitions:

void CRIAPI criAtomExPlayer_SetFirstBlockIndex( CriAtomExPlayerHn player, CriAtomExBlockIndex index); void CRIAPI criAtomExPlayback_SetNextBlockIndex( CriAtomExPlaybackId id, CriAtomExBlockIndex index);

Communicating in the other direction, a callback is available to synchronize the game with the block transitions if needed.



4.6 CONCLUSION

This introduction barely scratched the surface of what is possible to achieve with the ADX2 runtime. We could also have talked about the mixing features, the DSP settings for the effects, the ability to provide your own buffers on the run for procedural audio, the seamless integration with the other technologies of CRI Middleware (Softdec2 for the video encoding and FileMajik Pro for the file system), and so on.

ADX2 offers all the typical features you would expect to find in a modern audio middleware and then some. But, as we have seen, one of its main advantages is that it is an extremely coherent system that can be very easily and quickly integrated into a game project. It empowers both sound designers and programmers by providing many ways to implement an audio feature. For example, a ducking system can be entirely created by the sound designer in the authoring tool thanks to the REACT system (which will duck a category of sounds when a sound from another specific category is played, with many options). But you could also program your own ducking system from scratch using calls to criAtomExPlayer_ SetVolume or even attach a Fader object to a player that would automate fade-ins and fadeouts. This makes ADX2 very versatile and convenient to work with.
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5.1 INTRODUCTION

Whether you are a complete Wwise neophyte wanting to dive into Wwise, a long-term Wwise user looking for a refresher and tricks, or just an audio programmer looking for great ideas to enrich your in-house engine, this chapter is for you. The intent is not to cover each subject in detail (for that, Audiokinetic has provided thorough documentation), but rather to give you an overview of how you can leverage the full power from an Audiokinetic’s audio solution. When audio programmers think about Wwise, they think about the sound engine and the software development fit (SDK), but Wwise has a lot more tools to offer than just that. In this chapter, I will try to present code examples with their authoring tool counterpart. Hopefully, you will see that the Wwise authoring tool is not meant only for sound designers but for the audio programmers, too!

We will begin with the basics: creating an application that plays one sound with Wwise. Since debugging is a crucial part of any video game development, I will introduce you to different tools that Wwise has to help you debug the audio in your game. Finally, I will expose different concepts in Wwise that will allow you to understand the SDK to be able to do the best possible integration in your game engine.



5.2 FIRST STEPS IN Wwise


5.2.1 Hello Wwise

Integrating Wwise into a game can be a daunting task. Wwise has a lot of different modules: Memory Manager, Sound Engine, Music Engine, Communication, and all the plugins (built-in and third party). Each of the different modules needs to be initialized separately. That is why you are required to write a significant amount of code in order to be able to play a sound in your game. Here, I will show you how to play a sound in Wwise using the minimal setup. (Disclaimer: there is no error checking done in this code for the sake of readability.) The music engine and the communication module are optional; therefore, I will ignore those modules for now and come back to them later in the chapter.

#include <iostream>
#include <thread>// Wwise include
#include <AK/SoundEngine/Common/AkMemoryMgr.h>
#include <AK/SoundEngine/Common/AkSoundEngine.h>

#include <AK/SoundEngine/Common/AkModule.h>
#include <AK/SoundEngine/Common/IAkStreamMgr.h>
//*****
// Sample low-level I/O implementation !!!
#include <AkFilePackageLowLevelIOBlocking.h>
// To use it you need to compile
// AkDefaultIOHookBlocking.cpp
CAkDefaultIOHookBlocking g_blockingDevice;
//*****// Minimal integration of Wwise
// Please link with the follwing Wwise libs:
// AkMemoryMgr AkSoundEngine AkStreamMgr
// CommunicationCentralnamespace AK
{
  void* AllocHook(size_t s)   { return malloc(s); }
  void FreeHook(void * p)   { free(p); }
}bool InitWwise()
{
  AkMemSettings memSettings;
  memSettings.uMaxNumPools = 20;
  AK::MemoryMgr::Init(&memSettings);  AkStreamMgrSettings stmSettings;
  AK::StreamMgr::GetDefaultSettings(stmSettings);
  AK::StreamMgr::Create(stmSettings);  AkDeviceSettings deviceSettings;
  AK::StreamMgr::GetDefaultDeviceSettings
    (deviceSettings);
  g_blockingDevice.Init(deviceSettings);  // Setting the base path for your banks
  g_blockingDevice.SetBasePath(""); // Set your own!  AkInitSettings initSettings;
  AkPlatformInitSettings pfInitSettings;
  AK::SoundEngine::GetDefaultInitSettings
    (initSettings);
  AK::SoundEngine::GetDefaultPlatformInitSettings

(pfInitSettings); AK::SoundEngine::Init(&initSettings, &pfInitSettings); // Loading banks from your project AkBankID bankID; AK::SoundEngine::LoadBank(AKTEXT(“Init.bnk”), AK_DEFAULT_POOL_ID, bankID); AK::SoundEngine::LoadBank(AKTEXT(“SFX.bnk”), AK_DEFAULT_POOL_ID, bankID); return true; } void TermWwise() { // Unloading the banks AK::SoundEngine::UnloadBank(AKTEXT(“SFX.bnk”), nullptr); AK::SoundEngine::UnloadBank(AKTEXT(“Init.bnk”), nullptr); AK::SoundEngine::Term(); g_blockingDevice.Term(); if(AK::IAkStreamMgr::Get()) AK::IAkStreamMgr::Get()->Destroy(); AK::MemoryMgr::Term(); } void PlaySound() { AkGameObjectID myGameObj = 1; AK::SoundEngine::RegisterGameObj(myGameObj, “GameObj1”); AK::SoundEngine::PostEvent(AKTEXT(“Play_SFX_1”), myGameObj); AK::SoundEngine::UnregisterGameObj(myGameObj); }

void GameMainLoop() { int frameCount = 0; while (frameCount++ < 300) // Run 300 frames and exit { auto time = std::chrono::milliseconds(30); std::this_thread::sleep_for(time); AK::SoundEngine::RenderAudio(); } } int main(int argc, const char * argv[]) { if(InitWwise()) { PlaySound(); GameMainLoop(); } TermWwise(); return 0; }

The small program is broken into four different functions: initialization, sound trigger, game loop, and termination. Let’s go over them in detail.

The InitWwise() function is where we initialize the different modules. Each module has initialization settings that can be customized depending on your needs. It is important that the modules are initialized in the right order because of dependencies between the modules: memory manager, streaming manager, steaming device creation, and finally the sound engine. When all that is done, we load the banks: Init.bnk and the SFX.bnk bank using AK::SoundEngine::LoadBank(). The Init.bnk file is the bank associated with your Wwise project and must be the first bank to be loaded. In the next section, you will learn how to create the Init.bnk and the SFX.bnk files using the Wwise authoring tool.

In the PlaySound() function, we are simply registering a game object and posting the Play_SFX_1 event on it. Since the event is a 2D event and we don’t need to worry about 3D position, we can unregister the game object right away. However, keep in mind that in a real-life scenario, we

would generally keep the game object registered until the sound finishes playing and only then unregister it.

In the function GameMainLoop(), we basically fake a game loop; the game loop is generally where you tick each of your game actors, which makes it the most logical place to call AK::SoundEngine::RenderAudio(). This function sends a signal to the audio thread, telling it to process another audio frame. Before processing the audio samples for the current frame, the audio thread process all the messages sent since the last update: play events, game object positions, as well as other types of messages we will see later.

Finally, in the function TermWwise(), we unload the banks and we unregister the different modules in the opposite order in which they were initialized.

In order to build this example, you will need to compile CAkDefaultIOHookBlocking.cpp, which is part of the Wwise sample code. (We will come back to the IO Hook in Section 5.8.) Also, you will need to link with the following Wwise static libraries: AkMemoryMgr, AkSoundEngine, AkStreamMgr, and CommunicationCentral if you are using debug or profile configuration.



5.2.2 Hello Wwise Authoring Tool

There is still one more thing we need to do in order to be able to hear sounds from our computer speaker: we need to generate the Init.bnk and the SFX.bnk. In order to do that, we need to create a Wwise project with the authoring tool. Open the Wwise executable and create a new project. In your new project, open the “Audio File Importer” (Figure 5.1) by clicking on Project menu and then Import Audio File… option. Import a wav file
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FIGURE 5.1 Audio File Importer.
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FIGURE 5.2 Actor-Mixer Hierarchy.into your project (any wav file on your computer will do). This will create a Sound SFX object in your Actor-Mixer hierarchy (Figure 5.2). In order to be able to play this event in from the sample code, we need to create an event.

On your newly created Sound SFX, open the contextual menu by right clicking on the object and select New Event and then Play. You just created a new event referencing your Sound SFX object. This event should be named Play_SFX_1.

Next, we need to create the soundbank. In the Soundbank tab of your Wwise Project Explorer view (Figure 5.3), right-click on the Default Work Unit and create a new soundbank named SFX. From there, double click on your newly created SFX soundbank to open the SoundBank editor (Figure 5.4) and drag the Play_SFX_1 event into your bank.

Now that all the data is ready, we can generate the banks. In order to do that, press F7 or open the Layout menu and select SoundBank. In the SoundBank Manager view, select all soundbanks, all platforms, and click on the Generate button. This should have created the SFX bank
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FIGURE 5.3 Project Explorer.[image: ]

and the Init bank inside a folder named GeneratedFolder/[YourPlatform], where your Wwise project is located. Please note that you might need set g_blockingDevice.SetBasePath() to point to the location where you generated the soundbanks.

From this point, you should be able to build and run the sample code. However, as you might have experienced as a programmer, things rarely work the first time. As an exercise, I invite you to add error checking when Wwise is initialized and terminated so you can debug more easily.




5.3 DEBUGGING IN Wwise



5.3.1 Wwise Profiler Introduction

So now that we can play a sound using Wwise, we can introduce one of the most powerful and underestimated tool in Wwise: the profiler. Hold on, have you been able to play any sound successfully using the provided sample code? If not, continue reading—it might be helpful to you!

As an audio programmer, you know that debugging audio is not easy. Putting breakpoints in the code will work, but when a breakpoint is hit, the audio is not playing anymore. You need other ways to let you observe the audio activity in your game without disrupting the normal flow. For that, there is the Wwise profiler. Let’s build on the sample code we have shown in the previous section and add the code necessary to be able to profile our sample application with Wwise.

#include <AK/Comm/AkCommunication.h> int main(int argc, const char * argv[]) {

FIGURE 5.4 SoundBank editor.

 if(InitWwise()) { AkCommSettings commSettings; AK::Comm::GetDefaultInitSettings(commSettings); AK::Comm::Init(commSettings); // Gives you 5 seconds to connect // before the sounds start auto time = std::chrono::seconds(5); std::this_thread::sleep_for(time); PlaySound(); GameMainLoop(); AK::Comm::Term(); } TermWwise(); return 0; }

To build the executable properly, you will need to link with CommunicationCentral library. Noticeably, initializing and terminating the communication with Wwise is quite trivial. On the other hand, trying to Connect to Game before the solitary sample event is triggered might be a really challenging task. For this reason, I have added a sleep statement to leave some time to connect before the sound is started. You do need make sure you strip the communication module from your shipping build and, again, this code does no error checking for sake of readability.

Once the application is running and communication has been initialized, the application can be profiled with Wwise. On the Wwise toolbar, click on the Remote button; this will show you all the applications running Wwise on your subnet. In the Remote Connection view, you should be able to find your application (if it is running).

Once you are connected, you can switch to the Profiler layout by pressing F6, or click on the Layouts menu and select Profiler (Figure 5.5).

The profiler layout is the audio programmer’s best friend in Wwise. The Capture Log will show various information from the sound engine. There will be a lot of information in the window while you are in the process of debugging your game, but you can always filter out the information you
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FIGURE 5.5 Wwise Profiler.

don’t need using the filter pane. One really useful feature is that you can post your own message from the game code to the Capture Log by using the function AK::Monitor::PostString().

The Performance Monitor allows you to see the performance on the sound engine graphically in real time when connected to the game. This view will become really useful when it will be time to optimize your game. In this window, you can see the number of active streams, audio thread CPU usage, memory used by the audio media, etc. In fact, you can customize what is shown in the Performance Monitor by clicking on the square icon on the top of the window.

The last view in the Profiler Layout is the Advance Profiler. Each tab basically represents a snapshot of audio activity from a different perspective at a particular time. For example, the Voice Graph tab will show all of the mixing graph at time x , whereas the Memory tab will show a breakdown of the memory usage at time x . In order to see a different snapshot for time x or time x′ , you simply need to move the time cursor in the Performance Monitor, or activate the Follow Capture option to see the information in real time. Like the Performance Monitor, you can customize the tabs you are seeing in the Advance Profiler by clicking on the square icon on the top of the window.




5.3.2 Using the Wwise Profiler

As an audio programmer, one of the sentences you hear the most often is probably: “I have integrated sound XYZ and it doesn’t play in the game. Can you please debug it?” You can guess that with the Wwise profiler layout, you are well equipped to accomplish this task. Let’s see how this would be done in practice. Before starting to debug, we must grab some information from the game. With the Wwise profiler connected to the game, we need to reproduce the scenario where the sound is missing. When this is done, you can disconnect Wwise from the game.

Now that our Capture Log is full of information to analyze, the first step would be to find the event in the Capture Log. In order to do that, you can type the name of your sound event in the filter and try to find it in the Capture Log. If you don’t find the event in the Capture Log, then the sound engine never received the event so the problem is probably in the game code. If you do find the event, then we need to investigate further to know what is happening.

To begin, shift-click on the event you are trying to debug in the Capture Log; this will move the time cursor of the Performance Monitor but also update the Advance Profiler with the right time. Once this is done, you need to identify the source of the problem. The first thing to look at is errors in the Capture Logs—maybe a bank failed to load, or we are running out of memory. If there are no apparent errors, then we need to continue with the Voice-Graph—maybe the sound is playing but its volume is really low. At this point, the source of the problem could fork into hundreds of other possibilities. The idea here was to show that the Wwise Profiler is a powerful debugging tool to use in conjunction with other tools such as a debugger and performance profiler.

On top of that, I would like to point out that the Wwise Profiler is also accessible to the sound designers. This means they can try to debug the issue first themselves. If they are not able to solve the issue or understand the problem, then they can request help from an audio programmer. Since the profiler sessions are stored on disk at root of the Wwise project folder, they can bring their profiling session to someone else for help. The profiling session can be reloaded later from the remote button in Wwise; instead of connecting to IP, you have to select connect to file. This can be particularly useful when you want to debug things remotely or debug issues that are difficult to reproduce. Hopefully, now you understand why I claim that the Wwise Profiler is one of the most powerful and underestimated features of Wwise.






5.4 TRIGGERING AUDIO IN YOUR GAME




5.4.1 Events

Wwise events are what allow your game to interface with the sound engine. An event is a set of actions. There are many actions available, including play, post event, stop, pause, mute, set bus volume, set voice volume, set voice pitch, set switch, bypass effect, seek trigger, and set game parameter. The actions can be of global scope or game object scope. For example, you can request a stop action for a sound sfx object. If the scope is global, all the instances of the sound will be stopped. Calling events from code is rather simple—just call AK::SoundEngine::PostEvent() with the right event and game object. The function returns a playing ID and can be used to target a particular playing event. It could become really useful if one particular game object plays multiple instances of the same sound. This way, you can target a stop action to one particular playing instance rather than the game object.



5.4.2 Soundbanks, Memory, and Streams

As you might recall in the sample code from the first section of this chapter, we have created a soundbank called SFX.bnk. Is this example, we have chosen to include the events, structures, and media inside the same bank (Figure 5.4); but it doesn’t have to be this way.

First, let’s explain what is serialized into a soundbank. Events consist of the event names contained in your bank. The structures are the objects and buses defined in the actor-mixer hierarchy and the master-mixer hierarchy. Finally, the media is the compressed audio data that will actually be played. The biggest chunk of data is obviously the media!

You can choose to always include events, structure, and media in your banks. This is the simplest strategy. However, there are other strategies available to you. We could have chosen not to include the media in our SFX bank. In that case, the media file would have been copied to the generated soundbank folder by the CopyStreamedFiles.exe of the postgeneration step (accessible in the project settings of Wwise). In this case, you have to call AK::SoundEngine::PrepareEvent() to load and unload the media associated with the event. With this strategy, you can keep the events and structure in memory and load and unload the media on-demand, which will be optimal on the memory but will result in more file access.

Additionally, you can use AK::SoundEngine::PrepareBank() to benefit from this mechanism without having to tell your sound designer to create the banks a certain way. Furthermore, you can push this dynamic loading concept to be used with the media associated with the game syncs with AK::SoundEngine::PrepareGameSyncs().

You can also stream the file from your hard drive or optical media. For that, the sound designer has set the file as a stream in the sound property editor of Wwise. They can also activate the zero latency for putting the beginning of the file in memory or make the stream noncacheable. Note that in order to use the cache option, you need to activate bUseStreamCache on AkDeviceSettings when initializing the streaming device.

When generating the banks in Wwise, the media files will also be copied in the generated folder as loose files for access by the streaming device; this is done by the CopyStreamedFiles.exe of the postgeneration step (exactly like for the prepare event case).




5.5 GAME SYNCS (STATES, SWITCHES, AND GAME PARAMETERS)



There are four types of game syncs in Wwise: States, Switches, Game Parameter, and Triggers. As we have seen in the previous section, these can be set using event actions. However, it might become cumbersome to use only event actions, especially for the case of game parameters. Figure 5.6 shows the Project Explorer with a number of game syncs.


5.5.1 States and Switches

States and switches are quite similar to C++ enumerations: they represent a list of named values. AK::SoundEngine::SetState() and AK::SoundEngine::SetSwitch() can be used to set values directly in code rather than using Wwise events. You might wonder what the difference is between a state and a switch. If you look closely at the function signature to set them, you will realize that AK::SoundEngine::SetSwitch() takes a game object ID for one of its parameters. This means that the switch scope is the game object, whereas the state has a global scope.

In the authoring tool, the switch is used with the switch container. A typical usage of the switch container would be for impact sounds with different materials. For example, you could have a footstep impact sound on the floor. The switch container will be used to create different variations depending on the surface your character is walking on. Although you can use a state with the switch container, this will not work with the footstep
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example, unless you only have one character in your game. It is important that you and your sound designers understand when it is appropriate to use a switch or a state.




5.5.2 Game Parameters

Game parameters are meant to be used with Real-Time Parameter Controls (RTPCs). In Wwise, any RTPC can be assigned to a game sync parameter. For example, in Figure 5.7, the voice pitch RTPC of SFX_1 is assigned to the game sync parameter Player_Speed. In the code, we can set the game parameter at global scope, game object scope, or playing ID scope.

// Setting game parameter for all object in game AK::SoundEngine::SetRTPCValue( AKTEXT(“Player_Speed”), 50); // Setting game parameter for one game object AkGameObjectID myGO = 2; AK::SoundEngine::SetRTPCValue( AKTEXT(“Player_Speed”), 50, myGO);

FIGURE 5.6 Game syncs.
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// Setting game parameter for the playing id AkPlayingID pid = AK_INVALID_PLAYING_ID; pid = AK::SoundEngine::PostEvent( AKTEXT(“Play_SFX_1”), myGO) AK::SoundEngine::SetRTPCValueByPlayingID( AKTEXT(“Player_Speed”), 50, pid);

Another interesting neat trick to know is that you can tell the function AK::SoundEngine::SetRTPCValue() to interpolate to a value over a period of time. The fourth parameter of the function represents the time in milliseconds to ramp to the new value. Instead of doing the interpolation yourself in the game code, you can let Wwise do it for you. Here is an example of how you could do it in the code:

// Set the value to 0 and then interpolate to 50 over // a period of 1000 ms AkGameObjectID myGO = 2; AK::SoundEngine::SetRTPCValue( AKTEXT(“Player_Speed”), 0, myGO);

FIGURE 5.7 RTPC.



AK::SoundEngine::SetRTPCValue(  
    AKTEXT("Player_Speed"), 50, myGO, 1000);

On the top of that, Audiokinetic has exposed a bunch of different interpolation curves as the fifth parameter of the function. The default is linear interpolation, but you also have access to other curves.

In the game parameter property editor of the authoring tool, sound designers also have access to interpolation settings. It is important to understand that it is another layer of interpolation; you have to agree with the sound designer for where you want the interpolation to be applied: using code or the Wwise authoring tool. For complex scenarios, doing the interpolation in code will tend to be more flexible. As a programmer, you can always decide to bypass the interpolation set by the sound designer. AK::SoundEngine::SetRTPCValue() allows you to do that. This might be useful especially at initializing time: generally, you want the game parameter to be set to the value right away without any interpolation.

Game parameters can be debugged in-game using the game sync monitor. This view can be found in the Game Object Profiler of Wwise.



5.6 3D AUDIO




5.6.1 Listeners and Game Objects

If a tree falls in a forest and no one is around to hear it, does it make a sound? We are not here to talk about the perception of the reality, but to model 3D audio we need to have a listener and an emitter for a sound to exist! In Wwise, there can be up to eight active listeners. Why so many? Having different listeners might be useful in the context of split-screen video game, or the feature can also be used for platforms that have controllers with embedded speakers. There are other reasons to use more than one listener in your game. For example, in a third-person game you might want to have some sounds playing out from the main character’s perspective whereas other sounds would play out of the camera’s perspective.

As an audio programmer, you are responsible for updating the position of the listener with the function AK::SoundEngine::SetListenerPosition() and also for game objects with the function AK::SoundEngine::SetPosition(). For certain special cases, you could choose not to activate spatialization on a listener. When you do that, all the attenuation curves are ignored. For a implementation details, you can refer to a document of

the function AK::SoundEngine::SetListenerSpatialization(). For a game object, if you only need to play 2D sounds, you don’t need to update its position.

Once you have integrated 3D sound in your game, you can verify your implementation by using the Game Object profiler. In order to do that, simply connect to your game (like in the previous section) then switch to the Game Object Profiler by pressing F12 or using the Layout menu. This profiler renders your game objects and listeners in a 3D world.

For the authoring tool counterpart, the Attenuation Editor (Figure 5.8) is where the sound designer will set the attenuation curves based on the distance. There are a lot of curves accessible to the sound designers: bus volume, auxiliary send volume (user defined and game defined), low-pass, high-pass, spread, and focus. There is also the cone attenuation with which you can affect the sound for when the listener is the region behind the emitter. For that to work properly, make sure you normalize the orientation vector when setting the game object and listener position.
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FIGURE 5.8 Attenuation Editor.





5.6.2 Obstruction and Occlusion

Obstruction and occlusion are definitely features that can improve player immersion. When there are obstacles between the emitter and the listener, the sound will be affected: as a result, the sound will probably be quieter and have less low-frequency content. On the other hand, if the sound emitter is placed in a different room from the listener without any direct path, the sound will be occluded. In this scenario, the sound will lose some of its high-frequency content and will be attenuated.

In other words, this means that we can model this phenomenon using a low-pass filter, a high-pass filter, and volume attenuation, which is exactly how Audiokinetic models occlusion and obstruction. As a programmer, you need to call AK::SoundEngine::SetObjectObstructionAndOcclusion() per game object and listener pair. However, you are not setting the value of the filters or volume yourself. Rather, you set an occlusion and obstruction factor in the range of 0 to 100.

In the project settings of Wwise, you can access the occlusion and obstruction curves (Figure 5.9). To access it, open the project settings from the project menu or simply type Shift + K, then navigate to the Obstruction/Occlusion tab. As you can see in Figure 5.9, the occlusion factor will be mapped to the curves drawn in this window. The settings are global for the whole project; if this does not suit your need, you can also decide to implement obstruction and occlusion by binding the built-in parameter occlusion and obstruction to one of your game parameter (done in the property window of the game parameter). It is also noteworthy that the advanced profiler has a tab called Obs/Ocl that lets you profile the occlusion and obstruction factor for each game object.

How you calculate the occlusion factor is up to you. Many different techniques exist that allow you to do that, and each technique has its own advantages and drawbacks. Some people pregenerate a sound propagation map by using game geometry, others use line checks, and there are others who use a combination of both.



5.6.3 Dynamic Game Reverb

In Wwise, the game reverbs are implemented using an auxiliary bus. The concept of an auxiliary bus or, if you like, a send channel, is known by every audio mixing engineer. Let’s go through a brief explanation of how auxiliary channels work on a mixing board.

There are generally one or more auxiliary channels on a mixing board. The channel has an FX loop that lets the signal out to an external reverb
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module and loop back into the mixing board from the output of the effect module. Each instrument channel on the mixing board has a send knob in order to send the dry signal of the instrument channel to the auxiliary channel. The auxiliary channel will mix all the signals from the instrument channels and send that to the reverb effect on the FX loop. This is exactly how you can conceptualize the auxiliary bus in Wwise.

As a programmer, your responsibility is to assign each game object to one or multiple auxiliary buses. You are also responsible for the amount of signal you send to the different auxiliary bus channels. This is done with the function AK::SoundEngine::SetGameObjectAuxSendValues(). Each game object can send up to four different auxiliary buses, but there is no limit on the total number of auxiliary buses. For example, one game object can send its signal to four auxiliary buses whereas another game object can send its signal to four different auxiliary buses.

FIGURE 5.9 Obstruction and occlusion settings.

You will need to discuss with the sound designers to know how to integrate this feature into your game. Most of the time, an auxiliary bus will represent a room in the game, so your sound designers need to be able to define reverb zones in the game editor. These reverb zones will hold the auxiliary bus name and possibly other settings. Although this description sounds simple, it is only the start. You might need to implement interpolation if your game object can travel from one zone to another. Moreover, you might need to build a sound propagation system if you want to cover more than one reverb zone for one game object.

In the Wwise project, you have to activate the game-defined auxiliary sends (Figures 5.10 and 5.11) on the sounds you want to have game reverb
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FIGURE 5.10 Aux bus.
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FIGURE 5.11 Game-defined and user-defined auxiliary sends.

on. It is interesting to know that we can also have four user-defined auxiliary sends. They work exactly like the game-defined auxiliary sends in terms of signal routing, but the user-defined sends are not dynamic. Finally, the amount of signal you route to the auxiliary bus (game defined or user defined) can be affected by the attenuation curve (Figure 5.8). This might sound like a small detail although it might influence the way you set the values when you call AK::SoundEngine::SetGameObjectAuxSendValues(). In other words, with the attenuation curve, the sound designer has control over how much dry signal gets into the auxiliary bus based on distance.




5.7 INTERACTIVE MUSIC



5.7.1 Working with the Interactive Music System

The Wwise interactive music system is a powerful but really complex beast, although much of the complexity lies in the Wwise authoring tool. On the programming side, interactive music is done using events, switches, states, game parameters, and triggers. Most of what you need to know as an audio programmer to be able to support interactive music has already been covered in the previous sections of this chapter. The only remaining part is the initialization and termination of the music engine. As you will see in the following snippet, it is quite straightforward.

// Initialize the music engine AkMusicSettings musicInit; AK::MusicEngine::GetDefaultInitSettings(musicInit); AK::MusicEngine::Init(&musicInit); // Terminate the music engine AK::MusicEngine::Term();

Wwise also provides a callback system to receive beats and bar notifications as well as other music-related notifications. These callbacks can be useful if you are doing a music game or you simply want some aspect of your game to be synchronized to the music.



5.7.2 Debugging the Interactive Music

One day, once the music is integrated in your game, the music composer or sound designer responsible for integrating the music will come to you and say that the wrong music is playing whenever the main character “Bobo” is in combat with the boss of level 4: “Big Bad Monsta.” Believe me, that day

will come! You will start verifying that all the switches are set correctly and the right event is being played, but you won’t be able to find any error—everything is set properly. Music can be really complex; you can define crazy rules for transitions in between your music segments, and there is a good chance that the sound designer got confused between “Big Bad Monsta” and “Really Big Bad Final Boss.” So how do you solve the issue? This is the time to test in Wwise, not in the game. There are two ways for you to do this: using the Transport or using the Soundcaster. While you can do a lot of things with Transport, it has a huge limitation: it can only play one event.

The Soundcaster is basically the Wwise Transport on steroids (Figure 5.12). With the Soundcaster, you can play multiple sounds simultaneously, but you also have easy access to all your game syncs. Whether you choose the transport or the Soundcaster, the idea is to determine if the bug is caused by a bug in game code or in the transition logic of the interactive music in the project.

Another neat trick to know is that you can profile the internal sound engine of the Wwise authoring tool. To do that, click on the start capture button without being connected. The interactive music system posts a huge amount of information to the Capture Log about music transitions, so this can be useful to know. Once you show that to your sound designers, there is a good chance that you won’t hear about music transition bugs ever—or at least, you will be hearing about them less frequently.
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FIGURE 5.12 Soundcaster.





5.8 IMPLEMENTING FILE I/O



If you recall the sample code at the beginning of the chapter, we had to include a file, AkFilePackageLowLevelIOBlocking.h, and compile AkDefaultIOHookBlocking.cpp. The files are provided as sample code from Audiokinetic for how you load soundbanks and stream audio files. The class CAkDefaultIOHookBlocking only implements blocking I/O. There is another sample provided in the Wwise SDK that shows how to do asynchronous file I/O: AkDefaultIOHookDeferred.h and AkDefaultIOHookDeferred.cpp.

In order to be a good citizen, Wwise audio engine I/O requests need to be routed through your game’s I/O manager. This way, audio file I/O requests will be processed with all the other media requests of your game like any other data. We won’t go into the details of implementing file I/O, because one chapter could have been written solely on this subject. Keep in mind that this subject is complex and that you will need to tackle it. Wwise has plenty of documentation and a good support team if you need help. If there are system or engine programmers on your team, it is definitely the kind of task you want to discuss with them.



5.9 CONCLUSION



There are many other features I would have liked to cover: writing plug-ins, virtual voices, HDR, compression settings, dynamic mixing, localization, dynamic dialog events, soundframe, motion. The list could probably go on. Hopefully, this chapter will encourage you to dig further into Wwise, because a whole book could be written on this very subject. If there is only one thing you need to remember from this chapter, it is the following: knowing the Wwise SDK is important for an audio programmer, but it is even more important to know Wwise as a whole: Authoring tool + SDK. You don’t want to work on a sound feature request for a week and then realize that it could have been done in a day using Wwise’s built-in features. Now, it is your turn to play with Wwise: learn, experiment, and have fun!
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6.1 INTRODUCTION

I have been using FMOD for a very long time. Two major rewrites have been released since I first tried it out in 2001, along with countless minor revisions. The thing that struck me about FMOD when I first started using it was how easy it all was: initialize the API, load a file in just about any format under the sun, and play it. Even back then, this ease of use struck me as profound. FMOD has always had an elegant and easy-to-use API that offers a huge degree of control and flexibility to both sound designers and to audio programmers.

In this chapter, we’ll be going over FMOD’s history and inner workings, then we’ll talk about how to use its API to accomplish many of the fundamental tasks that you’ll be doing from day to day. Finally, we’ll delve into one or two advanced topics. We won’t be going into any details on using the FMOD Studio tool—FMOD has a wealth of documentation available for that.



6.2 A BRIEF HISTORY OF FMOD

FMOD is one of the oldest commercial audio engines on the market. Its first public release was March 6, 1995, as the Firelight MOD player. At the time, it was just a program designed to play MOD files and their relatives (XMs, S3Ms, ITs, etc.)—it didn’t even have a library! In March 1999, FMOD version 2.13b included a programmers API for the first time, and FMOD version 3.0 was released in December of that same year.

Up through version 3.75, FMOD was provided as just a library for playing sounds. However, with the advent of FMOD 4.0 (also called FMOD Ex), it came with an editor tool, which you can see in Figure 6.1. Finally, in February 2013, FMOD underwent a full rewrite (and reversioning) to
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FIGURE 6.1FMOD Ex Designer tool.
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FIGURE 6.2 FMOD Studio tool.

become FMOD Studio version 1.0. The FMOD Studio tool is shown in Figure 6.2. This chapter covers the FMOD Studio API.


6.3 HOW FMOD WORKS



FMOD contains two libraries: a low-level API and a tool API (known as the Studio API). This separation is important, because the Studio API is actually built on top of the low-level API; this means there is nothing that the Studio API can do that you cannot do yourself using the low-level API. Importantly, the Studio API provides hooks into its own low-level implementation. Once you have these hooks, you can start to manipulate or query the internals of the working system in ways that the designers never imagined.


6.3.1 Low-Level API

FMOD’s low-level API is responsible for all of the fine details of playing back sound. With a relatively simple set of interfaces, you can load sounds (either individual files or packages called FMOD sound banks [FSBs]), play them, and manipulate them. The low-level engine supports 3D panning, DSP effects using a powerful DSP graph engine (which we’ll talk more about later), submixing, reverb, geometry calculations, and a wealth of other features.



6.3.2 Studio API

Whereas the low-level API can operate on individual files in just about any compression format, the Studio API is solely concerned with operating on the output of the FMOD Studio tool—Bank files. Banks contain all of the metadata describing Events along with all of the actual audio data.

The Studio API is quite simple to use, and on the surface, more limited in what you can do than the low-level API. On the one hand, the FMOD Studio tool itself allows the sound designers to be very expressive, so the number of operations that you as the audio programmer will need to do are relatively limited. However, the real power of Studio API is that, if you need to, you can always drop down into the low-level API and manipulate the internals.



6.3.3 FMOD Studio Internals

At its core, FMOD is a graph-based DSP engine. At the very end of the graph is a DSP that outputs to the sound card. Connected to that are one or more DSPs that generate sound (possibly by reading a file), mix sounds
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FIGURE 6.3 A simple DSP graph.together, or manipulate incoming sound data. All of the inputs to each DSP are mixed together before being processed by the DSP. For more advanced use cases, there are alternate inputs (side chain, Send/Return, and Send/Return side chain) that are not audible, but which are available as inputs to the DSP.

You can visualize this DSP graph using the FMOD Profiler tool, which is distributed with the Programmer’s API. Figure 6.3 demonstrates a simple audio flow. The audio data flows right to left, and each block is a DSP unit in a DSP chain. The dotted line indicates a logical unit—in Figure 6.3, the right-hand group of two is a Channel and the left-hand group of one is a ChannelGroup. We’ll come back to these constructs later in the chapter. A far more complex diagram is shown in Figure 6.4, where we see multiple Channels and ChannelGroups all playing and mixing together in more complicated ways. With practice, these graphs become easy to read.



6.4 API PREAMBLE

FMOD takes great care to separate out the low-level and Studio APIs from each other—when you install the API, they are placed into different folders. As you may expect, the Studio API depends on the low-level API. We’ll cover each API separately.

Despite their separation, there are a couple of common aspects to both APIs:


	• All of FMOD operates on C++ objects (there is a C API and a C# API, but they end up being wrappers around the C++ API). You get these objects by passing to an FMOD function a pointer to a pointer to an FMOD Object; FMOD then allocates the object and fills the pointer with a handle to that object. It is important to note that this handle is not a real pointer. Rather, it is a handle value that FMOD’s internals know how to convert into a real object.

	• All FMOD functions return an FMOD_RESULT enum. In many cases, it is important to check the return code against FMOD_OK, because the particular code will tell you what happened. When trying to deal
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FIGURE 6.4A mildly complex DSP graph.

with the common “this sound isn’t playing” problem, one of the first things to look for is errors being returned from important functions. In this chapter, we won’t be doing any error checking for brevity’s sake, but that will not absolve you, the reader, from doing so in your own code.





6.5 USING THE LOW-LEVEL API

In this section, we’ll go through the basic terminology and objects, then we’ll write a program that plays a sound, creates a submix, applies a DSP effect (including reverb), and moves the sound in 3D. Let’s get started!



6.5.1 Terminology

There are five fundamental objects in the low-level API:


	• System—The base object that owns everything. It is responsible for creating the threads, controlling the sound card, and creating all of the other objects on this list.

	• Sound—Wave data. Usually, it’s loaded from a file on disk, but it can be streamed from the Internet, read from memory, or read from within a larger package file. For streamed sounds, the Sound object also holds the file read pointer. We’ll discuss samples and streams in a moment.

	• Channel—A playing Sound. You create a bank of Channels up front when you initialize the System object, and then the System doles them out as Sounds are played in your game.

	• ChannelGroup—A submix point. ChannelGroups can be used to implement Buses, but they’re also used by the Studio API as control points for Events and tracks within Events.

	• DSP—The fundamental unit of the internal mixer. Underneath the hood, everything is implemented as a DSP. However, DSPs also surface as a way to either generate audio (such as a tone generator) or as a way to manipulate audio (such as a low-pass filter).





6.5.1.1 Sample/Stream Terminology and Consequences

There are three ways to load a sound in FMOD: as a Sample, as a Compressed Sample, or as a Stream. The only thing that you have to do in order to

select a mode is to pass a different flag into System::createSound(). However, there are a number of important differences between the modes to bear in mind:


	• Sample—FMOD will decompress the contents of the file into memory and store the data as raw PCM. This has the advantage of being lower CPU at runtime, but has the added memory cost of the decompressed file, which can be 6 − 10× the size of the file on disk, as well as an added performance cost at load time, because it has to decompress the file.

	• Compressed Sample—FMOD will load the file into memory in its compressed state, and then decompress it on the fly in the mixer thread. This has the advantage that the memory usage is almost exactly the size as it is on disk, but is more expensive to decompress at runtime. Also, only a subset of the supported formats will work as compressed samples. Specifically, as of this writing: MP2, MP3, IMAADPCM, FSB-encoded Vorbis (without the Ogg wrapper), AT9 (a PlayStation-exclusive format), or XMA (an Xbox-exclusive format).

	• Stream—FMOD will read chunks of the file at a time off of the disk, keeping only a relatively small buffer for audio data. This is advantageous for larger files, but it is a waste for smaller files. The one thing to be aware of with streams is that the Sound object actually stores the file read pointer. This means that you can only play a streamed sound once per Sound object (although you can have multiple Sound streams pointing to the same file). If you try to play it again while it is already playing, then the new Channel will start from the beginning of the file and the old Channel will be stopped. If you want to play a Stream on top of itself, you must open another Sound for the same file using System::createSound(), and then play that. Samples and Compressed Samples do not have this restriction.




6.5.2 Playing a Sound

At last, we have discussed the fundamentals, and now it’s time to play a sound! The root object in the FMOD world is the System object. It is the

object that controls and owns everything. The first thing you will need to do in any FMOD implementation is to create one and initialize it:

#include “fmod.hpp” FMOD::System* pSystem = nullptr; FMOD::System_Create(&pSystem); pSystem->init(128, FMOD_INIT_NORMAL, nullptr); // … // When you’re ready to shut down… pSystem->release();

The first parameter to System::init() is the maximum number of Channels to create. This value will be your engine’s maximum polyphony; the only cost to making it big is memory, so if you can spare the memory, it’s worthwhile to make the value much bigger than you would ordinarily expect your maximum polyphony to be. This will allow for brief spikes in the number of playing channels. After that come flags, which are documented in FMOD’s help (and are outside the scope of this chapter), followed by platform-specific structures that may need to be passed in that control driver-specific behavior. In this example, we’re just passing in nullptr.

Now that we have a System object, we can use it to load an audio file from disk. The list of file formats that FMOD supports is gigantic, so just about any audio file that you can think of will likely work.

FMOD::Sound* pSound = nullptr; pSystem->createSound( R”(c:.ogg)“, FMOD_DEFAULT, nullptr, &pSound) // … // When you’re finished with the sound… pSound->release(); // frees up the memory

This code will create a Sound object, load sound.ogg from the disk, and decompress it into memory. The first parameter is the path to the file (note that we’re using C++11 raw string literals to avoid having to escape the backslashes). After that comes a set of flags, then a pointer to a FMOD_CREATESOUNDEXINFO structure, which is used to control advanced settings. Finally, we pass in the address of our Sound variable, which gets filled in.

We are now ready to play the sound! Let’s see what that looks like:

FMOD::Channel* pChannel = nullptr; pSystem->playSound(pSound, nullptr, false, &pChannel);

That’s downright trivial! The first and last parameters are the Sound to play, and the Channel pointer to fill. The second parameter is a default ChannelGroup to assign to (which defaults to the Master ChannelGroup). We’ll discuss ChannelGroups more in the next section. The third parameter is whether to start the Channel in a paused state. This is particularly useful so that you can set properties of the Channel, such as its volume, 3D position, pan, pitch, cone settings, and seek point, before it is actually played. A very common pattern is to pass true for this flag in the System::playSound() call, set a bunch of parameters, and then call pChannel->setPaused(false).

You do not need to release a Channel object. It lives in the pool that the System object created. If you run out of Channels, then the system will steal a low-priority Channel, and you will get a callback indicating that this has happened. You can, of course, control this behavior in very fine detail if you wish.

The last piece of the puzzle is to wait until the sound is finished playing before shutting everything down:

bool bIsPlaying = true; while(bIsPlaying) { pChannel->isPlaying(&bIsPlaying); pSystem->update(); Sleep(10); } // release() the Sound and System objects here, as // shown above




6.5.2.1 Updating the System

What’s with the pSystem->update() call in that loop? Won’t FMOD play audio without needing to update it every frame? Yes, it does; the mixer runs on an independent thread. The System::update() call serves a number of purposes, but the important ones are as follows:


	Updates virtual voices and 3D positioning of sounds. These features will appear to succeed but will not have any effect if you don’t call System::update().

	Nonblocking loads will never appear to finish loading if you don’t call System::update().

	Callbacks are triggered from the System::update() call.





6.5.3 Creating Submixes with ChannelGroups

A ChannelGroup is simply a point on the DSP graph where zero or more Channels and other ChannelGroups mix their audio data together. The ChannelGroup can adjust the volume, panning, 3D position, and other properties, and can also act as a point to attach DSP effects. We’ll see how to attach DSPs in the next section. For now, let’s see how to create a simple bus hierarchy using ChannelGroups.

We’ll create a Music bus and an Sfx bus, and then a Footsteps bus as a child of the Sfx bus. There is also a Master ChannelGroup in the System object that can be queried using System::getMasterChannelGroup().

// Declare the ChannelGroup objects FMOD::ChannelGroup* pSfxChannelGroup = nullptr; FMOD::ChannelGroup* pFootChannelGroup = nullptr; FMOD::ChannelGroup* pMusicChannelGroup = nullptr; // Create the ChannelGroups pSystem->createChannelGroup(“Sfx”, &pSfxChannelGroup); pSystem->createChannelGroup(“Footsteps”, &pFootChannelGroup); pSystem->createChannelGroup(“Music”, &pMusicChannelGroup); // Assign the Footseps bus to be a child of the Sfx bus pSfxChannelGroup->addGroup(pFootChannelGroup);

Now, we can assign our Channel to a ChannelGroup in one of two ways: either when it’s played, or by assigning it at runtime.

// To assign the ChannelGroup when the Sound is // initially played pSystem->playSound(pSound, pFootChannelGroup, false, &pChannel); // To assign the ChannelGroup at runtime pChannel->setChannelGroup(pMusicChannelGroup);

Now, we have a lot of control. In our example, we can set the volume of the Sfx bus, and it will adjust the volume of every Channel being played under the Sfx bus and all of its child buses. It will also combine the parameters recursively. So if the volume of the Sfx ChannelGroup is 0.5 (−6 dB) and the volume of the Footsteps ChannelGroup is 0.75 (−3 dB), the total volume of any Channel being played through the Footsteps ChannelGroup is 0.375 (−9 dB).



6.5.4 Applying DSP Effects

Now that we’ve played our sound and created our submix, it’s time to manipulate the audio using DSP effects. DSP effects are filters that modify the audio signal based on a set of input parameters (which can themselves be audio signals!). They can be applied both to Channels and to ChannelGroups. Let’s start by creating a low-pass filter DSP.

FMOD::DSP* pLowPass = nullptr; pSystem->createDSPByType(FMOD_DSP_TYPE_LOWPASS, &pLowPass);

This DSP object is completely detached from the internal DSP graph. It consumes memory (but not CPU), and has no audible effect until we attach it to either a Channel or a ChannelGroup.

pChannel->addDSP(0, pLowPass); // Or pChannelGroup->addDSP(0, pLowPass);

If you attach the DSP to a ChannelGroup, then the inputs will all be mixed together, and the low-pass filter will be applied to the mixed output.

Great, so we’ve applied this low-pass filter, but now we need to set its cutoff frequency (and any other parameters, such as its resonance). Each built-in effect has an enumeration for setting the various parameters that control its behavior. We’ll show here how to adjust the cutoff frequency.

pLowPass->setParameterFloat( FMOD_DSP_LOWPASS_CUTOFF, 1200.0f);

By creating DSPs and applying them to Channels and ChannelGroups, you can create tools that allow your sound designers to create truly awesome audioscapes.

It’s also possible to create your own DSPs to do custom processing if the built-in effects are not sufficient for your purposes. DSPs can also be implemented to generate waveform data, so that you can perform waveform, FM, or granular synthesis.



6.5.5 3D Sound

While there will always be some subset of sounds that will be stereo (such as music and UI sounds), or will be custom-panned, a large majority of sounds will be 3D. In FMOD, manipulating 3D sounds is easy. Let’s see how it works.

First, we’ll need to set a flag when we create the Sound object.

pSystem->createSound( R”(c:.ogg)“, FMOD_3D, nullptr, &pSound);

The only difference between this createSound() call and the previous one is that we have passed FMOD_3D in the flags section. This tells FMOD that Channels created with this Sound are to be panned in 3D. You can change the mode on a Channel by passing the appropriate flag to Channel::setMode(), which will allow you to override the default from the Sound. To control the 3D min and max distance of the Channel, you can call Channel::set3DMinMaxDistance().

Next, we need to set the 3D position of the Channel.

FMOD_VECTOR position = {0.0f, 10.0f, 0.0f}; pChannel->set3DAttributes(&position, nullptr);

The second parameter to Channel::set3DAttributes() is a velocity vector. This will adjust the Doppler pitch shift of the sound according to the system settings. Many games just ignore this value by setting it to nullptr, as we have done in this example.

We will also need to manipulate the position of the listener. This is slightly more complicated, because the listener needs not only a position (and an optional velocity), but it also needs an orientation. FMOD does this by requiring you to provide forward and up vectors, which it uses to calculate the reference frame. Typically, you will set the listener position to be in the 3D camera. I have fabricated some accessor functions here, but your game engine may provide you with a quaternion, which will require you to do some math to get these vectors.

FMOD_VECTOR pos = GetCameraPosition(); FMOD_VECTOR fwd = GetCameraForward(); FMOD_VECTOR up = GetCameraUp(); pSystem->set3DListenerAttributes(0, &pos, nullptr, &fwd, &up);

The first parameter is the listener number; you can configure FMOD to have multiple listeners for split-screen or other custom game reasons. By default, you get one listener at index zero. The nullptr in the third parameter is the velocity of the listener, which, like Channel::set3DAttributes(), is used for Doppler calculations.



6.5.6 Reverb

FMOD implements reverb by creating a Reverb DSP attached to the Master ChannelGroup, then adding a second connection path from each playing sound into the Reverb DSP’s input. This is demonstrated in Figure 6.5. The Channel’s output is routed both to its ChannelGroup and to the FMOD Reverb DSP. Let’s see how to set this up.

FMOD_REVERB_PROPERTIES reverb = FMOD_PRESET_CAVE; pSystem->setReverbProperties(0, &reverb);

FMOD comes with a number of reverb presets, but the FMOD_REVERB_PROPERTIES structure contains a dozen different parameters

[image: ]

that your sound designers can tweak to their hearts’ content. The first parameter to the System::setReverbProperties() function is the reverb instance number. You can have up to four reverbs, and send different amounts of each Channel to each Reverb DSP using Channel::setReverbProperties(). By manipulating the wet level to each reverb, you can control in very fine detail the environment that is perceived for each Channel.


6.5.7 Just the Surface

Unfortunately, in a chapter like this we can only skim the surface of what the low-level API can do. We haven’t even talked about 3D cone settings, custom rolloff curves, generic programming with ChannelControls, DSPConnections, Geometry, or any other number of features that are each worth their own section.

The most telling thing about the power of FMOD’s low-level API is that the high-level Studio API and tool are actually built on top of it. Let’s take a look at the Studio API now.




6.6 USING THE STUDIO API



Now that we have a handle on the low-level API, we can start going into detail on the Studio API. One of the things that you’ll notice is that the programming patterns are all the same: we initialize the system, load the audio data, and then play the content that we’re interested in. Because the patterns are now familiar, we’ll introduce code in bigger chunks in this section. First, as with the low-level API, we’ll go through the basic terminology and objects. Next, we’ll write a program that plays an Event and moves it in 3D space; finally, we’ll talk about mixing with Buses and Reverb.


6.6.1 Terminology

There are five fundamental objects in the Studio API. One important thing to note is that, although the low-level API is all in the FMOD:: namespace, all of the Studio API objects live in the FMOD::Studio:: namespace.


	• System—Just like the low-level API, the System object is responsible for mixing, playback, and creating all of the other objects. It also subsumes the creation of the low-level API; that is, you only need to create an FMOD::Studio::System object. You



don’t need to also create an FMOD::System object as well you can access the underlying low-level System object by using FMOD::Studio::System::getLowLevelSystem().


	• EventDescription—Metadata about an Event. You can use the EventDescription to play an EventInstance, manage audio wave data, or to query properties of the Event.

	• EventInstance—Represents a playing Event (or an Event which can be played). You can use the EventInstance to start or stop an Event, or to manipulate Event parameters and properties.

	• Bus—A handle to an audio Bus, which can be used to manipulate its volume, or to get access to the underlying ChannelGroup.

	• Bank—A handle to a loaded bank file, which can be used to load and unload audio data, or to query properties and contents of the bank file.






6.6.2 Playing an Event

Just like with the low-level API, now that we’ve covered the basics, we can now start playing Events. Let’s take a look at the code for initializing the System, loading a Bank, and playing an EventInstance from an EventDescription.

// Create and initialize the System object FMOD::Studio::System* pSystem = nullptr; FMOD::Studio::System::create(&pSystem); pSystem->initialize(128, FMOD_STUDIO_INIT_NORMAL, FMOD_INIT_NORMAL, nullptr); // Load the Master Bank and the Master Strings Bank // Loading the Master Strings bank is optional. FMOD::Studio::Bank* pMasterBank = nullptr; FMOD::Studio::Bank* pMasterStringsBank = nullptr; pSystem->loadBankFile(R”(C:Bank.bank)“, FMOD_STUDIO_LOAD_BANK_NORMAL, &pMasterBank); pSystem->loadBankFile( R”(C:Bank.strings.bank)“, FMOD_STUDIO_LOAD_BANK_NORMAL, &pMasterStringsBank);

// Load the Bank containing our Event FMOD::Studio::Bank* pBank = nullptr; pSystem->loadBankFile(R”(C:_Menu.bank)“, FMOD_STUDIO_LOAD_BANK_NORMAL, &pBank); // Get the EventDescription for our Event FMOD::Studio::EventDescription* pEventDescription = nullptr; pSystem->getEvent(”event:/Explosions/Single Explosion”, &pEventDescription); // Create an EventInstance from the EventDescription to // play this Event FMOD::Studio::EventInstance* pEventInstance = nullptr; pEventDescription->createInstance(&pEventInstance); // Start playing the EventInstance pEventInstance->start(); // Schedule the EventInstance to be destroyed when it // stops. This is fine for one-shots, but you will // need to stop looping Events manually with // EventInstance::stop(). pEventInstance->release(); // Wait for the EventInstance to finish FMOD_STUDIO_PLAYBACK_STATE eState; do { pEventInstance->getPlaybackState(&eState); pSystem->update(); Sleep(10); } while(eState != FMOD_STUDIO_PLAYBACK_STOPPED); // Unload all loaded Banks and free the System object. // You can also choose to unload individual Banks by // using Bank::unload(). pSystem->unloadAll(); pSystem->release();

As noted above, the general pattern here is the same: initialize the System object, load the data, play the EventInstance, wait for completion, then shut down. Let’s go over a few details from the preceding code.


6.6.2.1 Master Bank and Master Strings Bank

When you build a project from the FMOD Studio tool, there is by default one Bank that is automatically created (and which you cannot delete) called “Master Bank.” This Bank contains all of the global metadata about your entire project, particularly your mixer hierarchy (Buses, Sends, Snapshots, and VCAs). Technically, loading the Master Bank is optional—each Bank is self-contained and will contain the entire subset of content that it uses, including any Buses. However, there are some components that are only available by loading the Master Bank. For example, if you want to trigger a Snapshot in code that is not referenced by an Event in your project, then you’ll need to load the Master Bank.

The Master Strings Bank is always optional. It contains mapping between every content-addressable ID in your project and its human-readable name. If you don’t load this Bank file, then you will need to load every item in your project by its ID rather than by name. For many games, this is okay and you can skip the Master Strings Bank. If you want to create your own mapping, FMOD has an option to output an easily machine-parseable and human-readable text file (File->Export GUIDs).



6.6.2.2 FMOD Globally Unique Identifiers

FMOD generates a 128-bit GUID for every single object in your project. You can use these GUIDs with the FMOD_GUID structure, and with functions that look like System::getXXXById(). You can store the FMOD_GUID structure directly in your own data files, or you can keep it as a canonical GUID string (“{xxxxxxxx-xxxx-xxxx-xxxx-xxxxxxxxxx}”) and use the FMOD::Studio::ParseID() function to convert it into an FMOD_GUID. Ultimately, it does not matter much whether you use names or GUIDs, other than that loading the names costs some amount of memory, and names will have to get converted to GUIDs internally by FMOD in order to look up the matching content.

That said, one advantage to using GUIDs instead of names is that the GUIDs are immutable, whereas the names can change. If a sound designer moves an Event from one folder to another, its name will change, but its GUID

will not. If your Event is hooked up by name, then it will be broken after the move. If it’s hooked up by GUID, then it will continue to function correctly, and then your tool can look up the name of the Event for display purposes.




6.6.3 Setting Event Parameters

Now that we have our Event set up and played, we want to configure it. The Event we have selected is an Explosion and has a single parameter called “Size,” which controls a number of properties, from which sound is played, to the reverb send and the 3D Panner sound size. Let’s set this parameter now:

// Get the parameter by its name. There is also // EventInstance::getParameterByIndex() and // EventInstance::getParameterCount() if you want to // use those functions instead. FMOD::Studio::ParameterInstance* pParameterInstance = nullptr; pEventInstance->getParameter( “Size”, &pParameterInstance); // Set to a value. The range is determined in the tool. // In this particular example, the range is 0..3. pParameterInstance->setValue(1.5f);

FMOD also has a number of built-in parameters that it fills in automatically for you, such as 3D Distance, Cone Angle, Elevation, and a couple of others. You do not need to do anything to set the values for these parameters, but you can query them using EventInstance::getParameter(). Using ParameterInstance::getDescription(), you can get a data structure that will tell you whether a parameter is built-in or game-controlled.



6.6.4 3D Sound

Setting the 3D position of an EventInstance and the listener 3D position and orientation is very similar to setting it for a Channel and the low-level System object, except that instead of passing each value by itself to the function, we fill in an FMOD_3D_ATTRIBUTES structure. Let’s fill in the EventInstance first.

FMOD_3D_ATTRIBUTES eventAttributes; eventAttributes.position = {0.0f, 5.0f, 5.0f}; eventAttributes.velocity = {0.0f, 1.0f, 1.0f}; eventAttributes.forward = {0.0f, 1.0f, 0.0f}; eventAttributes.up = {0.0f, 0.0f, 1.0f}; pEventInstance->set3DAttributes(&eventAttributes);

As with the low-level system, the position is used for panning and attenuation and the velocity is used for Doppler shift. The forward and up vectors are passed into the EventInstance and are used to calculate the values for some of the built-in parameters.

Let’s fill in the listener’s 3D parameters. Once again, I’ve fabricated a function that will fill in the appropriate values from the game’s camera.

FMOD_3D_ATTRIBUTES listenerAttributes; FillListenerAttributesFromCamera(listenerAttributes); pSystem->setListenerAttributes(0, &listenerAttributes);



6.6.5 Buses and Reverb 6.6.5.1 Buses

Buses in the Studio API are the moral equivalent of ChannelGroups in the low-level API, and are in fact implemented using ChannelGroups. The sound designers set up a mixer hierarchy using the FMOD Studio tool, which is made available to the programmer as Bus objects. On the surface, there is very little that you can do with a Bus object—just set its volume, mark it paused, or mark it muted. However, you can get at the underlying ChannelGroup for a Bus in order to perform more advanced manipulations. Let’s take a look at how this works.

FMOD::Studio::Bus* pBus = nullptr; pSystem->getBus(“bus:/SFX/Explosions”, &pBus); // Here we set the Bus’s volume to -6dB. pBus->setFaderLevel(0.5f); // If we want to mess about with the internals FMOD::ChannelGroup* pBusGroup = nullptr; pBus->getChannelGroup(&pBusGroup);

// This is a normal ChannelGroup. We can do anything // with it! pBusGroup->setCallback(myCallback);

We’ll see more about manipulating the internals of the system later in the chapter.



6.6.5.2 Reverb

Although reverb is actually implemented as a feature in the low-level engine, the Studio API and tool do not actually have the idea of reverb built-in. Rather, the sound designers implement reverb in the FMOD Studio tool. They do so by placing a Return somewhere in the mixer hierarchy and adding a Reverb DSP to it. Then they need to hook it up by adding a Send DSP to either a spot on the mixer, or in one or more Events. Figure 6.6 shows the Reverb Return setup, and Figure 6.7 shows the Send setup in the FMOD Studio tool.
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FIGURE 6.6 Mixer view with Reverb Return.
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There is no limit to the number of Sends, Returns, or DSPs that can be created, so your sound designers have ultimate freedom. Of course, you may run into performance issues if your sound designers go too crazy, so work with them to come up with the proper mix. Once the sound designers have set up their Reverb, you can access it as a Bus object just like any other Bus.



6.6.6 Working with Snapshots

Snapshots describe what a subset of the mixer should look like when the snapshot is active. They are sometimes also called Mix States or Sound

FIGURE 6.7 Mixer view with Reverb Send.

Moods. The Intensity of a Snapshot is the amount that the Snapshot is contributing to the mix. Underneath the hood, Snapshots are implemented as Events that have special tracks that modify the mixer’s settings. In fact, if you switch to the Tracks view with a Snapshot selected, you can see the how they are implemented as Events. This is shown in Figure 6.8.

[image: Figure 6.8 (auto full-page crop from source PDF page 142, original image was missing in conversion)]

Your sound designers can actually trigger Snapshots directly from inside Events in the Studio tool. However, in order to work with Snapshots in code, they will need to be set up properly. On the surface, you can trigger a Snapshot in code simply by starting it as an Event, but you will not have the ability to adjust its Intensity at runtime. In order to expose Intensity to the programmer’s API, the sound designers will need to expose the Intensity as a parameter. Although they can do this by hand, there is a shortcut to automate the process. Figures 6.9 and 6.10 show how to perform this setup. There is, in fact, nothing magical going on here—an Event Parameter is added called “Intensity,” and it is hooked up to a curve in the Master track that controls the Snapshot’s Intensity linearly from 0% at a value of 0 to 100% at a value of 100.

Let’s see how to trigger a Snapshot as an Event.

// Snapshots are presented to the API as Events FMOD::Studio::EventDescription* pSnapshotEvent = nullptr; pSystem->getEvent( “snapshot:/InGamePause, &pSnapshotEvent); // We can trigger this Snapshot by starting the Event FMOD::Studio::EventInstance* pEventInstance = nullptr; pSnapshotEvent->createInstance(&pEventInstance); pEventInstance->start(); // In order to adjust the Intensity, we retrieve it as a // Parameter FMOD::Studio::ParameterInstance* pIntensity = nullptr; pEventInstance->getParameter(”Intensity”, &pIntensity); pIntensity->setValue(50);
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FIGURE 6.8Snapshot view.
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FIGURE 6.9Right-click on Intensity and select “Expose as Parameter.”
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FIGURE 6.10 After “Expose as Parameter.”




6.6.7 Just the Surface (Again)

Once again, we have only been able to scratch the surface of the FMOD Studio API in this chapter. Now that you have the basics, you can start to deal with VCAs, CueInstances, various Bank loading strategies, music callbacks for synchronizing with the game, command capture and playback, timeline synchronization, audio tables, and more.




6.7 ADVANCED TOPICS



Fortunately, we do have just a little bit of space to touch on some more advanced features. Let’s get a glimpse at just how far the rabbit hole goes.


6.7.1 Messing with Event System Internals

At the head of every EventInstance and Bus object, there is a ChannelGroup that can serve as the entry point to manipulating its internals. You access it by calling EventInstance::getChannelGroup() or Bus::getChannelGroup(). Once you have this ChannelGroup, you can start to manipulate, query, or otherwise muck with the internals of the system.

One thing to be careful of is that the ChannelGroup may not exist. In particular, if your EventInstance hasn’t actually been created, or if there are no Events playing on a Bus, then the ChannelGroup won’t exist. Even if you call Bus::lockChannelGroup() to force the ChannelGroup to exist, there will still be a length of time while the request is transmitted to FMOD’s processing thread, and the response comes back. The FMOD documentation describes a few different options for how to ensure that you get a valid ChannelGroup.

Once you have a ChannelGroup, you can do whatever you want with it—it’s just like any ChannelGroup that you may have created on your own. The only catch is that any changes that you make may end up being overwritten by the internals of the Studio API, so you have to be aware of that. Let’s grab the ChannelGroup for a Bus and attach a Compressor DSP to it.

FMOD::Studio::Bus* pBus = ...;// Create the ChannelGroup even if there are no Events
// playing on it
pBus->lockChannelGroup();

// Ensure that the ChannelGroup will exist when we // query it. pSystem->flushCommands(); // Get the ChannelGroup for the Bus FMOD::ChannelGroup* pChannelGroup = nullptr; pBus->getChannelGroup(&pChannelGroup); // We need the low-level System object in order to // create our DSP FMOD::System* pLowLevelSystem = nullptr; pSystem->getLowLevelSystem(&pLowLevelSystem); // Create the DSP FMOD::DSP* pCompressor = nullptr; pLowLevelSystem->createDSPByType( FMOD_DSP_TYPE_COMPRESSOR, &pCompressor); // Attach the DSP to the ChannelGroup pChannelGroup->addDSP(pCompressor);

This is, of course, just one example of what you can do—once you have the low-level API at your disposal, you can make magic.




6.7.2 Iterating over Channels and ChannelGroups

One common procedure that you may need to solve is applying a particular operation to all playing Channels or ChannelGroups. To do this, you will need to traverse the DSP graph. There are two ways to do this—at a low level by following through DSP connections, or at a high level by traversing through connections between ChannelGroups and Channels. In this section, we’ll be covering the high-level method.

In this example, we want to find a Channel that has an underlying Sound object with a particular piece of user data attached.

FMOD::Channel* FindChannel( FMOD::ChannelGroup* pChannelGroup void* pExpectedUserData) { // First iterate over every Channel in this // ChannelGroup int nNumChannels = 0;

 pChannelGroup->getNumChannels(&nNumChannels); for(int i=0; i<nNumChannels; i++) { // Get the Channel FMOD::Channel* pChannel = nullptr; pChannelGroup->getChannel(i, &pChannel); // Get the Channel’s Sound object FMOD::Sound* pSound = nullptr; pChannel->getCurrentSound(&pSound); // Get the Sound’s UserData void* pUserData = nullptr; pSound->getUserData(&pUserData); // If it matches, then we’ve found our return value! if(pUserData == pExpectedUserData) return pChannel; } // This ChannelGroup doesn’t have a matching // Channel, so we need to recurse for each child // ChannelGroup int nNumGroups = 0; pChannelGroup->getNumGroups(&nNumGroups); for(int i=0; i<nNumGroups; i++) { // Get the SubGroup… FMOD::ChannelGroup* pSubGroup = nullptr; pChannelGroup->getGroup(i, &pSubGroup); // …and recurse into this same function FMOD::Channel* pFoundChannel = FindChannel(pSubGroup, pExpectedUserData); if(pFoundChannel) return pFoundChannel; } return nullptr; }



6.7.3 DSP Clocks for Synchronization and Fades

The last of the advanced topics we’ll be covering is the concept of the DSP Clock. FMOD contains, internally, a 64-bit counter that increments once for each sample that it mixes. (It does so optimally, of course, by incrementing it once for each buffer that it mixes.) This counter is important, because you can use it to synchronize playback of Channels or EventInstances in a precisely sample-accurate manner. FMOD also exposes APIs for performing sample-accurate fades.

Let’s see how to fade the volume of a ChannelGroup over 2 seconds.

// First, we need to get the system mixer’s sample rate // so that we can calculate how many DSPClocks in 2 // seconds int nSampleRate = 48000; // reasonable default pLowLevelSystem->getSoftwareFormat(&nSampleRate, nullptr, nullptr); // Get the ChannelGroup’s current DSP Clock unsigned long long nCurrentClock = 0; pChannelGroup->getDSPClock(&nCurrentClock, nullptr); // To set up a fade, we need to add two fade points: // one at the current time with the current volume, // and a second one at the desired time with the // desired volume. We’ll use 1.0 and 0.5. pChannelGroup->addFadePoint(nCurrentClock, 1.0f); pChannelGroup->addFadePoint( nCurrentClock + 2 * nSampleRate, 0.5f);



6.8 CONCLUSION—JUST THE SURFACE (YET AGAIN)

For the last time in this chapter, I’m going to have to say that, once again, we have only managed to scratch the surface of what is possible. We haven’t even talked about how to manipulate the DSP graph at a low level, the Geometry API, performing offline processing, built-in debugging tools, generating custom panning matrices, the FSBank API, writing custom DSPs, how FMOD is able to loop MP3s seamlessly, how to implement Programmer Sounds, using memory and file system overrides, scripting the FMOD Studio tool, and more.

In this chapter, we went through the basics of the FMOD API from the low-level to the high-level, and even touched on some advanced features. Hopefully, this has inspired you to learn more and to use FMOD in your products!
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7.1 ABOUT Crytek

Crytek is an independent videogame developer, publisher, and technology provider that’s dedicated to pushing the boundaries of gaming with their cutting-edge CRYENGINE software. Founded in 1999 by brothers Avni, Cevat, and Faruk Yerli, Crytek has its headquarters in Frankfurt am Main (Germany) along with seven additional studios in Kiev (Ukraine), Budapest (Hungary), Sofia (Bulgaria), Seoul (South Korea), Shanghai (China), Istanbul (Turkey), and Austin (USA).



7.2 ABOUT CRYENGINE

CRYENGINE is a game engine with truly scalable computation, multiaward-winning graphics, state-of-the-art lighting, realistic physics, intuitive visual scripting, high-fidelity audio, designer-friendly AI, and much more—and all straight out of the box.



7.3 HISTORY OF CRYENGINE AUDIO TECHNOLOGY

CRYENGINE’s sound solution started out—like most of the other game engines—in the early 2000s as a rather code-driven approach using Microsoft’s DirectSound API on PC. Far Cry was the first AAA title shipped by Crytek that used this approach, which by today’s standards can be considered outdated technology. Shortly after this release, it was decided to implement a dedicated audio middleware—FMOD Ex. This allowed for a more data-driven approach to sound design and coding and additionally allowed for convenient support of other platforms including consoles. Over the following years, this solution was used for all of the games that were shipped by Crytek. During this period, the entire development of CRYENGINE was of a rather game-centric approach that resulted in its technology being tightly coupled to internal game development. However, with the release of the Crysis games and the resulting attention that CRYENGINE was receiving, a decision was taken to license the engine to other game developers. Now, the engineers had to deal with the licensee’s unique requirements, which forced them to rethink some of their approaches. For audio, this meant adopting a more generic, homogeneous, and user-friendly approach to audio design including coding. At around that time, the idea of an abstracting layer between the engine and an audio middleware was spawned. A proof of concept was introduced in 2013, and work on the actual implementation that led to today’s ATL followed shortly thereafter.





7.4 WHAT IS CRYENGINE’S ATL?

The ATL is an abstracting interface between CRYENGINE and an audio middleware such as Wwise, FMOD, SDL_mixer, Miles Sound System, or CRI ADX2. In this way, CRYENGINE can assure an audio middleware-agnostic approach to sound implementation into game assets. Audio designers make use of Audio Controls, which are basically an abstraction of game-specific events and values that need to be communicated down to the audio middleware. That data is then used to generate and manipulate audio. CRYENGINE currently provides five control types: Triggers, Real-Time Parameter Controls (RTPCs), Switches and States, Environments, and Preloads. One big advantage of such an abstract approach is that audio middleware can be swapped out even at runtime.



7.5 WHAT WAS THE MOTIVATION FOR INTRODUCING ATL?

Before the introduction of the ATL, CRYENGINE was basically “married” to a single audio middleware. This was a limiting factor for Crytek not just internally, but also externally as licensees could not use the audio middleware of their choice. Additionally, it was not possible to provide a homogeneous solution toward implementing audio in all regards. Also, the increasing complexity of the engine required more and more maintenance. So, to solve this situation, CRYENGINE’s audio technology team came up with the idea of an abstract layer named the ATL. How the ATL fits into CRYENGINE’s architecture is illustrated in Figure 7.1.



7.6 ATL ADVANTAGES

The abstractness of the system is certainly an advantage, because no matter what audio middleware your programmers or management choose to implement, it will always feel the same because you are already used to working with CRYENGINE’s audio controls that stay the same. Working with audio controls allows for assigning different data to a single control. For example, a single ATL-Trigger could execute any number of different events. This is useful if the audio middleware does not support event chaining, or for example when setting an ATL-Switch-State where designers can choose to set a Wwise switch, state, and RTPC. The freedom is almost endless and lies entirely in the middleware implementation that is written by an audio programmer.

Also, do not underestimate the potential of swapping out the middleware during production or when a game is generally ported. The advantage here
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FIGURE 7.1CRYENGINE ATL component diagram (created using www.gliffy.com).

is that this will not require any game code changes or redesign of audio setups in your game’s levels. Game programmers also see the advantages as well as they no longer need to worry about audio behavior. Questions such as “Is the sound still playing?”, “Do I need to start or stop this loop now?”, “When do I need to pause, resume, or mute?”—these are all things of the past, as all the game programmers now need to do is just inform the audio designers of game events using audio controls, and to update corresponding parameters accordingly. This is sometimes awkward for them as they are more used to hearing results immediately—but this might no longer be the case.


7.7 ATL DISADVANTAGES

The abstractness of the system is a disadvantage, as an approach like this naturally introduces an additional layer of indirection, which has an impact on performance. Fortunately in the case of CRYENGINE, the ATL system is highly optimized and any additional overhead is negligible. For audio designers, this layer can be mostly hidden (if not eliminated), and it can even be argued that this is a must in regard to convenience and workflow. However, in the case of programmers, they will always end up needing to do work in this layer.



7.8 AUDIO CONTROLS EDITOR

The ACE is the single point of access for audio designers in CRYENGINE. It was developed around a single word—convenience. The main goal was to never break the audio designer’s workflow. This, in particular, means that there is never a need to restart any of the tools or to enter data manually in any form. The ACE features include hot reloading, drag and drop functionality, error reporting, searching, filtering, and listing. Figure 7.2 illustrates the ACE in conjunction with Wwise. The left pane lists all of the available ATL controls, the middle pane houses the inspector panel with a list of connected middleware-specific controls per selected ATL control, and the right pane is entirely reserved for displaying and handling data provided by the loaded audio middleware.

Audio designers use the ACE to connect ATL controls to the audio middleware controls. For example, any number of FMOD or Wwise events can be connected to a single ATL trigger. All those events would then be executed simultaneously upon trigger execution. Another used case is to connect again any number of audio middleware-specific parameters to a

[image: ]

FIGURE 7.2 The Audio Controls Editor.single ATL RTPC and drive it using a custom offset and multiplication for each parameter if so desired.

In order to have access to the middleware data, the ACE needs to load and parse audio middleware-specific project setups. This is possible because of the ACE operating on the exact same idea as the ATL. This means that the ACE has its own implementations as well, which adjust at runtime whenever the middleware is swapped out. That said, the ACE is not a classical sound design tool, but rather an audio data connector and handler that is used to connect work done in sound design tools such as Wwise or FMOD to ATL-specific controls. Currently the ACE stores all data in an XML format; however, there is a plan to change this to the JSON format sometime in the future.




7.9 IMPACT ON DESIGNERS

This radical new approach to general audio design requires some rethinking and “getting used to” by designers. For example, designers now need to have an understanding of the abstract nature of their new audio system, a typical example being when executing an ATL-Trigger—this does not

necessarily mean that sounds are being played. Even though the audio programmers try to “hide” the abstraction as much as possible from designers, it is still a system that allows for great extendibility and freedom. Furthermore, and depending on which audio middleware is used in production, audio designers have to define something that is completely new to them.

So where, and exactly how, do we make the handshake between the engine and the middleware? What system is responsible for updating what data? In the case of Wwise, this would be defining whether (for example) the footstep surface type is switched in CRYENGINE. In this case, this means that the dedicated ATL-Trigger is executed, or in the case of Wwise that CRYENGINE always executes the same ATL-Trigger, but additionally sets a switch to Wwise indicating the current surface type. Also, the way audio designers used to work with game programmers has changed. In the past, requests were often made to play/stop and update something from inside the game code. That work can now be done almost entirely by audio designers via setting hooks in the corresponding tools.


7.10 IMPACT ON PROGRAMMERS

Game and system programmers can also worry less about audio and with that micromanage less. Generally, all that is left for them to do is to inform and update game events and values that audio designers do not have access to. This also allows for simplification of game code, which in turn increases reliability and performance, and reduces debugging time because of a more straightforward design.



7.11 ATL HIGH LEVEL DESIGN

There are several items that are considered important for the ATL design. For instance, we wanted to present a clean and as slim as possible interface to the user. This way, we save coders from unnecessary headaches in trying to understand what “all those entry points” are good for and to minimize the possibility of misusing the system because of a confusing interface. For instance, there are currently really only six interface methods that programmers use to interact with the audio system.

GetAudioTriggerID(...);
GetAudioRtpcID(...);
GetAudioSwitchID(...);
GetAudioSwitchStateID(...);



GetFreeAudioProxy(...) ;
PushRequest(...) ;

You will find example code using the preceding methods in Section 7.14. We opted for having only a single method for requesting an action from the audio system, where the user fills out an “action execution request form” and sends that to the audio system. This is where the PushRequest() method was born.

It was explicitly decided to name it that way and not, for example, PushOrder() or ProcessAction(), because sometimes programmers can be falsely led by method naming. For example, SetSomething() could be understood as a sort of “order” to the underlying system and lead coders to subconsciously expect this “order” to be successfully carried out—this can then lead to parent code not properly handling failure states. Also, when using the word “request,” the potential of an action failing seems more apparent and somewhat hints (even if it’s subconsciously) to coders to prepare code so as to properly handle such cases.

Another main aim was to offload the program’s main thread to ensure an even smoother program execution, and thus the audio system processes requests entirely on its own thread (i.e., the “MainAudioThread”) and in this way the Update() method that an audio middleware implementation receives is called from that thread. As mentioned before, the PushRequest() method is used to leave a request with the ATL, which can be called from any thread and which executes by default asynchronously—this is useful for requests that do not need immediate processing. There are flags to customize how requests are handled internally, such as eARF_EXECUTE_BLOCKING, which indicates to the system to block the calling thread until the request has been processed. However, if the outcome of an action processing request is of importance, coders can conveniently register objects as listeners to specific requests.




7.12 ATL INTERNAL COMPOSITION

The audio system is split into three largely independent layers:


	• CAudioTranslationLayer class

	• IAudioSystem struct

	• IAudioSystemImplementation struct



The IAudioSystem struct represents the interface game coders will use and holds methods for handling audio controls as well as the PushRequest() method. See Section 7.11 for a truncated list or Section 7.14 for code examples. The implementation of IAudioSystem contains the message queues, handles the scheduling and dispatching of incoming requests, and also houses the main audio thread. The type of message queue is also referred to as a multiproducer and single consumer queue. Additionally, it is the only object that holds and allows access to the CAudioTranslationLayer class via a member.

The CAudioTranslationLayer class keeps track of the audio system’s current state: all of the registered audio objects, controls, listeners, and events. It also processes the requests submitted through the PushRequest() method. Among other manager type objects that it manages, it holds a pointer to the provided IAudioSystemImplementation.

The IAudioSystemImplementation struct represents an interface to an audio middleware. When processing the incoming requests, the CAudioTranslationLayer class calls the appropriate methods of IAudioSystemImplementation and records all of the resulting changes in the audio system state. Figure 7.3 illustrates this internal composition in a simplified way. At the time of writing, CRYENGINE provides implementations for FMOD Studio, SDL_mixer, and Wwise—currently, the source codes for these are publicly available.


7.13 HOW THE ABSTRACTION GENERALLY WORKS

In order for an audio middleware to be able to connect its own idea of a trigger, event, parameter, switch, or environment to a corresponding ATL control, we introduced ATL-Entities. These are in essence empty interfaces that define the data type to be connected. An audio middleware can derive from those types and create its specific implementation, which will then be used for registration with the ATL. For example, a Wwise or FMOD event can be connected to an ATL trigger via IAudioSystemImplementation::NewAudioEventData. This method is called during trigger creation, and for every event that is referenced by the trigger. Implementations must then return a pointer to the corresponding type for the ATL to store and handle in future requests. All of this parsing and creating is done during application boot and level loading, but not during game play for performance reasons.

[image: ]

FIGURE 7.3ATL internal composition (created using www.gliffy.com).






7.14 HOW TO WORK WITH ATL VIA CODE



There are three different ways of working with audio via code in CRYENGINE.


	
	CAudioProxy




	
	CEntityAudioProxy




	
	PushRequest()






Before looking at any of the code involved, it is important to first explain, in CRYENGINE terms, what an AudioProxy and an EntityAudioProxy are.


7.14.1 What Is AudioProxy?

AudioProxies (sometimes referred to as AudioObjects) are simple code objects that provide combined and straightforward audio functionality such as executing triggers, setting states, or updating runtime parameters. This concept has been around since the early days of CRYENGINE and was, back then, called SoundProxies, as they were more about an actual sound instead of complex audio behavior. When an AudioProxy is initialized, the coder can supply a name for identification purposes, which is omitted in Release-type compilations. As AudioProxies can be positioned in the game world, they should ideally only execute 3D-type events. Even though they can also execute 2D events, doing so is not recommended because it is a waste of resources. In the case of 2D events, then you should rather use the PushRequest() method, which will be explained later in this chapter. Also, be aware that Audio Proxies have no affiliation to general game world entities.



7.14.2 What Is EntityAudioProxy?

Most of the objects in the game world are entities, and programmers have at their disposal the concept of proxies to extend an entity’s functionality—in general, they are referred to as EntityProxies. Each of these proxies is named after the additional functionality they provide, such as EntityPhysicalProxy, EntityRenderProxy, or EntityAudioProxy. So, if a programmer wants, for example, to be able to handle audio specifics on an entity, they can instruct that entity to create an EntityAudioProxy, which will then be used to handle audio on this particular entity. This could be playing footstep sounds on a character, and at the same time

updating some sort of surface type switch to adjust the footsteps accordingly depending on the surface type beneath the character’s feet. As an animated character is naturally a rather complex entity, audio designers need to be able to describe several positions on the entity itself—for example, the feet, hands, mouth for voice playback, and the body for Foley-type sounds. Technically, an EntityAudioProxy is nothing more than a parent to and a wrapper around any number of AudioProxies.




7.15 USING AUDIO PROXIES

In order to work with a simple audio proxy, programmers first need to retrieve one from the AudioSystem. Those are usually pooled, and the pool size is determined by the s_AudioObjectPoolSize console variable.

// play a simple explosion sound somewhere in the game // world without having to rely on a full blown entity // get the IDs for all needed audio controls pAudioSystem->GetAudioTriggerID(“explosion”, triggerID); // retrieve a simple audio proxy from the pool // note: might dynamically create one if the pool is // empty auto pAP = gEnv->pAudioSystem->GetFreeAudioProxy(); // initialize the audio proxy, will receive a unique // audio object ID additionally registers with the // audio middleware in case it makes use of this // data pAP->Initialize(“ap_explosions”); // set the position // note: can be matrix or simple 3 dimensional vector pAP->SetPosition(pos); // set the amount of ray casts for obstruction and // occlusion calculations between emitter and // listener to single ray pAP->SetObstructionCalcType(eAOOCT_SingleRay); // set the environments (reverbs) that the audio proxy // has been positioned in

pAP->SetCurrentEnvironments(); // execute the audio trigger pAP->ExecuteTrigger(triggerID, eLSM_None); // return the audio proxy back to the pool // note: might delete it if the pool is full pAP->Release();

Be sure to Release() an AudioProxy when it is no longer required. This ensures that it is either returned to the pool or deleted from the system in case the pool is full. It should be noted that ExecuteTrigger should always be called last, because you could end up in a situation where the AudioProxy has not been positioned properly and is too far away from the listener. This might then instruct the audio middleware, depending on the event’s particular setup, to not even start playing it. Think about it in this way: first describe exactly what you want the AudioProxy to do and where you want to do it, and only then tell it to execute. This is a general rule when working with the ATL via code.



7.16 USING ENTITY AUDIO PROXIES

To use an Audio Proxy, you will need to retrieve it from an Entity. Each Entity comes with a default audio proxy, which can be addressed explicitly via DEFAULT_AUDIO_PROXY_ID (which is the default parameter to all of the CEntityAudioProxy methods). The following code example does not provide an auxiliary audio proxy ID, so we assume the default auxiliary audio proxy.

// describing an exploding tiger tank // this assumes that the audio events have been designed // in the middleware to make use of below data // retrieve the entity’s audio proxy auto pEAP = crycomponent_cast( pEntity->CreateProxy(ENTITY_PROXY_AUDIO)); // get the IDs for all needed audio controls // while still fast it is advised to do this // in non-performance critical parts of the code pAudioSystem->GetAudioTriggerID(“explosion”, triggerID); pAudioSystem->GetAudioRtpcID(“intensity”, rtpcID); pAudioSystem->GetAudioSwitchID(“tank_type”, switchID); pAudioSystem->GetAudioSwitchStateID( switchID, “tiger”, stateID); // position the default auxiliary audio proxy pEAP->SetAuxAudioProxyOffset(pos); // set the explosion’s intensity pEAP->SetRtpcValue(rtpcID, fIntensity); // set the type of tank that is exploding pEAP->SetSwitchState(switchID, stateID); // finally execute the audio trigger on the tank entity // using the default auxiliary audio proxy pEAP->ExecuteTrigger(triggerID, eLSM_None); // same thing just more explicit and unnecessary pEAP->SetAuxAudioProxyOffset( pos, DEFAULT_AUDIO_PROXY_ID); pEAP->SetRtpcValue( rtpcID, fIntensity, DEFAULT_AUDIO_PROXY_ID); pEAP->SetSwitchState( switchID, stateID, DEFAULT_AUDIO_PROXY_ID); pEAP->ExecuteTrigger( triggerID, eLSM_None, DEFAULT_AUDIO_PROXY_ID);
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FIGURE 8.1Key combos with Ctrl key pressed.
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FIGURE 8.3Key combos with Ctrl + Alt + Shift pressed.

Fortunately, this is an easily achievable goal. (Unfortunately, it’s 2016 and I still have to write this section.) Without further ado, here are the commandments of user-friendly form building:


	
	When opening a form, the first control should be in focus with its contents selected.




	
	Tab order moves in the same direction and orientation as reading in the native language of your studio. For English, start at the top left, move across the form to the right, and start a new line when you reach the end.




	
	When landing on a new control (by tabbing or otherwise), its contents are always to be selected by default to allow immediate input.




	
	If moving to a control with no value, then enable the cursor upon entering the control to allow immediate input.







	
	All controls should allow full manipulation with only the keyboard.




	
	If your form allows access to thousands of objects, create a fast, easy way to select among them.




	
	Order controls so that the most-often used are near the beginning of your form.






There are some details that can be added to the preceding list for clarity.

Tab order (item #2 in this list) is important, but do note that grouped controls should follow this rule recursively. If your controls live together in a group box, then entering the first control in the group box should begin following the rules for the grouped controls from rule #1 as though it were the first control in the form. Once the cursor leaves the last control in the group, it continues on with the remainder of the controls in the form.

When ensuring that “All controls should allow full manipulation with only the keyboard” (item #4), there are a few controls to be aware of:


	Numeric Text Input should be editable with the arrow keys. In some frameworks, this means using a different control type (usually called a spin-box or a spin-button control). If your framework does not contain such a control, you should build it yourself out of a textbox and two buttons. Critically, the control should validate its input into the valid range, and allow input using just the arrow keys and



Even the most experienced game developers will make implementation mistakes from time to time. Auditing scripts allow mistakes to be easily surfaced and fixed. For example, a long sound may have been accidentally marked to play as a sample when streaming is more memory efficient, or an Event’s logic track may contain an unused marker that is an indicator that it is not set up correctly, or an Event may be assigned to the wrong bank. As development continues, you will find more and more ways in which the game can be broken. Although sound designers can certainly make the time to go through each sound one at a time and audit it for correctness, these sorts of correctness checks are exactly the place where automation tools shine. An auditing tool should be easily expandable so that new types of mistakes can be added and corrected as they are found.



8.3.1 Framework for Automation

For any automation process, you need to answer three key questions.


	What is the goal?

	What keys can we use to automate from?

	How far do we go?



Let’s take a common example with audio, the importation of raw sound assets into your engine.


	Goal?

	Allow anywhere from one to thousands of raw audio assets to be imported into the engine automatically.




	What keys can we use to automate from?

	File naming schemes common to asset delivery. For example, player_male_footstep_01.wav, player_male_footstep_02.wav, etc., should all create the sound object player_male_footstep.




	How far do we go?

	This is up to you and your audio team. The most basic implementation would take the raw files, package them up, and create sound objects based on the file naming system. Each object would have default values defined by the audio team (volume,
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FIGURE 9.2Visualization of naming convention theme showing an example for a vehicle sound effect.
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The Windows folder structure should also show the same hierarchy as for the original assets, as shown in Figure 9.4.

A solid audio lexicon and naming convention is the foundation for good interdisciplinary communication. Following it throughout all steps of production will save valuable debugging time.



9.6 WHY YOU NEED TO DOCUMENT PIPELINES, WORKFLOWS, TOOLS, AND BEST PRACTICES

Documentation is the abandoned orphan in game development. After all the energy that has been put into developing a feature, designing the assets, creating the tools, implementing into the product, and fixing all the

FIGURE 9.3 Audiokinetic Wwise project explorer showing the naming structure of the CRYENGINE Sandbox Editor project.

[image: Figure 9.3 (auto full-page crop from source PDF page 192, original image was missing in conversion)]

small issues, then it’s perfectly understandable why creating a wiki page, taking screenshots, formulating the feature, and creating use cases and examples in short and precise technical terms is not on everyone’s agenda.

However, it should be! Good documentation saves a tremendous amount of time. Even if you are the only one who will ever work with your engine, it manifests your thoughts as to why you have designed and implemented the feature in the first place. It also functions as a snapshot or diary that can help you down the road should you ever pick on a particular feature again. This scenario can happen faster than you think—for example, your product gets ported to another platform, you end up working on a sequel, an update, additional content, or simply reusing the framework for a completely new product.

Furthermore, as soon as there is more than one person involved, documentation becomes an even bigger time-saver. Instead of explaining the same thing to each person you can point to the documentation, hence you only have to answer follow-up questions. Many of the web-based tools

FIGURE 9.4 Windows folder structure.
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IV


Advanced Topics

using System; using System.Net; using System.Net.Sockets; public class OSCClient { private IPAddress _ipAddress; private int _port; private UdpClient _udpClient; public void Connect() { if(_udpClient ! = null) Close(); _udpClient = new UdpClient(); try { _udpClient.Connect(_ipAddress, _port); } catch { throw new Exception(String.Format( “Can’t create client at IP address {0} and port {1}.”, _ipAddress, _port)); } } public void Close() { _udpClient.Close(); _udpClient = null; } public void Send(OSCPacket packet) { byte[] data = packet.BinaryData; try { _udpClient.Send(data, data.Length); } catch {

 throw new Exception(String.Format( “Can’t send OSC packet to client {0} : {1}”, _ipAddress, _port)); } } }

This simple class allows us to connect and close a UDP client, as well as send OSC packets. If you are wondering what OSC packets are, we will cover the details shortly after this.

In the case of a UDP server, we can start by having some code as the following:

using System; using System.Net; using System.Net.Sockets; using System.Threading; using System.Collections.Generic; public class OSCServer { private UdpClient _udpClient; private int _localPort; private Thread _receiverThread; private OSCPacket _lastReceivedPacket; public void Connect() { if(this._udpClient != null) Close(); try { _udpClient = new UdpClient(_localPort); _receiverThread = new Thread( new ThreadStart(this.ReceivePool)); _receiverThread.Start(); } catch { throw new Exception(String.Format( “Can’t start server at port {0}”, _localPort)); } }

public void Close() { if(_receiverThread != null) { _receiverThread.Abort(); } _receiverThread = null; _udpClient.Close(); _udpClient = null; } private void Receive() { IPEndPoint ip = null; try { byte[] bytes = _udpClient.Receive(ref ip); if(bytes != null && bytes.Length > 0) { OSCPacket packet = OSCPacket.Unpack(bytes); _lastReceivedPacket = packet; } } catch { throw new Exception(String.Format( “Can’t create server at port {0}”, _localPort)); } } private void ReceivePool() { while(true) { Receive(); Thread.Sleep(1); } } }

But we don’t directly send OSC messages over the network, as it would be expensive and not very optimal if we think about it a bit: the granularity will be too small when we start sending large amounts of data. We will send them as “packets” of messages. Hence, an OSC packet can contain various OSC messages or OSC bundles. A bundle is another abstraction that allows us to “bundle” OSC messages that need to be sent together. It also allows us to define a time tag, or time stamp, which will be handy when we need to synchronize messages that represent actions occurring at the same time. One scenario that benefits from bundles is when we want to send data over a network using, e.g., UDP, as the order of arrival of the packets will not be guaranteed in this case.

Here is a possible minimal implementation for modeling an OSC packet that can pack and unpack float values. There are some generic methods used, so that we can add new types easily:

using System; using System.Diagnostics; using System.Collections.Generic; using System.Text; abstract public class OSCPacket { protected List _data; protected byte[] _binaryData; protected string _address; protected long _timeStamp; abstract public bool IsBundle(); abstract public void Pack(); abstract public void Append(T msgvalue); public OSCPacket() { this._data = new List(); }EPUB/media/file56.jpg
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11.5 LISTENER IN THE PLAYER CHARACTER’S HEAD

What if we place the listener inside of the player character’s head? After
all, that’s really what we're trying to model, right? What could possibly go
wrong? Let’s try it, just like in Figure 11.3. What happens now?

Well, now the attenuation is all correct. Channels A and B are equidis-
tant from the listener, and C is further away, so they all get appropriately

attenuated for distance. But this time, the panning falls apart. Since our
player character is facing left, channel A will be panned in front, but chan-
nels B and C will both be panned to the rear speakers! Oh, dear. We can
see this option summarized in Table 11.3.

Once again, we get half of the equation correct, but mess up the other
half. This time the attenuation is all correct, but the panning is messed up.

® © ®

FIGURE 11.3  Listener in the player’s head.

TABLE 11.3  Results with Listener in the Player’s Head

Channel Panning Attenuation
A In front Loudest
B Behind Same as A

C Behind Quietest
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4.2 CREATING THE DATA

Before diving into the programming, let’s learn about the data that we will
be manipulating. The AtomCraft tool offers a very digital audio worksta-
tion (DAW)-like experience to author the sound, while still adding the
many features we have come to expect when implementing interactive
audio for games. Figure 4.1 shows the main screen, with the project and
audio assets trees on the left, the details pane (here showing a timeline) in
the middle, and the parameters at the bottom and on the right.

4.2.1 Hierarchy

As can be seen in the tree, an ADX2 project is divided into Work Units.
These are nonruntime objects whose sole purpose is to organize the
audio in the project by type or function (game location/character/
weapons, etc.). This organization makes it easier to distribute the
work between several sound designers and use versioning. Work Units
can contain one or more CueSheets, each having one or more Cues.
Although the terminology is different, you will find many of the same
concepts in a Western audio middleware such as FMOD or Wwise. In
this case, a CueSheet is basically the equivalent of a sound bank and
Cues are the audio events/sounds that you will be triggering from the
game.

Therefore, it will come as no surprise that you can have several types of
Cues, each exhibiting a different behavior (similar to the blend, random,
sequential, etc., containers in Wwise for example). A Cue is composed of
several Tracks, each having a timeline on which Waveform Regions (sam-
ple data with some extra parameters) can be arranged. The Cue type will
determine the way these Tracks are selected and played. All the typical
playing behaviors are available—polyphonic, sequential, random, shuffle,
etc., as well as some more original ones. For example, a Cue of the combo-
sequential type will play the next Track each time it is triggered, but only
if it happens within a given time interval, thereby allowing the simulation
of combos. If the sound is not triggered in time, it will go back to the first
Track.

Each Track (and even each Waveform Region) can have its own param-
eters (such as a biquad filter). We will talk more about this later, when
we see how to update them at runtime. Actions can also be inserted on a
Track to provide looping at the Track level (as opposed to the regular sam-
ple looping at the Waveform Region level), to set parameters or call other
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for (auto& it : pStoppedChannels)

{

mChannels.erase (it) ;
}
mpSystem->update () ;

}

int AudioEngine: :PlaySound (
const std::string& strSoundName,
const Vector3& vPosition,
float fVolumedB)

int nChannelId = mnNextChannelId++;
auto tFoundIt = mSounds.find(strSoundName) ;
if (tFoundIt == mSounds.end())
{
LoadSound (strSoundName) ;
tFoundIt = mSounds.find (strSoundName) ;
if (tFoundIt == mSounds.end())

{

}
}

FMOD: : Channel* pChannel = nullptr;
mpSystem->playSound (tFoundIt->second,
nullptr, true, &pChannel) ;

return nChannelId;

if (pChannel)

{

FMOD_VECTOR position = VectorToFmod (vPosition) ;
pChannel->set3DAttributes (&position, nullptr);
pChannel->setVolume (dBToVolume (fVolumedB) ) ;
pChannel->setPaused (false) ;

mChannels [nChannelId] = pChannel;

}

return nChannellId;

Although this is a functional model, it’s not very extensible. In fact, if we
wanted to express the lifetime of a playing channel under this model as a
state machine, it would look like Figure 2.1.

That’s not much of a state machine, is it? Just one state: Playing.
Nevertheless, were going to use this state machine as a starting point.
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o Ifnot,

- Check your mixer settings—is a mix state making the object
inaudible?

- Check your falloff settings—is the game attenuated by dis-
tance falloff?

- Check your RTPC curves—is the sound attenuated by the
RTPCs?

Some of these issues are automatically flagged as errors in the Wwise
Profiler, but others require manual inspection of the capture log, or the
data in the Wwise Authoring Tool.

14.6 DATA VALIDATION AND WORKFLOW TOOLS

Checklists are great, but the bug that takes the least time to fix is one that
never happens in the first place. Since our checklist is a list of What Usually
Goes Wrong, it’s also a great place to start when trying to think of ways to
improve your workflows to reduce the problem, or better yet—to aggres-
sively automate it out of existence.

14.6.1 Make Use of Wwise’s Own Validation Checks

Wwise has a powerful set of project integrity and error checks—although
not all of the errors it reports are necessarily issues on all projects, it is
worth making as many of these errors fatal errors as possible.

14.6.2 1D Search Tool

At least a couple of the common issues in the checklist are caused by sim-
ple typos in the input data. Everyone makes mistakes, but verifying that
a string exists in a large list is a job for your friendly neighborhood com-
puter, not a sleep-deprived and groggy game developer. Before we imple-
mented AudioSymbols, the first way we looked up which ID mapped to
which string was by manually searching in the Wwise_IDs.h file exported
by the build. This got old pretty quickly, so I created a quick GUI tool to
parse the header, and return the string that matched a specific ID, or the
string/ID pairs that matched a given string. I extended this tool to also
search our code, script, and data directories, creating a list of all of the ref-
erences to AudioSymbols in our project. This proved invaluable for catch-
ing typos, references to IDs that no longer existed, and for tracking down
from where in the project a sound was triggered without having to run the
game itself. Figure 14.4 shows the ID search tool.
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Moods. The Intensity of a Snapshot is the amount that the Snapshot is
contributing to the mix. Underneath the hood, Snapshots are imple-
mented as Events that have special tracks that modify the mixer’s set-
tings. In fact, if you switch to the Tracks view with a Snapshot selected,
you can see the how they are implemented as Events. This is shown in
Figure 6.8.

Your sound designers can actually trigger Snapshots directly from
inside Events in the Studio tool. However, in order to work with Snapshots
in code, they will need to be set up properly. On the surface, you can
trigger a Snapshot in code simply by starting it as an Event, but you will
not have the ability to adjust its Intensity at runtime. In order to expose
Intensity to the programmer’s API, the sound designers will need to
expose the Intensity as a parameter. Although they can do this by hand,
there is a shortcut to automate the process. Figures 6.9 and 6.10 show how
to perform this setup. There is, in fact, nothing magical going on here—an
Event Parameter is added called “Intensity,” and it is hooked up to a curve
in the Master track that controls the Snapshot’s Intensity linearly from 0%
at a value of 0 to 100% at a value of 100.

Let’s see how to trigger a Snapshot as an Event.

// Snapshots are presented to the API as Events
FMOD: : Studio: :EventDescription* pSnapshotEvent =
nullptr;
pSystem->getEvent (
"snapshot : /InGamePause, &pSnapshotEvent) ;

// We can trigger this Snapshot by starting the Event
FMOD: :Studio: :EventInstance* pEventInstance = nullptr;
pSnapshotEvent ->createInstance (&pEventInstance) ;

pEventInstance->start () ;

// In order to adjust the Intensity, we retrieve it as a
// Parameter

FMOD: :Studio: : ParameterInstance* pIntensity = nullptr;

pEventInstance->getParameter ("Intensity", &pIntensity);

pIntensity->setValue (50) ;
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still many other possibilities—Is the sound not triggering? Is the sound
triggering, but not loaded into memory? Is the sound triggering and play-
ing, but attenuates too quickly? There could be any number of reasons why
the particular sound is inaudible.

Precise audio terminology is the key to improving communication and
achieving a more granular and detailed level of information, regardless of
the target platform or development software used. Be it Event, Soundbank,
Sound Definition, Parameter, RTPC, Preloading, Trigger, or Area Shape,
reinforcing the precise usage of these terms will help to identify, debug, and
resolve potential issues much faster. It also allows you to involve quality
assurance testers because you can provide detailed information and user
stories in regard to what they should be looking for if issues occur. In the
best case, you receive a bug with all the relevant information in the form
of log files, debug screenshots, and a detailed description of the steps to
reproduce it, which will minimize the amount of time you need to spend
on reproduction.

Of course, established terminology is also the foundation of any type of
documentation and naming convention within the development team, as
it assures that everybody is talking exactly about the same thing. Part of
audio terminology also includes a rock-solid naming convention for every
element in your game, be it folder, asset, game entity, or trigger. However,
to keep the number of characters in check, the use of abbreviations helps
to ensure readability while not blowing the character length limitations of
some platforms. For example, this could be a one-letter indicator such as
“w” for weapon, “v” for vehicle, or “1” for level; or a three-letter abbreviation
such as “col” for collisions, “pro” for projectile, or “pfx” for particle effects.

Mimicking the folder structure of your development platform with
the project structure also increases debugging speed and allows for easier
packaging of the different game features and elements such as levels, char-
acters, vehicles, weapons, patches, updates, or downloadable content. A
continuous number at the end of the name can be used for variations of
the same type, or, if you are working in a database structure, as a revi-
sion indicator. As file repositories can be case-sensitive, it can also prevent
errors by establishing naming rules such as “lower case only,” “underscore
instead of a space,” or “American spelling.”

Figure 9.2 is an example how a naming convention for a vehicle sound
effect could look like.

Following this convention, Figure 9.3 is an example of how a project
structure in your middleware could look like.
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FIGURE 13.3  Target grain and window of grains.

13.3.2 Shuffling Grains
Once we have a target grain and a window of grains, we can generate a play-
list of grains, but to do so we need to have a list of the previously played grains
(which would be empty, if it’s just starting). Now the playlist can be generated.
The first grain when creating a new list should always be the target
grain, and we fill the playlist with randomly picked grains from the win-
dow. Each time we randomly pick a grain, we must ensure that it has not
been played in the last n/2 grains, where 7 is the size of the grain window.
This is done until we have a play list of n grains. When n/2 grains have
been played, we can then generate another #/2 grains in the same fashion.
Once the target grain changes (usually because of engine RPM changes),
the whole list will require regenerating from scratch. Figure 13.4 shows
the grains after they have been shuffled.

13.3.3 How to Play the Grains
Once we have the grains that we want to play, we now need to play these
grains. The usual way to play back our source is to use an input source
plugin, usually through a middleware engine. If you are using a propriety
system, you will probably be able to play sound from a buffer, or more
accurately a ring buffer.

With a middleware solution, or from my own recent experience with
Wwise, the system will request more data to be played, and the main task
is to fill this buffer with enough data to play continuously.

13.3.4 Stitching Grains Together
The next issue to tackle is how to transition cleanly from one grain to the
next. With our grains that we have harvested from our original source,

FIGURE 13.4 The grains shuffled.
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