The Virtual Acoustic RoombyWilliam Grant GardnerS.B., Computer Science and EngineeringMassachusetts Institute of Technology,Cambridge, Massachusetts1982SUBMITTED TO THE MEDIA ARTS AND SCIENCES SECTION,SCHOOL OF ARCHITECTURE AND PLANNING, IN PARTIALFULFILLMENT OF THE REQUIREMENTS OF THE DEGREE OFMASTER OF SCIENCEAT THE MASSACHUSETTS INSTITUTE OF TECHNOLOGYSEPTEMBER, 1992' Massachusetts Institute of Technology 1992All Rights ReservedSignature of the AuthorMedia Arts and Sciences Section

August 10, 1992Certified byBarry Lloyd Vercoe, D.M.A.

Professor of Media Arts and SciencesAccepted byStephen A. Benton

ChairpersonDepartmental Committee on Graduate Students

2The Virtual Acoustic RoombyWilliam Grant GardnerSubmitted to the Media Arts and Sciences Section, School of Architectureand Planning, on August 10, 1992 in partial fulfillment of the requirementsof the degree of Master of Science at theMassachusetts Institute of TechnologyAbstractA room may be used for a wide variety of performances and presentations.Each use places different acoustical requirements on the room. We desire amethod of electronically controlling the acoustical properties of a room so thatone physical space can accommodate various uses.A virtual acoustic room is a room equipped with speakers, microphones andsignal processors that functions as an interactive room simulator. Soundscreated in the room are detected by the microphones, processed to simulate adesired acoustical space, and returned to the room via the speakers. In orderto ensure stable operation and enable simulation of arbitrary spaces, acousticfeedback from the speakers to the microphones must be canceled. Theresulting system is a combination of acoustic feedback cancellationtechnology and multichannel room reverberation technology.This thesis investigates methods applicable to constructing a virtual acousticroom. Acoustic feedback cancellation using static, finite impulse response(FIR) filters is investigated. This technique involves measuring the speakerto microphone response using pseudo-random noise, and creating an FIRcancellation filter from the resulting room response. Multichannel roomreverberation rendering is accomplished by using the source image method todetermine the early echo response of the virtual room and simulating thediffuse reverberant response using digital reverberators based on nested andcascaded allpass filters. A single channel realtime acoustic feedbackcancellation system and a four channel realtime room simulator wereconstructed.Thesis Supervisor: Barry Lloyd Vercoe, D.M.A.Title: Professor of Media Arts and SciencesThis work was supported in part by the Television of Tomorrow Consortium and Pioneer,Incorporated.

3Certified byJudith Brown

Professor of Physics, Wellesley CollegeCertified byBob Chidlaw

Young Chang R&D Institute

4AcknowledgementsI would like to thank my advisor, Barry Vercoe, for his unending support forthis work. His confidence in me has been most appreciated, especially when Ilacked confidence in myself. The same is true of my officemate Dan Ellis,who is a great resource of technical knowledge and a dear friend. I wouldalso thank those people behind the scenes who make it all happen, notablyMolly Bancroft and Greg Tucker, who have both put up cheerfully with anendless stream of requests. Thanks go to Bob Chidlaw for introducing me toaudio signal processing and thus changing the course of my life, to MalayKundu for writing the source image software, and to Pioneer for donatingspeakers and amplifiers. Finally, I thank everyone who has contributed tomy success, whether directly or indirectly: my wonderful colleagues here inthe Music and Cognition Group, my former colleagues at Kurzweil MusicSystems, my roommates, bandmates, friends and family, reader Judy Brown,recommendation writers Dave Mellinger, Don Byrd, and Dennis Picker, andof course, my mother.

5Table of Contents1. Introduction.................................................................................................71.1 Motivation......................................................................................71.2 Scope of Project...............................................................................81.3 Organization...................................................................................102. Background..................................................................................................112.1 Room Reverberation.......................................................................112.2 Reverberation Enhancement Systems..........................................122.3 Reverberation Algorithms..............................................................132.4 Room Simulation............................................................................152.5 Echo Cancellation..........................................................................183. Acoustic Feedback Cancellation.................................................................193.1 Introduction....................................................................................193.2 Predictive Feedback Cancellation.................................................213.3 Theory..............................................................................................223.4 Energy Decay of Room...................................................................253.5 Required Cancellation for a Virtual Acoustic Room.....................263.6 Cancellation Experiments..............................................................293.7 Realtime Cancellation....................................................................373.8 Conclusions.....................................................................................394. Room Reverberation Modeling....................................................................404.1 Introduction....................................................................................404.2 Early Echo Rendering....................................................................424.3 Optimizing the Early Echo FIR Filter..........................................464.4 Results of Early Echo Rendering...................................................464.5 Modeling Air Absorption.................................................................474.6 Diffuse Reverberation Rendering..................................................484.7 Nested Allpass Filters....................................................................494.8 Nested Allpass Implementation....................................................504.9 A General Allpass Reverberator....................................................534.10 Three Diffuse Reverberators........................................................554.11 Creating Spatial Impression........................................................574.12 Combining Early Echoes with Diffuse Response........................574.13 Results of Combined Listening....................................................604.14 The Reverb Compiler....................................................................625. Conclusions and Future Work.....................................................................64References.........................................................................................................66

6Table of Illustrations1.1General block diagram of a virtual acoustic room................................92.1Comb filter flow diagram and impulse response..................................142.2Allpass filter flow diagram and impulse response................................142.3Flow diagram of Schroeder reverberator...............................................152.4Virtual sources in a rectangular room...................................................163.1Generalized one channel sound reinforcement system.........................193.2 Predictive feedback cancellation.............................................................213.3Impulse response of typical room...........................................................233.4Predictive feedback cancellation.............................................................233.5Amplitude envelope of idealized room response....................................253.6Block diagram of experimental cancellation setup...............................303.7Measured impulse response and energy contour of office.....................333.8Cancellation results for noise and speech signals..................................343.9Calculated cancellation results and actual results.................................363.10Realtime cancellation block diagram......................................................384.1Four channel experimental audio system..............................................414.2 Intensity panning between adjacent speakers.......................................424.3Direction of phantom source versus interchannel level-differencefor the lateral loudspeakers of a quadraphonic arrangement...............444.4Perceived versus desired sound direction with noise signals, using 6speakers arranged at 60 degree increments...........................................454.5Rectangular virtual space and direct source location............................454.6 Allpass flow diagram................................................................................494.7Allpass implementation using a sample delay line................................514.8Example of schematic representation of an allpass reverberator........514.9Flow diagram resulting from taking samples from interior of allpass delay line..................................................................................................524.10Generalized allpass reverberator...........................................................544.11Diffuse reverberators for small, medium, and large rooms...................564.12Combining FIR and IIR reverberators....................................................584.13Combining FIR and IIR responses..........................................................58

71. Introduction1.1 MotivationThe motivation for this project stems from the importance of roomreverberation as it relates to the listening experience. Typically, when welisten to a sound in a room, most of the sound we hear is reflected sound. Bycontaining and reflecting the sound energy, a room increases the sound leveland makes acoustic performance to an audience possible. We can think of theroom as a signal processor inserted between the sound source and thelistener, which affects the level, envelope, timbre, and spatial impression ofthe original sound, rendering it within the context of an acoustic space. Wespeak of a room as having "good acoustics" if the effect of the roomcontributes positively to the listening experience. This is entirely dependenton the type of sound generated and the particular use of the room at the time.In many cases, the effect of the room is not at all subtle; the room can ruin aperformance or greatly improve it. Important examples where the room’sacoustical properties have a significant role include lectures, mediapresentation (e.g. cinema, television), theatre, and musical performanceranging from solo recitals to jazz and rock bands to symphony orchestras. Allof these uses place different acoustical requirements on the room.When a performance space is designed, its acoustical properties are targetedfor a particular use, or a small range of uses. Consequently, one must seekout a proper acoustical space for a particular performance. In addition, thevast majority of architectural spaces are designed with no regard toacoustical properties. Thus, in living and working spaces we are stuck withwhat we get acoustically.A wonderful solution to these problems would be a room with electronicallycontrollable acoustics. Performance spaces could be tailored to eachparticular use, thus a single performance space could accommodate a varietyof functions. Perhaps more significantly, living and working spaces could beacoustically customized to the desires of the occupants. This is not a frivolousidea. For many people, the ability to adjust the acoustic parameters of theirpersonal space would be welcome indeed. Consider, for example, a musician

8rehearsing a piece in an apartment, but hearing the acoustics of a concerthall.I introduce the concept of a virtual acoustic room, a room designed to haveelectronically controllable acoustical properties, and yet function like anordinary room. I will make the distinction between the physical space of theroom and the synthesized virtual acoustic space that surrounds the physicalspace. The implementation of the virtual acoustic room will necessarilyinclude microphones to detect sound created in the room, signal processors tosimulate a desired acoustical space, and loudspeakers to return the processedsound to the physical space.1.2 Scope of ProjectThis thesis investigates methods applicable to constructing a functionalvirtual acoustic room. I will consider a system that uses speakers andmicrophones located at the perimeter of the physical space. To make the taskeasier, I will assume that the physical space in which the system is installedis acoustically neutral, so the naturally occurring acoustical properties do notoverwhelm the synthetic acoustics. Note that causality limits the size of thevirtual acoustic space to be no smaller than the physical space, therefore it isimpossible to simulate small room acoustics with a large physical space.Because of this, and the desire to simulate a variety of different sized rooms, Iwill assume the physical space is relatively small. In addition, I will ignorethe usual performance paradigm of a performer on stage before an audience;in this instance, anyone in the virtual acoustic room is both a performer and alistener.The premise of this thesis is that the implementation of the virtual acousticroom requires the solution to two independent problems: cancellation of theacoustic feedback between the speakers and microphones in the physicalspace, and the rendering of the reverberant field of the simulated acousticspace.Acoustic feedback from the speakers to the microphones must be prevented.Unchecked, it will result in either unstable operation or coloration of the

9resulting reverberant field, or it will force operation at insufficient gain levelsto be useful. Furthermore, acoustic feedback prevents the system fromsimulating arbitrary spaces because the system hears and reprocesses itsown output. For the acoustic feedback cancellation problem, I will investigatea solution based upon predictive cancellation. Each speaker microphone pairis modeled as a linear, time-invariant system whose system response can bemeasured. This enables us to predict what sound will arrive at a givenmicrophone originating from a given speaker. Thus, we can cancel anyspeaker originated sound arriving at the microphones.The reverberation rendering problem is somewhat easier, and can be solvedadequately by modeling the early reflection portion of the reverberant fieldseparately from the later diffuse reverberation.The figure below shows the general block diagram of a virtual acoustic room.Sounds created in the physical space are detected by an array of microphones,these are passed through a feedback cancellation system which removesspeaker originated sounds. The resulting microphone signals contain soundscreated within the physical space, and these are passed to the roomreverberation rendering system. The resulting array of speaker signals arepassed through the feedback cancellation system and broadcast through thespeakers. The simulated room is selected by a suitable user-interface.

roomreverberationrenderingacousticfeedbackcancellationmicrophonesignals virtualroomspecification speakersignalsuserinterfacephysical spaceFigure 1.1 General block diagram of a virtual acoustic room.

101.3 OrganizationChapter 2, "Background" will review the most important developments in thedisciplines related to this subject. The chapter starts with a review of roomreverberation, and then continues with descriptions of reverberationenhancement systems, reverberation algorithms, room simulation, and echocancellation.Chapter 3, "Acoustic Feedback Cancellation" covers the topic of acousticfeedback cancellation via system measurement and linear filtering. Thetechnique and its limitations are discussed and a simple theory is introduced.The amount of cancellation required to implement a virtual acoustic room isderived. Experimental results are given from both non-realtime simulationsand a realtime cancellation system that was successfully developed.Chapter 4, "Room Reverberation Modeling" covers the topic of simulatingroom reverberation with a small number of speakers located at the perimeterof the physical space. The problem is segregated into two parts: renderingthe early echo response of a room using tapped delay lines based on thesource image model, and rendering the later diffuse reverberant field usingnested allpass reverberators. The reverberation algorithms are discussed insome detail. A four channel realtime experimental setup is described thatsuccessfully simulated a variety of different rooms.Chapter 5, "Conclusions and Future Work" is a critical assessment of thework done and the results achieved. Areas of further research are indicated.

112. Background2.1 Room ReverberationThe process of reverberation starts with the production of sound at a pointwithin a room. The acoustic pressure wave expands radially outward,reaching walls and other surfaces where energy is both absorbed andreflected. Reflection off large, uniform, rigid surfaces produces a reflectionthe way a mirror reflects light, but reflection off non-uniform surfaces is acomplicated process, generally leading to a diffusion of the sound in variousdirections. The wave propagation continues indefinitely, but for practicalpurposes we can consider the propagation to end when the intensity of thewavefront falls below the intensity of the ambient noise level.Assuming a direct path exists between the source and the listener, thelistener will first hear the direct response, followed by the reflections of thesound off large nearby surfaces, the so called early echoes. After a shortperiod (one tenth of a second for typical rooms), the density of reflected wavesbecomes too high for discrete recognition. The remainder of the reverberantdecay is characterized by a dense collection of echoes traveling in alldirections, whose intensity is relatively independent of location within theroom. This is called diffuse reverberation. The diffuse reverberation of goodsounding concert halls decays exponentially [Schroeder-62]. The timerequired for the reverberation level to decay to 60 dB below the initial level isdefined as the reverberation time.Reverberation models treat the direct response and early echoes separatelyfrom the later diffuse reverberation. The direct response and early echoesconsist of discrete wavefronts; they are directional and elicit a correlatedresponse in the ears of the listener. They are also completely dependent onthe orientation of the source, listener, and the major reflective surfaces.Consequently, the pattern and directionality of the early echoes provides thelistener with information regarding the geometry of the physical space[Benade-85].

12In contrast, the diffuse reverberation contributes to the spaciousness andtimbre of the room, evoking a less specific response. Research in concert hallacoustics has confirmed that listeners respond favorably to lateral (left-right)reverberant energy, which results in uncorrelated signals at the two ears[Schroeder-74], [Barron-81]. Front-back reverberant energy would arrivesimultaneously at the two ears, and would thus be correlated. The lack ofbinaural coherence is a main contributor to the perception of spaciousness ofa room.2.2 Reverberation Enhancement SystemsThe largest amount of related work is found in the field of electroacousticalreverberation enhancement systems for concert halls. Reverberationenhancement systems address the frequently occurring problem of a concerthall that has poor acoustics. Generally, enhancement systems seek toincrease the reverberation time of the hall at various frequencies. There havebeen several different approaches taken in the design of reverberationenhancement systems. I will briefly describe three relevant methods below.A multichannel reverberation (MCR) system works by equipping a concerthall with many speaker-microphone pairs, each tuned to a specificnarrowband frequency range [Parkin-65]. By increasing the loop gain for aspeaker-microphone pair such that the acoustic feedback causes ringing, it ispossible to arbitrarily lengthen the reverberation time at that frequency. AnMCR system relies on acoustic feedback to lengthen the reverberation time,but the feedback is carefully controlled in each band. Essentially, thisamounts to adding electroacoustic resonators to a room in order to increasethe reverberation. An MCR system has no method of controlling early echoresponse.Berkhout’s Acoustic Control System (ACS) is based on the principle ofreconstructed wavefronts [Berkhout-88]. Acoustic wavefronts produced byperformers on stage are captured using a large array of microphones andreproduced for the audience using a large array of loudspeakers. Anintermediate signal processing system allows the early echo response anddiffuse reverberation of the room to be modified. Acoustic feedback is reduced

13by 1) directing the loudspeakers towards the audience and away from themicrophones, 2) the use of directional microphones placed close to the soundsource, and 3) the use of time variant reverberators. The ACS is essentially amultiple channel sound reinforcement system that relies on close miking toavoid feedback. As currently formulated, it is only applicable to situationsinvolving a performance stage and an audience.A recently developed method of reverberation enhancement requires the useof time variant reverberators [Griesinger-91]. A time variant reverberatorcan be constructed by inserting one or more time varying elements (delays orgains) into a standard reverberator. The resulting time variant systeminhibits the buildup of acoustic feedback by constantly varying the phaseresponse at all frequencies. Care must be taken to ensure that the timevariation does not lead to perceptible frequency or amplitude modulation.Sounds created in the hall are picked up by a few microphones and passedthrough many time variant reverberators, each attached to a separatespeaker bank. The use of many time variant channels increases therandomization effect of the reverberators and allows higher gain operation aswell as distant mike placement. The result is a high gain, but stable,enhancement system. However, the use of time varying reverberators toachieve stability does not address the problem of the system hearing itself.In order to create arbitrary virtual spaces, acoustic feedback must be blocked.This is especially important for proper rendering of early echo response.Nevertheless, time varying reverberators can be used in conjunction withother feedback cancellation technology in order to enhance system stabilitywithout added coloration.2.3 Reverberation AlgorithmsEarly efforts at simulating reverberation concentrated on the design of digitalfilters to mimic the response of rooms. These efforts were guided by the ideathat the perceptual difference between a real room and a greatly simplifiedsimulation could be made small [Schroeder-62]. Schroeder’s initialreverberator design was composed of two types of infinite impulse response(IIR) filters, comb filters and allpass filters. A comb filter is a simple delaywith feedback:

14Z-mXYgm2m3m4m5m01gg2g3g4nFigure 2.1 Comb filter flow diagram and impulse response.The time domain impulse response of a comb filter is an exponentiallydecaying pulse train. Thus, the comb filter�s response is somewhat analogousto an acoustic plane wave reflecting back and forth between two parallelwalls. The pole-zero diagram of a comb filter contains poles evenly spacedaround the unit circle with angles corresponding to the mth roots of unity,and with magnitudes of the mth root of g. The frequency response of thecomb filter is a maximum at each pole location, and a minimum betweenpoles (the resulting comb-like shape of the response is responsible for thename).An allpass filter is like a comb filter with a feedforward path around thedelay:

Z-mXYg

15comb35 ms.comb40 ms.comb45 ms.comb50 ms.allpass5 ms.allpass1.7 ms. S XYFigure 2.3 Flow diagram of Schroeder reverberator. Delay lengths shown in milliseconds,allpass filter gains are 0.7, comb gains are determined by desired reverberation time.The basic idea of the parallel comb filters is to simulate the echoes that occurbetween walls in a concert hall; in the frequency domain, the peaks caused bythe comb filters correspond to the normal modes of the hall. However, theparallel comb filters do not supply a sufficient buildup of echoes for realisticdiffuse reverberation (in fact, the filters have a constant echo rate, so there isno buildup at all). In order to increase the echo density, the output of thecomb filters is fed into one or more allpass filters in series. Each allpass filterhas a multiplicative effect on the number of echoes, but prevents colorationbecause of the allpass filter�s flat frequency response.Although it was a breakthrough in its time, the Schroeder reverberator isquite poor by today’s standards. The echo density does not build upsufficiently, and the reverberator has a very poor response to impulsivesounds, which create a rough, fluttering decay. Moorer revisited this basicdesign and made many improvements [Moorer-79]. More comb filters wereadded to achieve a greater echo density, the comb filters incorporated lowpassfilters in their feedback loops to simulate frequency dependent air absorption,and the early echo response of the room was simulated by a tapped delay line.The Moorer reverberator does sound much more realistic than the Schroederreverberator, but still exhibits a poor response to impulsive sounds.2.4 Room SimulationUnlike the study of reverberation algorithms, which are crude but efficientsimulations of rooms, the study of room simulation is not concerned withefficiency, but accuracy. In general, these systems work by converting a

16detailed description of the room to be simulated (including the source andlistener positions) into a binaural impulse response which is rendered byperforming large convolutions with the input signal [Kleiner-91]. Methodsfor deriving the impulse response of the room include the source imagemethod and acoustic ray tracing [Borish-84a].The source image method models the room as a finite number of polygonalacoustic mirrors. A sound source reflecting off a wall is equivalent to twosources, the original source in front of the wall, and a virtual source (themirror image of the original source) behind the wall. The source imagemethod identifies all virtual source positions out to a specified maximumdistance. The free path propagation from these virtual sources to the listenerposition then determines the echo response. The figure below shows arectangular room containing a source X and a listener O. Some nearbyvirtual sources are also indicated. From the listener�s point of view, listeningto the source reflections is equivalent to listening to the free field response ofthe virtual sources. Finding the virtual sources in arbitrary polyhedral roomsis a complicated, but well understood procedure [Borish-84b].

sourcelistenervirtualsource

17The ray tracing method works by propagating a large number of rays in alldirections from the source position. Ray propagation continues linearly,reflecting off intersected walls, until the ray passes through a region close tothe listener. This corresponds to a contribution to the listener (via thereflected path) from the source. By applying a statistical scattering to eachreflection, diffuse reflective surfaces can be modeled. This makes ray tracingan excellent method for determining long term statistical properties of roomreverberation [Schroeder-70]. For early echo determination, however, thesource image method is a far more direct approach.Using either method, a finite impulse response (FIR) filter is created from thecomposite contributions of each virtual source to the listener. The FIR tapdelay lengths correspond to the sound travel time between the virtual sourceand the listener. The FIR coefficient amplitudes are proportional to thereciprocal of distance to the virtual source. All reflections also reduce theamplitude of the virtual source by a factor of the reflection coefficient of thewall material. A further improvement is to model the frequency dependenceof air absorption and surface reflections. This is perfectly feasible, butincreases the filter complexity.Non-interactive room simulation has received considerable attention. Thesystem described in the Kleiner reference accepts reverberant-free sourcematerial which is injected into a simulated room at a specified position. Thebinaural output corresponding to a specified listening position is computedand presented to a listener. Rather than use headphones, the binaural signalis delivered to the listener’s ears using stereo speakers and a head relatedcrosstalk cancellation filter [Schroeder-63]. The listener’s position mustremain fixed. Although the system is realtime, the researchers have acceptedthe constraints of non-interactivity and fixed listener position in order toimprove the accuracy of the simulation.Instead of simulating synthetic rooms, it is possible to record the binauralimpulse responses of actual rooms [Schroeder-74]. The recorded responsescan be used in place of the synthetic responses described above. In this way,the acoustics of different real rooms can be readily compared using the samesource material.

18Several room simulators have been developed that render the simulatedreverberant field using large arrays of loudspeakers surrounding a listener inan anechoic chamber [Meyer-65] [Kleiner-81]. The systems described in thereferences utilized 65 and 52 loudspeakers, respectively. The 52 loudspeakersystem simulated the early echo response using a 14 channel digital delayline (hence, 14 early echoes could be simulated), and the diffuse reverberantresponse was simulated using a reverberation chamber that provided fourincoherent output channels.2.5 Echo CancellationThe problem of echo cancellation is a recurring one in speech recognition andtelephony and is related to the problem of acoustic feedback cancellation. Inspeech recognition, the original speech signal is often accompanied by thereverberant response of the room, and it is desired to remove the reverberantechoes to recover the original signal. This is a problem of deconvolving twounknown signals [Oppenheim-89]. If by some chance the room response isknown, then recovering the original speech is a matter of inverse filtering[Neely-79]; when the response is not known, a technique such ashomomorphic deconvolution can perhaps be used [Schafer-68] [Stockham-75].A more relevant application of echo cancellation occurs in telephony, whereechoes are created when a 4-wire long distance link is attached to a 2-wirelocal link. The echo response is not known a priori, and is subject to changeover time, but the transmitted speech signal is known; the problem is simplyto estimate the echo response and use this to cancel the generated echoes.This problem has been solved using adaptive finite impulse response (FIR)filters [Sondhi-67]. Adaptive FIR filters have also been applied to theproblem of acoustic echo cancellation in teleconferencing [Sondhi-91].

193. Acoustic Feedback Cancellation3.1 IntroductionAs discussed in the introduction, the problem of acoustic feedback betweenthe speakers and microphones must be overcome in order to implement avirtual acoustic room. Let us review the system function of a generalized onechannel sound reinforcement system:

GyxDLRysxsound sourceyfinal sound heard by listeneryssound sent to speakerDtransfer function from source to microphoneLtransfer function from speaker to listenerRtransfer function from speaker to microphoneGtransfer function of electronics (gain, reverb, etc.)Figure 3.1 Generalized one channel sound reinforcement system.We can easily solve for the system response from source to speaker, and fromsource to listener:

ysx = GD 1− GR

(3.1)

y x = LGD 1− GR

(3.2)The condition for system stability, that the loop gain be less than unity, issimply

GR < 1

(3.3)for all frequencies. The overall system gain is determined by LGD. Typically,L, the response from speaker to listener, and R, the response from speaker tomicrophone, are both reverberant room responses that are not controllable.Sound engineers adjust D, the response from source to microphone, and G,the electronics, to obtain acceptable system gain without instability orcoloration. D is altered by changing the microphone to source distance, thuschanging the amount of direct sound energy that the microphone receives.The problem with the virtual acoustic room is shared by all reverberationenhancement systems, namely it is not possible to move the microphone(s)close to the sound source. In the virtual acoustic room, we desire a perimetersystem of speakers and microphones. This is a similar situation to manyreverberation enhancement systems in concert halls, where the microphonesand speakers are intentionally hidden from public view. Consequently, themicrophones are far from the source (hence D is small), and any effort toincrease the overall gain LGD by increasing G causes the frequency peaks inGR to approach unit magnitude, which leads to ringing or uncontrolledfeedback.As Griesinger points out, coloration due to feedback can be reduced by:1) Moving the microphones closer to the source.2) Reducing the system level by reducing the system gain.3) Increasing the number of independent channels.4) Adding some form of time variation.Increasing the number of independent channels is the approach taken in themultiple channel reverberation enhancement systems, and adding time

21variance is Griesinger�s approach. I will investigate another possibility, thatof directly canceling the feedback path R by measuring R and approximatingit using an FIR filter. I call this predictive feedback cancellation.3.2 Predictive Feedback CancellationThe diagram below shows a one channel sound reinforcement system with afeedback cancellation filter: R0G Figure 3.2 Predictive feedback cancellation.In the above diagram, R is the system response between the speaker andmicrophone, and R0 is an FIR filter that approximates R, obtained bymeasuring R directly. The loop gain of this system is

G(R− R0 ) 1− G(R− R0 )

(3.4)Clearly, as R0 approaches R, the loop gain of this system approaches 0,indicating complete feedback cancellation. The success of this techniquedepends on various conditions:1) The degree to which the system function R can be modeled as a linear,time-invariant system. We would expect R to be fairly linear, since speakers,microphones, amplifiers, D/A and A/D converters, and rooms can all bemodeled well as linear systems. However, the system will not be entirelytime-invariant, due to people moving about in the space, air currents causedby convection and ventilation, and changing atmospheric conditions.

222) The accuracy of the measurement of R. Presumably, the measurement isdone once before each use. Assuming that the system is entirely linear andtime-invariant, then the issues here are noise immunity and efficiency.Clicks, chirps, and noise bursts are commonly used measurement signals.3) The complexity of R. Since R is essentially a room response, thecomplexity of R is determined by the reverberation time of the room. In thecase of the virtual acoustic room, we have already mentioned that we intendto use an acoustically dead physical space, and thus R will have a small timesupport, perhaps a few hundred milliseconds.4) The computational power allocated to implement R0. Currently,commercially available processors can implement 128,000 point FIR filters inrealtime, although they are expensive. On the other hand, an inexpensivesignal processor can implement a 200 point FIR filter in realtime. Thesefigures are for typical high quality audio sampling rates (44.1 kHz).Another issue related to this technique is the number of cancellation filtersneeded for multiple channel systems. Each speaker microphone pair requiresa cancellation filter, and thus the number of cancellation filters is equal tothe product of the number of speakers and microphones.3.3 TheoryThe amount of cancellation can be defined as the ratio of the signal energyoutput from the microphone to the energy of this signal after the subtractionof the cancellation filter output. We would like to develop a simple theory topredict the amount of cancellation in decibels given the reverberation time ofthe physical space and the length of the FIR filter R0. We will assume anideal situation, where the system R is completely linear and time-invariant,and the measurement technique recovers R without degradation. Aftermeasuring, we create the FIR filter R0 of length t0 by choosing a rectangularwindow over R that maximizes the energy of the filter coefficients. Because Ris a time-decaying room response, the filter coefficients will generally betaken from the start of R, as shown in the figure below.

23amplitudetime t0

R0R = R0+R1y0y1xFigure 3.4 Predictive feedback cancellation.Here, we consider the room response R as composed of R0 (the portion beingcanceled) and R1 (the portion not being canceled). The cancellation amountin decibels is

Cancellation in dB = 10 log10 Energy in y0

Energy in y1

(3.5)where

y^o[n]= x[n]*(r^0[n]+r^1[n])

(3.6)

y^1[n]= x[n]*r^1[n]

(3.7)Expanding the inner ratio in equation 3.5:

Energy in y0

Energy in y1 = x[n]*r_0[n]+ x[n]*r_1[n] ( )2 n∑ x[n]*r1[n] ( )2 n∑

(3.8)

= x[n]*r_0[n] ( )2 +2 x[n]*r0[n]

( ) x[n]*r1[n] ( )+ x[n]*r1[n] ( )2 n∑^{x[n]*r1[n]} ( )2 n∑

(3.9)Using Parseval�s theorem:

= Χ ω( )_2 R_0 ω( )_2 dω − ππ∫ +2 Χ ω( ) 2 R0 ω( )R1* ω( )dω − ππ∫ + Χ ω( ) 2 R1 ω( ) 2 dω − ππ∫ Χ ω( ) 2 R1 ω( ) 2 dω − ππ∫

(3.10)To simplify, let�s assume x[n] is a broadband signal such that

X ω( ) = 1 for all ω

(3.11)Furthermore, the cross product terms in equation 3.10 can be eliminatednoting that r0[n] and r1[n] are nonzero over different ranges of n and so theirproduct is zero for all n:

r0[n]r1[n] = 0 f← → n∑ R0 ω( )R1* ω( )dω − ππ∫ = 0

(3.12)Thus, the energy ratio simplifies to

Energy in y^0

Energy in y^1 = R^0 ω( )_2 dω − π

π ∫_{+ R}1_{ω( ) 2 dω} − π

π ∫ R^1 ω( )_2 dω − π

π ∫

(3.13)

= Energy in r_0 + Energy in r_1

Energy in r^1

(3.14)Thus, for simple broadband input signals such as an impulse or white noise,the amount of cancellation is determined by the ratio of energy in the totalresponse r to the energy in the uncanceled portion r1. Note that fornarrowband signals, the cancellation filter can have an undesired effect.Imagine a multipath propagation from a speaker to a microphone such thatthe microphone is at a pressure node for some frequency. Applying acancellation filter that cancels some, but not all, reflected paths will increasethe canceled (y1) signal strength at that frequency. Even for broadband inputsignals, some frequencies will be boosted by the cancellation filter, but theaverage effect is to attenuate signal energy.3.4 Energy Decay of RoomTo relate the findings of the previous section to real rooms, we consider thesystem function R to be a room�s impulse response which is modeled as abroadband noise signal with an exponentially decaying envelope. Theenvelope of the response is depicted below:

26In this diagram, t0 is the length of the FIR cancellation filter, whichpartitions the response into the r0 and r1 sections. To determine thecancellation, we are interested in the ratio of energies as given by equation(3.14). This ratio is expressed below:

eat( )2

0∞∫ dteat( )2 dt t0∞∫ = e− 2at0

(3.15)The relationship between the decay factor (a) and the 60 dB reverberationtime (T) is simply:

eaT = 11000, a = ln 0.001( )T = − 6.91T

(3.16)Combining equations 3.5, 3.15, and 3.16, the cancellation in decibels giventhe reverberation time of the physical space (T) and the length of the FIRfilter (t0) is:

Cancellation in dB = 10 log10 e13.82t0 T( ) = 60t0T

(3.17)which is hardly a surprising result. This simply says that if we choose t0 tobe equal to the 60 dB reverberation time of the room, then we would expect60 dB of cancellation. This result, although correct for highly idealizedsimulations, is inadequate for predicting actual cancellation amounts in realrooms, as we will see in the experimental section.3.5 Required Cancellation for a Virtual Acoustic Room.How much cancellation is required to implement a virtual acoustic room?Griesinger�s approach to solving this problem is to relate the loop gain of thereverberation enhancement system to the enhanced critical distance of thevirtual acoustic space [Griesinger-91], and I will draw heavily from his paperin this section.

27The critical distance of a room is the distance from a sound source at whichthe direct sound level is equal to the reverberant sound level. Thus, thecritical distance is a measure of the reverberation level of a room. Typicalconcert halls have critical distances of about 7 meters; a living room mighthave a critical distance of under 1 meter. When a reverberationenhancement system is active, the reverberation level in the room willgenerally increase, thus establishing an enhanced critical distance that issmaller than the natural critical distance of the room.Considering a system with a single speaker and microphone, the average loopgain of the system is the average microphone output from the speaker dividedby the average microphone output from the source:

Avg. loop gain = avg. mike output from speaker avg. mike output from source

(3.18)Referring to figure 3.1, the average loop gain is:

Avg. loop gain = RysDx = GR1− GR

(3.19)Quoting directly from Griesinger,�In a broadband system the loop gain is an average over manyfrequencies. The transfer function between the speaker and microphonehas many peaks and valleys as a function of frequency due to theinterference between the many reflections in the sound path. The loopgain at some frequencies is much higher than the average. As the gainin the system is increased the system rings at the frequency of thehighest peak. If we assume the microphone and the loudspeaker areseparated by at least the critical distance of the room, the average loopgain where ringing begins has been predicted by Schroeder (see[Schroeder-54]). The maximum gain depends on the reverberation timeof the room and the bandwidth of the system, and is always much lessthan unity. For a broadband system and a reverberation time of twoseconds the maximum loop gain is about -12 dB. In addition, to avoid

28obvious coloration in a broadband system the loop gain should be atleast 8 dB less than the gain at which ringing begins. This means for ahigh quality reinforcement or acoustic enhancement system the averageloop gain must be -20 dB or less!�For the case of a sound reinforcement system, the response R in equation 3.19will generally be a reverberant room response, and G will be a simple gain.However, in a virtual acoustic room, the response R will generally havesignificantly less reverberation than the response G, which is the synthesizedreverberant response. Nevertheless, we need only consider the reverberationtime of the product of these responses (GR), when determining the maximumloop gain.We can easily reformulate the average loop gain based upon the distancefrom the source to the microphone and the enhanced critical distance asfollows:

Avg. loop gain = source distance enhanced critical distance

(3.20)For the virtual acoustic room, we know the distance from the source to themicrophone, as well as the enhanced critical distance of the synthesizedvirtual space. Using equation 3.20, we can then determine the average loopgain of the virtual acoustic room without acoustic feedback cancellation. Ingeneral, this loop gain will be much higher than the -20 dB maximum loopgain established for high quality reinforcement. The difference between thetwo will indicate the amount of cancellation required:

20 log10 avg. loop gain ( ) + cancellation ≤ -20 dB

(3.21)where the cancellation is expressed in decibels. The enhanced criticaldistance of the virtual acoustic space depends on the reverberation time andvolume of the virtual room. From Kuttruff, the relationship given for realrooms is:

rh = 0.1 VπT 1 2

(3.22)

29where rh is the critical distance of the room, V is the volume of the room incubic meters, and T is the 60 dB reverberation time [Kuttruff-91]. Note thatthis will apply equally to a virtual acoustic room provided that the renderingof the virtual room conserves energy, and therefore changing the virtualroom volume or reverberation time will affect the enhanced critical distanceas in equation 3.22. Combining equations 3.21 and 3.22, the cancellationrequired is:

Cancellation in dB ≤ − 20 1+log10 source distance 0.1 V πT ( )1 2

(3.23)This result assumes that the microphone is omnidirectional and is placedsuch that it receives the same reverberation level as a listener. Lesscancellation is required if a directional microphone is used or if the speakerplacement directs most of the synthetic reverberant energy toward thelistener rather than the microphone (however, because small speakersradiate omnidirectionally at low frequencies, it is difficult to affect lowfrequency feedback through speaker placement).An example of the use of equation 3.23 follows. Imagine we are simulatingBoston Symphony Hall in a physical space with a source to microphonedistance of 2 meters. Symphony Hall has a volume of 18,800 cubic metersand a reverberation time of 1.8 seconds (500-1000 Hz). This yields a criticaldistance of 5.8 meters, and thus -10.8 dB of cancellation is required.Unfortunately, the cancellation required as given by equation 3.23 cannotsimply be equated with the cancellation in equation 3.17 (the amount ofcancellation obtained as a function of FIR length and reverberation time).This is because the loop gain analysis requires that the gain be decreased atall frequencies so that peaks in the spectrum do not ring. Equation 3.17 givesan average cancellation, but says nothing about peaks in the canceledspectrum.3.6 Cancellation ExperimentsThe remaining sections in this chapter will discuss various experimentsconducted regarding predictive feedback cancellation in rooms. The

30experiments were designed to determine the amount of feedback cancellationpossible in a real situation. Specifically, the experiments involvedcancellation between a single speaker microphone pair in various sizedrooms. The diagram below shows the complete system that was to bemeasured and predicted:

amproomD/AA/DHPFpreamp

xyFigure 3.6 Block diagram of experimental cancellation setup.In the above diagram, x is the input to a system that consists of a D/Aconverter, a power amplifier, a speaker, room, and microphone, a microphonepreamplifier, A/D converter, and a digital AC-coupling highpass filter. TheAC-coupling filter is necessary because of the DC offset added by A/Dconverters which causes a non-linear transfer function. The filter used was aone pole, one zero implementation with a -3 dB corner frequency of 20 Hz.The experiments consisted of the following steps:1) Set up components, calibrate system gain, and measure ambient noiselevel.2) Measure the impulse response of the system.

313) Play a noise burst and a speech signal through the system and record theresults.4) Using various length FIR filters to approximate the system response,determine how much energy cancellation is obtained for each signal.5) Repeat with a different room.The equipment used included an Apple Macintosh IIx computer with aDigidesign Audiomedia DSP card (containing 16-bit A/D and D/A converters),a Pioneer A-337 integrated amplifier, a Pioneer S-T1000 bookshelf typeloudspeaker, a Neumann KM84i cardiod microphone, and a Yamaha MLA7microphone preamplifier.As seen from the DSP card, the system is a discrete time 16-bit digital system(at a 44.1 kHz sampling rate), and all energy measurements were donerelative to a full scale 16-bit square wave, which is defined as an energy of 0dB. The system gain was set by adjusting the amplifier output gain andmicrophone preamp gain so that the broadband system gain wasapproximately -4 dB, and so the components were operating in nominal,linear regions. The ambient noise level of the system was measured byrecording 2 seconds of sound, calculating the recorded signal�s energy, andaveraging several such measurements.The system response was measured using ML sequences (maximum lengthpseudo-random binary sequences; an excellent description of ML sequencemeasurements is given by Rife [Rife-87]). The amplitude of the measurementML sequences was 8191, thus their energy was -12 dB. The period length ofthe ML sequence depended on the room being measured, and was either65535 samples (1.5 seconds) or 32767 samples (0.74 seconds). The testsignals were a 2 second gaussian noise burst with an energy of -12.3 dB, anda 2 second speech signal �this is a test of sampled speech� with an energy of-16.4 dB.

32Three rooms were tested, the Experimental Media Facility (the �Cube�), myoffice (E15-491) and a small listening booth (E15-484a). The table belowgives relevant data for the three rooms:roomw¥l¥h (ft)vol (m3)dsrc (m)T (sec)noise (dB)gain (dB)rh (m)Cube60¥60¥5051003.50.61-48-45.2

Office8¥13¥123520.34-57-50.56484a5¥8¥7810.12-66-30.46The table gives the dimensions and volume of the room, the speaker tomicrophone distance (dsrc), the 60 dB reverberation time (T), ambient noiselevel, system gain, and critical distance (rh) calculated using equation 3.22.The reverberation time was obtained directly from the energy contour of thesystem responses (using a 5 msec averaging window). Because the noise levelof the system responses was generally -40 to -50 dB (somewhat higher thanthe ambient noise), the 60 dB reverberation time was estimated by linearextrapolation of the 20 and 40 dB reverberation times. Because of themultislope nature of room responses, this technique may yield shorterreverberation times than more classical techniques. The figure on thefollowing page shows the impulse response and energy contour of my office.

33.0.10.20.30.40.500.6-0.10.1-0.20.2Time (sec)0.10.20.30.40.500.6-60-50-40-30-20-10-700Time (sec)

Energy (dB)

34contain leading zeros corresponding to the sound travel time between speakerand microphone. The cancellation amount was calculated by comparing theenergy of the recorded signal with the energy of the canceled signal. Thecanceled signal was obtained by convolving the original signal with the FIRfilter response and subtracting the result (appropriately delayed) from therecorded signal (see figure 3.3). The following plots show the cancellationamount in decibels as a function of FIR filter length for both the noise andspeech test signals:.

100000100001000100101

-100102030

FIR lengthResults using noise test signal

Cancellation in dB

484aCubeOffice. 100000100001000100101

-100102030

FIR lengthResults using speech test signal

484aCubeOfficeFigure 3.8 Cancellation results for noise and speech signals.

35The noise test signal yielded better cancellation than the speech signal for allthree rooms. In room 484a, the noise signal was attenuated by over 20 dBwith a 1024 point FIR filter, which is an excellent result. For both the noiseand speech signals, room 484a yielded the best results, followed by the Cube,and the office had fairly dismal results. In fact, the office results were so poorthat the experiment was completely redone using different speaker andmicrophone positions, but the results were essentially the same. According toour primitive theory (equation 3.17), we would expect the cancellation to bebest in rooms with small reverberation times, thus the office should havefaired better than the Cube.There are two possible reasons why the office results are so poor, relating totime variation and non-linearity in the room response. First, I was in myoffice during the measurement procedure, and even though I was fairlymotionless during each measurement, I undoubtedly shifted positionsbetween the ML sequence measurement and the playback/recording of thetest signals. I was similarly present in the Cube during measurements, butthe Cube has almost 150 times the volume of my office, so it seems unlikelythat a small shift in my position would affect the Cube�s response greatly.Room 484a was empty during measurements. It is possible that smallchanges in my position affected the room response significantly, or perhapsother factors are involved, such as air currents due to ventilation andconvection. Another possibility is that the office has a fairly non-linear roomresponse due to the presence of various objects that buzz and rattle non-linearly when excited acoustically. A room response that is time varying andnon-linear adversely affects both the room response measurement and thesubsequent cancellation filtering. ML sequence measurements recover thelinear, time-invariant portion of the room response; any time variation ornon-linearity will show up as noise in the measurement. This is why thenoise level of each room response measurement was higher than themeasured ambient noise level of the room. The cancellation filter effectivelycancels the linear, time-invariant portion of the room response, leavingdistortion products untouched. Listening to the canceled office speech signalrevealed a distorted result, curiously sounding more like ring modulationthan harmonic distortion.

36The results of room 484a are closest to ideal for several reasons. The roomwas designed to be acoustically isolated and extremely dead; the walls arethick fabric covered fiberglass panels, the floor is carpeted, and the ceiling isacoustical tile. Measurements were made remotely with the speaker andmicrophone enclosed in the empty room. The plot below compares thecalculated cancellation and the actual results. The calculated cancellationhas been clipped to the maximum possible cancellation, which is simply theenergy difference between the test noise signal and the ambient noise (in thiscase, 36.7 dB).

.

100000100001000100101

010203040

Calculated cancellation versus actualFIR length

Cancellation in dBCalculatedActual

Figure 3.9 Calculated cancellation results and actual results.The actual cancellation results show more cancellation for small FIR filterlengths. This is because the start of the system response has a significantamount of direct sound energy even though the microphone to speakerdistance was greater than the critical distance of the room. For large FIRfilter lengths, the actual cancellation reaches a limit of 24.3 dB. Listening tothe canceled speech signal (17.8 dB cancellation with a 2048 point FIR filter),revealed an attenuated, but distorted result. Clearly, some element in theaudio path (most likely the speaker) was distorting, and by removing thelinear portion of the result via the cancellation filter, we are left with theremaining distortion products.

37The cancellation model could be greatly improved by accounting for thefollowing factors:1) Ambient noise.2) Non-linearity (distortion).3) Time variation.4) Speaker to microphone distance vs. critical distance (i.e. proportion ofdirect to reverberant sound).Ambient noise, non-linearity, and time variation all contribute noise to theroom response measurement and constrain the maximum cancellationpossible. Ambient noise and non-linearity can be easily measured. Timevariation could be measured by making many ML sequence measurementsand determining the variance of the results. Any variation not accounted forby ambient noise or distortion would be considered a system responsevariation. Accounting for the proportion of direct to reverberant sound allowsus to better predict the behavior of short FIR cancellation filters.3.7 Realtime CancellationA realtime cancellation system was programmed using a DigidesignAudiomedia DSP card. The card contains a 20 MHz Motorola 56001 DSP,sample memory, and stereo, 16-bit A/D and D/A converters. The blockdiagram below shows the signal flow path of the realtime cancellationsystem:

38

micspkrA/DD/A

othersound

roomHPFdelay

gainecho systemAudiomediaFIRdelay

preampampR

sendreturnFigure 3.10 Realtime cancellation block diagram.Before running the realtime cancellation software, the system response isfirst measured using an ML sequence. Then the realtime cancellationsoftware is loaded into the Audiomedia along with the FIR coefficients andFIR delay. In the above diagram, any sound sent to the speaker is also sentthrough a delay and then the FIR cancellation filter. The implementationallows a 160 point FIR filter to be computed in realtime. The cancellationfilter output is subtracted from the input signal which has passed throughthe AC-coupling highpass filter (HPF). The canceled result is sent to a simpleecho system consisting of a programmable gain and delay, or it can optionallybe sent to an external processor via an analog send/return loop.I experimented with the realtime setup in the Cube. The speaker andmicrophone were placed relatively close together (about 1 meter). The 160

39point filter typically yielded 10 dB of broadband cancellation. Thecancellation filter could be enabled/disabled without affecting the ambiencesystem, which allowed a convincing demonstration of the feedbackcancellation. With a delay length of about 100 milliseconds, sounds picked upby the microphone were noticeably delayed and then echoed through thespeaker. The acoustic feedback was attenuated by the cancellation filter suchthat only one echo was distinctly audible. Disabling the cancellation filterchanged the system dramatically, causing a succession of echoes to be heard.If the gain was set high enough, the system could be switched from stableoperation to unstable operation by enabling and disabling the cancellationfilter. Inserting a reverberator into the send/return loop gave the expectedresult: when the reverberation time was long, say 2 seconds, thereverberation suffered from ringing and coloration until the system gain wasreduced significantly, such that the resulting system was insensitive to allbut very loud, impulsive sounds.3.8 ConclusionsIt is apparent that predictive cancellation using FIR filters can be effective atcanceling acoustic feedback. This is true not only in an ideal case (room484a), but also in a non-ideal case (the Cube). It remains to be determinedwhy the cancellation faired so poorly in my office.This research has not addressed the very important issue of how a roomresponse changes over time due to people moving within the room. If smallmotions of people cause drastic changes in the room response, then it isdoubtful that predictive cancellation will be of much use, unless adaptivetechniques can successfully compensate for the changing room response.Room response changes due to ventilation, convection currents, and changingatmospheric conditions also need to be quantified.Another shortcoming is the failure to satisfactorily bridge the two equations3.17 (expected cancellation as a function of FIR length and reverberationtime) and 3.23 (required cancellation). Clearly, the goal should be todetermine a set of relationships that enable us to make design tradeoffs andpredict the success or failure of an architecture.

404. Room Reverberation Modeling4.1 IntroductionThe goal of this chapter is to develop techniques for simulating roomacoustics in the context of the virtual acoustic room. That is, instead ofcreating binaural output for listening through headphones, we desire asystem that will render the simulated acoustics through an arbitrary numberof loudspeakers located at the perimeter of the physical space. We will allowthe listener to face any direction, but to make things easier we will assumethe listener is near the center of the physical space. Clearly, more accuratesimulations will be possible with more speakers, but implementationconcerns dictate that we minimize the number of speakers, as well as thecomputational requirement per speaker. Thus, the task is to simulate thegross perceptual qualities of different acoustical spaces using a small numberof speakers placed around a perimeter. Similar constraints are placed uponauditorium simulators for home use [Borish-85] [Griesinger-89]. In aninteractive virtual acoustic room implementation, the source signal to thereverberation simulator will be taken from one or more microphones after thefeedback cancellation processing has been done. However, to devise anadequate room simulator, it is sufficient to use any source material, such as acompact disc recording, although the material should be free from artificialreverberation.We want the simulation to be driven from a specification of the desiredvirtual acoustic space. Accurate room simulation requires a detailedgeometrical and material description of the room, but for our purposes amuch simpler specification will do. Our specification will include thegeometry of the perimeter of the virtual space, realized as a polyhedron, anda description of the broadband absorption coefficients of the planar wallsurfaces. Also necessary is the location of the physical space within thevirtual space. This specification will allow us to determine an early echoresponse for the room as well as calculate the reverberation time based uponthe room’s volume and absorption [Kuttruff-91] [Beranek-86] [Sabine-00].Finally, given a description of the speaker positions along the perimeter ofthe physical space, a digital filter can be constructed for each speaker to

41render the simulated acoustical space. Success of the simulation can bedetermined by listening to source material rendered in the context of varioussimulated spaces.Towards this end, a four channel audio system was constructed in the Cubeto test the concepts described in this chapter. The layout of the audio systemis shown below:

listener

16’DSPDSPDSPDSP

inputFigure 4.1 Four channel experimental audio system.The four speakers were placed at the corners of a 16 foot square at a height of5 feet. The listener sat (or stood) near the center of this square. Each of thefour channels was driven by a separate Audiomedia DSP card, thus thecomputational engine to render the reverberation consisted of four 20 MHz.Motorola 56001 DSPs. The control program to run the DSPs is brieflydescribed in a later section. Stereo or monophonic source material wassupplied from a compact disc player.As we will see in the next section, a four channel system is somewhatinadequate at rendering the proper spatial location cues because of the largeangular spacing between adjacent speakers. Also, this system is restricted torendering virtual sources in the horizontal plane, because of the lack ofoverhead speakers. However, this did not prove to be a serious limitation, asthe diffuse soundfield from surround speakers is capable of delivering a veryspacious effect.

424.2 Early Echo RenderingA program was written that reads a room specification and the source andlistener positions and calculates a set of virtual source positions using thesource image method. The program was greatly simplified by onlyconsidering a two dimensional world consisting of the horizontal plane of thelistener. Thus, floor and ceiling reflections were not considered indetermining the early echo pattern. On the horizontal plane, all virtualsources were found within a specified distance from the listener. The list ofvirtual source positions was then converted to an FIR filter specification foreach loudspeaker in the system. The method used relies on intensity panningbetween adjacent speakers to achieve the desired spatial localization of thevirtual sources [Moore-90]. Because the listener is not constrained to anyparticular orientation, it is unclear how to use phase information to aid in thelocalization of the virtual sources. The diagram below depicts a virtualsource outside the perimeter of the physical space and a listener at the centerof the space:

qyrdlistenervirtual sourceABFigure 4.2 Intensity panning between adjacent speakers.In the above diagram, the virtual source (with amplitude a) will contribute afilter tap to both the speakers A and B, but to no other speakers. The tap

43delay lengths depend on the distance from the listener to the virtual source.The tap amplitudes also depend on the distance to the virtual source as wellas the angle of the source relative to the speakers:

A,B tap delays = d − rc

(4.1)

A tap amplitude = a rd cos πθ2ψ

(4.2)

B tap amplitude = a rd sin πθ2ψ

(4.3)

a = Γjj∈S∏

(4.4)where c is the speed of sound, a is the amplitude of the virtual source relativeto the direct sound, S is the set of walls that the sound encounters, and Gj isthe reflection coefficient of the jth wall. Note that this result applies whenthe listener, speakers, and virtual source all lie in the same horizontal plane,and the speakers are all equidistant from the listener. A similar result canbe derived for the three dimensional case where the speakers are placed onthe surface of a sphere with the listener at the center. This would involvepanning between more than two speakers at a time.Early work in quadraphonic sound systems revealed deficiencies in the use offour speakers arranged in a square [Theile-77]. Referring to the diagrambelow, with the listener facing forward, it is difficult to render lateralphantom sources because small level differences between front and rearspeakers cause large angle changes in the localization of the source.

44

6121824dB130�120�110�100�80�70�60�50�-30-24-6DLperceived angley= 90�

0�Figure 4.3 Direction of phantom source versus interchannel level difference for the lateralloudspeakers of a quadraphonic arrangement [Ratliff-74]. The listener is facing forward.Note the large change in perceived angle for very small level differences around 100�.Theile determined that six loudspeakers arranged at 60 degree intervals wassufficient for proper localization of phantom sources using intensity panning.The diagram below shows the desired versus perceived sound direction usingsix loudspeakers:

45

.

0�30�60�90�120�150�180�0�30�60�90�120�150�180�

desired angle

perceived angley= 60�

0�Figure 4.4 Perceived versus desired sound direction with noise signals, using 6 speakersarranged at 60 degree increments as shown on left [Theile-77]. The listener is facingforward.These results clearly show that six loudspeakers would have been a betterchoice for the experimental setup. Nevertheless, experiments in early echorendering were conducted using the four channel setup.The first experiments consisted of rendering a rectangular room�s early echopattern. A 24 by 32 foot rectangular room was specified, along with a soundsource location outside of the physical space, as shown below:

source

listener

Figure 4.5 Rectangular virtual space and direct source location.

464.3 Optimizing the Early Echo FIR FilterAll virtual source locations were determined within a 200 foot radius, andthese were used to create the FIR filter for each loudspeaker. The resultingFIR filters contained too many taps to be realized in realtime (40 taps wasthe maximum), thus pruning the FIR filters was necessary. This was done intwo steps:1) Adjacent filter taps within 1 millisecond of each other were merged toform a new tap with the same energy. If the original taps were at times t0and t1, with amplitudes a0 and a1, the merged tap was created at time t2with amplitude a2 as follows:

t2 = t0a02 +t1a12 a02 + a12

(4.5)

a2 = a02 + a12

(4.6)2) Filter taps of amplitude less than 0.01 (-20 dB) were deleted. If theresulting filters still contained too many taps, this step would be repeatedwith a higher threshold.The resulting pruned filters contained roughly 20 taps per speaker. Thepruning process had the effect of entirely eliminating distant virtual sources,as well as weak taps resulting from intensity panning. Thus, a virtual sourcethat was angularly close to a speaker might be rendered entirely by thatspeaker after pruning.4.4 Results of Early Echo RenderingThe early echo response of the room was auditioned by sending a monophonicchannel of music to the input of the FIR filters. Note that the front left andright channels both contained a single tap corresponding to the direct soundsource, and it was possible to switch from hearing only the direct monophonicsource to hearing the source and early echoes, essentially turning the room on

47and off. The effect of enabling the room was quite pronounced. Adding theearly echoes gave a real sense of the sound being enclosed within a space; thesound came from all around, the overall volume increased, the timbre becamemore resonant and hollow, and the spaciousness increased dramatically.Because the sound source was not on either symmetrical axis of the room, theearly echo response was asymmetrical, thus providing uncorrelated lateralenergy to the listener regardless of orientation.Experimentation with larger virtual rooms revealed that the early echopattern alone was a sufficient cue to distinguish among different sized rooms.However, the early echo response of the larger rooms suffered from an overlydiscrete sound to the echoes. The echo response to an impulsive sound wasquite unrealistic, as if the sound was being reattacked, like a drum flam.This was clearly the result of oversimplification in 1) the room specification,2) the modeling of reflections (equation 4.4), and 3) sound propagationthrough air.Because the floor and ceiling reflections were not considered in the early echorendering, the frequency response of the simulated room necessarily lackedfeatures corresponding to floor to ceiling vibrational modes. It is unclearwhether virtual sources created by floor and ceiling reflections need to berendered by speakers that are overhead (or underneath) the horizontal planeof the listener. Rendering the out of plane virtual sources using thehorizontal plane speakers would still contribute the desired features in thefrequency domain, but the perceived direction of the virtual sources would beincorrect.4.5 Modeling Air AbsorptionOne improvement to the simulation was to model the frequency dependentabsorption of sound by air using a simple one pole lowpass filter. Using theapproximations made by Moorer (at 50% humidity), the following equationwas derived:

fc = 2000log2 d 75( )

(4.7)

48This equation yields a one pole lowpass cutoff frequency fc based on thedistance of air propagation d in meters. Using this relationship, we canderive a lowpass filter for each FIR filter tap by calculating the echo distancethat corresponds to the filter tap. Implementing this strategy iscomputationally expensive, however. Rather than use a separate lowpassfilter for each filter tap, we can use a single lowpass filter for a set of adjacentFIR filter taps by calculating the mean echo distance (weighted by echoenergy):

d = c ai2ti i∈S∑ ai2i∈S∑

(4.8)where c is the speed of sound, ai are the FIR tap amplitudes, ti are the FIRtap times, and S is the set of adjacent filter taps. Here, for convenience, thecalculation is carried out after the virtual sources have been converted to FIRfilters.To minimize computational expense, only one lowpass filter was used per FIRfilter, based upon the mean echo distance of the entire FIR filter. Thus, therewas a single lowpass filter per output speaker, the exception being that thedirect sound FIR taps passed through to the speakers unfiltered. Adding thelowpass filtering to the early echo response improved the simulationconsiderably, causing the early echo response to sound more natural. Theproblem of the multiple attacks was reduced, although it did not disappearentirely. Further improvements could be made by using more lowpass filtersto better approximate the effects of air absorption, modeling the frequencydependent nature of wall reflections (which can be a significant phenomenon[Abbott-91]), and increasing the geometrical complexity of the virtual rooms,although these all require increased computational power to implement.4.6 Diffuse Reverberation RenderingMoorer determined that an exponentially decaying noise sequence serves as awonderful sounding impulse response of a diffuse reverberator [Moorer-79].Rendering this reverberant response requires performing a large convolution.

49Soon, the price/performance of DSP engines will reach the point where largeconvolutions can be done in realtime using inexpensive hardware. When thisoccurs, reverberator implementation will simply be a matter of convolving theinput signal with a desired room impulse response, which has either beenpreviously sampled from a real room or synthesized by shaping noise. Forthe time being, we must be content to implement efficient reverberators forrealtime performance. This necessarily implies using infinite impulseresponse (IIR) filters, such as comb and allpass filters.4.7 Nested Allpass FiltersThe trick to designing an efficient, good sounding, diffuse reverberator is todesign a linear system whose impulse response resembles a decaying noisesequence. Since white noise has a flat magnitude spectrum but randomphase, this suggests the use of allpass filters. Rather than use allpass filtersin series as in the Schroeder reverberator, we want to combine them in a waythat will lead to an exponential buildup of echoes as occurs in real rooms.One possibility, suggested by [Vercoe-85], is to use nested allpass filters. Theidea is to embed an allpass filter into the delay element of another allpassfilter. Consider the following flow diagram:

G(z)g-g

XYFigure 4.6 Allpass flow diagram. G(z) must be allpass.If G(z) is a delay element, this system is a standard allpass filter. The z-transform of this system is given below:

50

H z( ) = Y z( )X z( ) = G z( )− g 1− gG z( )

(4.9)The magnitude of H(z) is as follows:

H z( ) = G z( ) 2 − g G z( )+G* z( ) ( )+ g2 1− g G z( )+G* z( )

( )+ g2 G z( ) 2

(4.10)The magnitude of H(z) is unity if the magnitude of G(z) is unity. Thus, H(z)is an allpass system if G(z) is an allpass system. In regards to reverberatordesign, the advantage to nesting allpass filters can be seen in the timedomain. The echoes generated by the inner allpass filters will be recirculatedto their inputs via the outer feedback path. Thus, the number of echoesgenerated in response to an impulse will increase over time rather thanremaining constant as with a standard allpass filter.Because we are using allpass filters, no matter how many are nested orcascaded, the response is still allpass, thus we do not have to worry aboutstability. It would be possible to nest and cascade comb filters as well, butthe response would be highly resonant, and stability would be an issue. It isa mistake to think that because the system is allpass, tonal coloration cannotoccur. This is because the short time frequency analysis performed by ourears can detect momentary coloration, and thus allpass systems can soundbuzzy, or have a metallic ring, even though they pass all frequencies equallyin the long term. A single allpass filter sounds very much like a comb filter;the impulse response is basically a decaying impulse train. When anotherallpass is inserted into the outer allpass, the impulse response takes on anentirely new character. The number of output echoes increases with time,thus the input "click" is converted into a "pshhhh" (or a "bzzzz" with adifferent choice of delays and gains).4.8 Nested Allpass ImplementationThe allpass structure of figure 4.6 can be implemented easily by attachingoperators to a sample delay line as shown below:

51g-gsamplesFigure 4.7 Allpass implementation using a sample delay line.In the above diagram, the feedforward multiply accumulate through -g occursbefore the feedback calculation. After the calculations are complete, thesamples in the delay line are shifted one position to the right and processingcontinues. Thus, samples entering from the left are allpass filtered andoutput on the right. In an actual implementation, the samples in memory donot move; instead, the tap locations are shifted to the left, but the effect isthe same. This implementation allows us to create arbitrary serial andnested allpass structures with interspersed delay elements by attachingmultiple allpass operators to a single delay line. Schematically, this can berepresented as follows:

input2550 (0.5)20 (0.3)30 (0.7)

output5sample delay lineFigure 4.8 Example of schematic representation of an allpass reverberator.The above diagram (which is purely instructional) shows the input signalentering a delay line at the left, where it is processed by a double nestedallpass cascaded with a single allpass. The element delay lengths are givenin milliseconds, and the allpass gains are given in parentheses. Thus, theinput signal first passes through 25 milliseconds of delay line, then through a50 millisecond allpass with a gain of 0.5 that contains a 20 millisecondallpass with a gain of 0.3. Note that because delay elements are

52commutative, it doesn’t matter where the 20 millisecond allpass is locatedwithin the 50 millisecond allpass. The output is taken from the delay lineafter the 30 millisecond allpass. This is called an �output tap�. In general,output taps are weighted by a coefficient gain, and multiple weighted outputtaps may be summed to form a composite output.Let us consider what happens when the output tap is taken from the interiorof an allpass section as shown in the following flow diagram:

G(z)g-g

XYFigure 4.9 Flow diagram resulting from taking samples from interior of allpass delay line.The z-transform of this system is:

H z( ) = 1− g^2 1− gG z( )

(4.11)If G(z) is a delay, then this is a standard comb filter with a constant gain of 1- g2, and if G(z) is some other allpass system, H(z) is still a resonant system.If an output tap is taken from the interior of a multiple nested allpass filter,then the resulting system is a cascade of systems of the form in equation 4.11,and is highly resonant. Experimentation has revealed that these filterssound bad for reverberator design, thus output taps should be taken fromlocations between cascaded allpasses so that the input/output relationship ofeach output tap is still allpass. Note, however, that a combination of outputtaps will not necessarily be allpass because of phase cancellation.

53We can use equation 4.11 to determine how much amplitude headroom weneed in the delay lines to prevent overflow within multiple nested allpasses.The magnitude of the system response is:

H z( ) = 1-g2

1- 2gRe G z( ){ }+g2 G z( ) 2

(4.12)Since G(z) is allpass, the magnitude of G(z) is unity, and the real part of G(z)can be at most unity, thus the maximum magnitude of H(z) is:

H z( ) max = 1+g

(4.13)Thus, when g is close to unity, the signal within the allpass may be twice themagnitude of the input, and 6 dB of headroom is required. Typically, g iscloser to 0.5, requiring only 3 dB of additional headroom per allpass filter.4.9 A General Allpass ReverberatorDespite the attractiveness of these allpass structures for reverberator design,it is difficult to fashion a good sounding reverberator out of simple cascadedand nested allpasses. However, when some of the output of the allpasssystem is fed back to the input through a moderate delay, wonderful thingshappen. The harshness, buzziness, and metallic sound of the allpass systemis smoothed out, possibly as a result of the increase in echo density caused bythe outermost feedback path. This outermost feedback path is simply a combfilter. A lowpass filter can be inserted into this feedback path to simulate thelowpass effect of air absorption. The general form of this reverberator isgiven below:

54APgXYAPAP

LPFga0a1a2

Figure 4.10 Generalized allpass reverberator with lowpass filtered feedback path andmultiple weighted output taps.The diagram shows a set of cascaded allpass filters with a comb feedback loopcontaining a lowpass filter. Each of the allpass filters may itself be acascaded or nested form. Multiple output taps have been taken betweenallpass sections. This system is no longer allpass, because of the outer comband lowpass filters, as well as the multiple output taps. However, if themagnitude of the lowpass filter is less than unity for all frequencies, thensystem stability is guaranteed if g < 1.As the signal trickles through the cascaded allpasses, each output tap will geta different reverberant response shape. By properly weighting the outputs, itis possible to customize the envelope of the entire reverberator. An adequatelowpass cutoff frequency can be determined by summing the total allpassdelay time, converting to a distance by multiplying by the speed of sound, andplugging this "allpass distance" into equation 4.7, which relates distance to alowpass filter cutoff frequency. The decay time of the reverberator iscontrolled by changing g. The decay time can be made extremely long bysetting g close to 1. When g is made small, the minimum decay time of thereverberator is limited by the decay time of the allpass sections. However,turning off the outer feedback path (i.e., setting g close to 0) generally causesthe response to become gritty and unpleasant.

55Obviously, there are a vast number of possible reverberators than can bebuilt with the general structure of figure 4.10. If an automatic method couldbe devised to evaluate a reverberant response based on desired attributes,then reverberators could be designed using non-linear search techniques suchas gradient descent, simulated annealing, and genetic algorithms. Iexperimented extensively with genetic algorithms to design reverberators,but the results of the searches were reverberators that scored well butsounded terrible. Clearly, the problem is to build an evaluator that hearsreverberation the way a human does. I also used myself as an evaluator, butthis was pointless, since the genetic search algorithms require thousands, ifnot millions, of evaluations to be performed. Nevertheless, I listened to manyhundreds of different reverberator structures in this process. In the end, thedesign was done by trial and error.4.10 Three Diffuse ReverberatorsIt was impossible to design a single diffuse reverberator to cover all desiredreverberation times. A large room reverberator could not be made arbitrarilysmall by reducing the feedback gain; similarly, when a small roomreverberator was given a large decay time by increasing g, it generallysounded bad. Thus, three different reverberators were designed to coversmall, medium, and large rooms. The three reverberators are shown in figure4.11. For each reverberator, a mapping was determined between thereverberation time and feedback gain by interpolating between measureddata. The table below gives the reverberation time range for eachreverberator:

reverberator

RT range (sec)small0.38 -> 0.57medium0.58 -> 1.29large1.30 -> infinite

56Small room reverberator:

input2435 (0.3)22 (0.4)8.3 (0.6)

30 (0.4)66 (0.1)

outputLPF4.2 kHzgain

0.50.5

35 (0.3)

30 (0.5)15gain

input

9.8 (0.6)39 (0.3)108LPF2.5 kHz

gain5

670.50.5output0.5Large room reverberator:

input12 (0.3)

outputLPF2.6 kHz

8 (0.3)17

62 (0.25)87 (0.5)120 (0.5)76 (0.25)

30 (0.25)

3130.140.140.34Figure 4.11 Diffuse reverberators for small, medium, and large rooms. See figure 4.8 for adescription of these schematics.

574.11 Creating Spatial ImpressionIn order to create a diffuse reverberant field that achieves good spatialimpression, we need to ensure that the listener receives uncorrelated signalsat the two ears. This necessarily requires that the listener receives lateralsound energy, since front-back energy will be correlated at the two ears.Because our system surrounds the listener with speakers, it is sufficient toensure that the diffuse output of each speaker is uncorrelated with everyother speaker. There is a remarkably simple way to do this withoutredesigning a new reverberator for each channel. By altering slightly all thedelay lengths in a reverberator, the new response becomes highlyuncorrelated with the original response, even though the gross perceptualqualities remain the same.For each of the three room reverberators, four variations were created bytweaking the delays slightly. The adjustments to the allpass delays weretypically within 2% of the original delay lengths. The variations wereauditioned pairwise using headphones to ensure that good spatial impressionwas achieved between each pair. The final audition was done with the fourchannel experimental setup using various monophonic music as the sourcematerial. The results were excellent, insofar as achieving a surround diffusereverberant field. The reverberation seemed to come from everywhere, and itwas difficult to localize the speakers as being the sound source. Furthermore,the reverberant onset and decays were smooth, so there was no impression ofa distinct early echo pattern. The qualities of the three reverberators couldbe disputed in terms of naturalness and timbre; in particular the small roomreverberator sounded somewhat unnatural.4.12 Combining Early Echoes with Diffuse ResponseThe flow diagram given below shows how the early echo filter was combinedwith the diffuse reverberator for each speaker channel:

58z-minput g

FIR_maxIIR_max + FIR_gainIIR_slopetimeenergy(dB)

Figure 4.13 Combining FIR and IIR responses.The above diagram depicts the FIR early echo response (vertical lines)followed by the IIR diffuse response (gray region). FIR_max is the maximumenergy of the FIR response in dB, IIR_max is the maximum energy of the IIRresponse in dB, which occurs at time IIR_lag seconds after the maximum FIR

59energy. FIR_gain is the broadband energy gain of the FIR echo response indB. IIR_slope is simply the reverberant decay slope in dB/sec, and is alwaysnegative.The values IIR_max and IIR_lag are determined a priori for the diffusereverberator by examining the reverberator response with a nominalreverberation time setting. IIR_slope is determined from the reverberationtime of the simulated room which is automatically calculated from the roomspecification. FIR_max and FIR_gain are determined when the FIR filtersare created from the virtual source list, and these values are calculated fromthe combination of all the FIR filters in ensemble. These values are used todetermine IIR_gain as follows:

IIR_ gain = FIR_ max + IIR_slope•IIR_lag

( )- IIR_max+FIR_gain ( )

(4.14)IIR_gain is the amount we need to raise the diffuse response so that thelinear projection of the diffuse response backwards in time will pass throughthe point of maximum FIR energy. Because we are considering all the FIRresponses in ensemble, this determines the IIR_gain setting that matches theoverall diffuse level with the combined early echo response from all thespeakers.One remaining issue is that we want the diffuse energy output to be the samefrom each speaker, corresponding to an omnidirectional diffuse soundfield.However, the diffuse reverberators are driven by the FIR filters which do nothave the same energy gains (because the early echo response is directiondependent). Thus, a final adjustment to each channel�s IIR_gain is made toensure the diffuse energy is the same from each channel. The gainadjustments are determined by comparing the energy gain of each channel�sFIR filter to the average FIR energy gain. Therefore, this adjustment doesnot affect the overall diffuse level.Although this procedure seems complicated, in practice it wasstraightforward and intuitive. This method of combining the FIR and IIRresponses achieves several results, 1) the diffuse reverberator is driven fromthe early echo response, increasing echo density, 2) the overall diffuse

60reverberation blends seamlessly with the early echoes, and 3) the diffuseenergy output is the same in each channel, even though the early echo energyoutput differs for each channel.The entire procedure for simulating a particular room is as follows:1) Specify the geometry of the virtual room, and assign absorption coefficientsto room surfaces. Specify listener and sound source locations, physical spacelocation within virtual room, and speaker locations.2) Use source image method to generate virtual source locations. Convert toFIR filters for each speaker. Prune filter taps as necessary.3) Calculate reverberation time of virtual room, choose proper diffusereverberator, and determine reverberator feedback gain from empiricalrelationships.4) Integrate FIR filters with diffuse reverberators, adjust gains, and compileto final DSP code.Although some of these steps were done by hand, the process is entirelydeterministic and could be completely automated.4.13 Results of Combined ListeningFour rooms were simulated: a 24 by 32 foot rectangular room with 10 footceiling, a 48 by 64 foot rectangular room with 15 foot ceiling, and twovariations of an inverse fan shaped room, approximately 80 by 120 feet, witha 20 foot ceiling. Broadband wall reflection coefficients were set at 0.9 (whichis somewhere between plaster and wood), and ceiling and floors were far moreabsorptive, typically 0.7 for floors (carpeting) and 0.8 for ceilings. For theinverse fan room, the two variations consisted of wall coefficients of 0.9 and0.98, respectively, thus approximately simulating a change of wall materialbetween plaster and concrete.

61The calculated reverberation times of the three rooms were 0.69 seconds forthe small room, 1.08 seconds for the medium room, 1.53 seconds for the largeroom with wooden walls, and 1.72 seconds with concrete walls. Note that thelow ceiling and hence, small mean free path, limit the large room’sreverberation time even with extremely reflective walls. The three basicroom types used the small, medium and large room diffuse reverberators,respectively. The simulations were computationally restricted. Because thelarger reverberators are somewhat complicated, only 6 early echoes could berendered in the medium and large rooms, whereas 11 early echoes could berendered in the small room.Using a monophonic source of music, the four rooms were alternatelyauditioned. In order that the overall listening level remained constant, thesource gain was made louder in the larger rooms. The three basic room typessounded completely different, and although each used a different diffusereverberator, the change was just as prominent when only the early echoeswere auditioned. The apparent size, timbre, and brightness of the roomswere largely determined by the early echo portion of the response.Adding the diffuse reverberation rounded out the rooms, vastly increasing thespatial impression (especially overhead), and reducing the perception that thesound was coming from the four speakers. The diffuse reverberation was alsovery noticeable when the source material stopped abruptly, causing apleasant and natural reverberant decay in the larger rooms. The differencebetween the concrete and normal large room was subtle, but predictable: theearly echoes were more distinct and the room more reverberant with concretewalls. The small room was very interesting, if somewhat unnatural,sounding more like a tile bathroom than a living room. The medium roomwas not unpleasant, but was uninteresting.The room impression was largely independent of orientation within the space,and it was possible to stray several feet from the center before noticing anydifference in sound quality. As one moved further from the center, the soundof the closest speaker became dominant, ruining the spatial impression of thesimulation.

62It was possible (and enjoyable) to listen to the system for long periods of timewithout fatigue. In fact, after listening to music rendered through thesimulated rooms, returning to ordinary stereo reproduction was adisappointment.Some problems with the simulation were observed:1) The setup was not in an acoustically neutral space. The acoustics of theCube were somewhat noticeable during simulation.2) The source material was not reverberation free. All of the recordings hadnatural or artificial reverberation applied during the recording/productionprocess. It would have been preferable to use reverberation free material.3) The source material was a monophonic channel from a stereo recording.This affected the naturalness of the listening experience.In one experiment, the early echo pattern of a rectangular room wassimulated with stereo inputs. Two separate source positions within the roomwere assigned to the left and right channel inputs. These sources spawned aset of left and right virtual sources, resulting in a left and right channel FIRfilter per output speaker. The results of this test were excellent, but thecomputational demand prevented the addition of any diffuse reverberation.4.14 The Reverb CompilerA compiler was developed to convert reverberator specifications to efficientDSP code [Gardner-91]. The compiler, called Reverb, is a Macintoshapplication that provides the user with a multiple window text editor.Reverberator programs are entered in text format, compiled into DSP code,and downloaded into an Audiomedia DSP card for realtime execution. Theuser may switch freely between different Reverb programs. Programs mayalso be written to run on multiple DSP cards.The Reverb programming language was specifically designed to implementreverberation algorithms, and is very simple and concise. Rather than

63specifying algorithms by combining functional blocks, Reverb programs arespecified at a lower level by attaching operators directly to delay lines. Theset of operators includes basic operations such as move, add, subtract,multiply, and more advanced operations such as FIR, comb, allpass, andlowpass filters. The compiler generates extremely efficient code, making fulluse of the features of the Motorola 56001 DSP.An Audiomedia DSP card with expanded memory provides 24575 samples ofdelay, which is 557 milliseconds at the 44.1 kHz. sampling rate. Reverbprograms can contain up to 20 comb filters, 14 allpass filters, or a 40 tap FIRfilter (non-adjacent taps). These specifications were just adequate toimplement the reverberators described in this chapter.The Reverb program is available via anonymous FTP at the Internet address"cecelia.media.mit.edu". The program and a user’s manual can be found inthe subdirectory "reverb".

645. Conclusions and Future WorkI am quite pleased with the results of the room reverberation modeling. It isclear that convincing simulations of various sized rooms can be realized witha small set of loudspeakers surrounding the listener. More channels andcomputational power will make the simulations better. The next logical stepis to increase the number of horizontal speakers to 6 (at 60 degree intervals).Also, the early echo rendering should include virtual sources created by floorand ceiling reflections. This will cause the frequency response of thesimulated room to contain features that correspond to floor to ceilingvibrational modes. The addition of overhead speakers would permit a fullthree dimensional rendering of early echo patterns.Another improvement to the room simulation would be to account for thefrequency dependent nature of surface reflections. For most rooms, thisphenomenon is more significant than air absorption, but it is harder tosimulate efficiently. Perhaps a crude simulation can be rendered by one ormore low order filters per output channel. The filter parameters would bederived by considering the angle dependent frequency response of all roomsurfaces in conjunction with the set of virtual sources.The diffuse reverberation algorithms based on nested and cascaded allpassfilters have proven to be quite useful, and they represent a significantimprovement over the Schroeder style reverberator. Nevertheless, the studyof reverberation algorithms, though fascinating, seems ultimately fruitless.This is because the advent of inexpensive, large, realtime convolution willrender the IIR reverberator obsolete. In addition, the problems encounteredhave proven to be quite impenetrable. I was unable to develop any theorythat related reverberator design principles to perception, beyond simpleheuristics and common sense. I was also unable to develop an automaticreverberation evaluator, which would have enabled the use of non-linearsearch techniques to design reverberators. The latter problem deservesadditional consideration, since developing hearing models is a worthwhileendeavor.The use of FIR cancellation filters to cancel acoustic feedback clearlywarrants further attention. The technique may not be appropriate for

65general sound reinforcement systems, but may still be useful forimplementing a virtual acoustic room, whether operating alone or inconjunction with other techniques, such as time varying reverberation. Thisis because a virtual acoustic room can be designed to optimize theperformance of the acoustic feedback cancellation system. This would involvecontrolling the following parameters:¥ Acoustical properties of physical space. Desirable properties are a shortreverberation time, linear room response, and low ambient noise. We wouldalso like to minimize time variation in room response due to ventilation.¥ Speaker and microphone placement. In addition to fulfilling therequirements of the reverberation rendering, we seek an arrangement thatwill minimize the variation in speaker to microphone response as peoplemove about in the physical space.¥ Architecturally imposed constraints on the motion of people within thespace. Again, this is to minimize time variation in the room response, butcan also be used to position people in ideal listening locations.Without some method of eliminating acoustic feedback, an interactive virtualacoustic environment is impossible, particularly in regards to the properrendering of early echo response. The research direction should be to developmeans of measuring non-linearities and time variation in rooms, and tointegrate noise, non-linearity, and time variation into our cancellation model.If the issues of non-linearity and time variation are successfully resolved,then the next step would be to first simulate, and then construct a functionalvirtual acoustic room.An exciting possibility is the use of adaptive filters for acoustic feedbackcancellation, especially if time variation in the room response is a significantproblem for static cancellation systems. I suspect that the convergence timefor the adaptive algorithms will be the limiting factor in the success of thistechnique. Since the convergence time improves when noiselike input signalsare used [Sondhi-92], perhaps it will be possible to inject noise into theprocessed signal such that it speeds the convergence time of the adaptivealgorithms, but is otherwise masked from audibility.

66References[Abbott-91]James F. Abbott, �The Interaction of Sound and Shock Waves withFlexible Porous Materials,� Ph.D.. thesis, Department of Physics, MIT,Cambridge, MA (1991).[Barron-81]M. Barron and A. H. Marshall, "Spatial Impression Due to EarlyLateral Reflection in Concert Halls: The Derivation of a PhysicalMeasure," Journal of Sound and Vibration, 77 (2), (1981).[Benade-85]A. H. Benade, �From Instrument to Ear in a Room: Direct or via aRecording,� J. Audio Engineering Society, Vol 33, No. 4 (1985).[Beranek-86]Leo L. Beranek, Acoustics, American Institute of Physics, New York,NY. (1986).[Berkhout-88]A. J. Berkhout, �A Holographic Approach to Acoustic Control,� J.Audio Engineering Society, Vol. 36, No. 12 (1988).[Borish-84a]Jeffrey Borish, "Electronic Simulation of Auditorium Acoustics," Ph.D..thesis, Center for Computer Research in Music and Acoustics,Department of Music, Stanford University, CA, (1984).[Borish-84b]Jeffrey Borish, �Extension of the Image Model to ArbitraryPolyhedra,� J. Acoustical Society of America. 75 (6) (1984).[Borish-85]Jeffrey Borish, "An Auditorium Simulator for Domestic Use," J AudioEngineering Society, pp. 330-341 (1985, May).[Gardner-91]William G. Gardner, �Reverb - A Reverberator Design Tool forAudiomedia,� unpublished users manual (1991). Available from Musicand Cognition office at MIT Media Lab.[Griesinger-89]David Griesinger, "Theory and Design of a Digital Audio SignalProcessor for Home Use," J. Audio Engineering Society, Vol 37, No 1/2,(1989).

67[Griesinger-91]David Griesinger, �Improving Room Acoustics Through Time-VariantSynthetic Reverberation,� J. Audio Engineering Society, Preprint 3014(1991).[Kleiner-81]Mendel Kleiner, �Speech Intelligibility in Real and Simulated SoundFields,� Acustica, Vol. 47, No. 2, (1981).[Kleiner-91]Mendel Kleiner, Peter Svensson, Bengt-Inge Dalenback, �Influence ofAuditorium Reverberation on the Perceived Quality of ElectroacousticReverberation Enhancement,� J. Acoustical Society of America.Preprint 3015 (1991).[Kuttruff-91]Heinrich Kuttruff, Room Acoustics, Elsevier Science PublishingCompany, New York, NY. (1991).[Meyer-65]von E. Meyer, W. Burgtorf, P. Damaske, �Eine Apparatur ZurElektroakustischen Nachbildung Von Schallfeldern. SubjektiveHorwirkungen Beim Ubergang Koharenz - Inkorarenz,� Acustica, Vol.15 (1965).[Moore-90]Moore, F. Richard, Elements of Computer Music, Prentice-Hall,Englewood Cliffs, NJ (1990). Pages 353-359.[Moorer-79]James A. Moorer, �About This Reverberation Business,� ComputerMusic Journal, Vol. 3, No 2 (1979).[Neely-79]Stephen T. Neely and Jont B. Allen, "Invertibility of a room impulseresponse," J. Acoustical Society of America, 66 (1), (1979).[Oppenheim-89]Alan V. Oppenheim and Ronald W. Schafer, Discrete Time SignalProcessing, Prentice Hall, Englewood Cliffs, NJ. (1989).[Parkin-65]P. H. Parkin and K. Morgan, �Assisted Resonance� in the RoyalFestival Hall, London,�J. Sound Vib. 2 (I), 74-85 (1965).[Ratliff-74]P. A. Ratliff, �Properties of Hearing Related to QuadraphonicReproduction,� BBC RD 38 (1974).

68[Rife-87]Douglas D. Rife and John Vanderkooy, �Transfer-FunctionMeasurement using Maximum-Length Sequences,� J. AudioEngineering Society, Preprint 2502 (1987).[Sabine-00]W. C. Sabine, "Reverberation," originally published in 1900. Reprintedin Acoustics: Historical and Philosophical Development, edited by R. B.Lindsay. Dowden, Hutchinson, and Ross, Stroudsburg, PA. (1972).[Schafer-68]Ronald W. Schafer, �Echo removal by discrete generalized linearfiltering,� Ph.D.. thesis, Electrical Engineering Department, MIT,Cambridge, MA (1968).[Schroeder-54]M. R. Schroeder, "Die Statistischen Parameter der Frequenzkurvenvon Grossen Raumen," Acustica, Vol 4, (1954). See [Schroeder-87] forEnglish translation.[Schroeder-62]M. R. Schroeder, �Natural Sounding Artificial Reverberation,� J.Audio Engineering Society, Vol. 10, No 3 (1962).[Schroeder-63]M. R. Schroeder and B. S. Atal, "Computer Simulation of SoundTransmission in Rooms," IEEE Int. Conv. Rec. 7, pp. 150-155 (1963).[Schroeder-70]M. R. Schroeder, �Digital Simulation of Sound Transmission inReverberant Spaces,� J. Acoustical Society of America, Vol. 47, No. 2(1970).[Schroeder-74]M. R. Schroeder, D. Gottlob, and K. F. Siebrasse, "Comparative studyof European concert halls: correlation of subjective preference withgeometric and acoustic parameters," J. Acoustical Society of America,Vol 56, No. 4, (1974).[Schroeder-87]M. R. Schroeder, �Statistical Parameters of the Frequency ResponseCurves of Large Rooms,� J. Audio Engineering Society, Vol. 35, No. 5(1987). English translation of [Schroeder-54].[Sondhi-67]Man Mohan Sondhi, "An Adaptive Echo Canceller," The Bell SystemTechnical Journal, Volume XLVI, No. 3, (1967).

69[Sondhi-91]Man Mohan Sondhi, "Acoustic Echo Cancellation for StereophonicTeleconferencing," IEEE Workshop on Applications of SignalProcessing to Audio and Acoustics, May (1991).[Sondhi-92]Man Mohan Sondhi and Walter Kellerman, �Adaptive EchoCancellation for Speech Signals,� from Advances in Speech SignalProcessing, edited by Sadaoki Furui and Man Mohan Sondhi. MarcelDekker, Inc., New York, NY (1992).[Stockham-75]Thomas G. Stockham, Jr., �Blind Deconvolution Through DigitalSignal Processing,� Proceedings of the IEEE, Vol. 63, No. 4, (1975).[Theile-77]G. Theile and G. Plenge, "Localization of Lateral Phantom Sources," J.Audio Engineering Society, Vol. 25, No. 4, (1977).[Vercoe-85]Barry Vercoe and Miller Puckette. �Synthetic Spaces - ArtificialAcoustic Ambience from Active Boundary Computation,� unpublishedNSF proposal (1985). Available from Music and Cognition office atMIT Media Lab.