PREPRINT NO. 1131 (M-8)
A TIME-ALIGN TECHNIQUE FOR LOUDSPEAKER
SYSTEM DESIGN

by

Cdward M. Long
E. M. Long Associates
Oakland, California

PRESENTED AT THE
54th CONVENTION

MAY 4-7, 1976

AN AUDIO ENGINEERING SOCIETY PREPRINT

This preprint has been reproduced from the author's
advance manuscript, without editing, corrections or
review by the Editoriai Board. For this reason there
may be changes should this paper be published in the
Audio Engineering Society Journal.

Additional preprints ' may be obtained by sending re-
quest and remittance to the Audio Engineering Society
Room 449, 60 East 42nd Street, New York, N. Y. 10017.

© Copyright 1976 by the Avdio Engineering Society.

Al rights reserved.




II1.

A TIME-ALIGN TECHNIQUE
FOR LOUDSPEAKER SYSTEM DESIGN

Edward M. Long
E. M. Long Associates

It has become increasingly apparent that
the design parameters of a loudspeaker
system must not only produce a smooth
amplitude vs, frequency response, they
myst also produce a uniform phase and
time characteristic. The ability to see
the effects of parameter adjustments in
the amplitude, phase, and time vs. fre-
quency characteristics of a loudspeaker
cystem, as the adjustments are being made
is discussed.

INTRODUCT ION

The main purpose of this presentation is to discuss a new
method of designing loudspeaker systems which allows the
effects of time variations to be seen and adjusted in a

more direct manner than previously possible. The Time-Align
Technique uses a new instrument which will be briefly
described. This instrument provides a test signal which is
used to align the loudspeaker system in the time domain. The
total Time-Align Technique also includes the simultaneous
alignment of the loudspeaker in the amplitude vs. frequency
domain. However, before beginning, it would be of value to
present the case for the importance of time variations.

THE IMPORTANCE OF TIME (PHASE)

Since the early 1930s the importance of eliminating gross
driver alignment erroxrs has been known and appreciated.(1).
For small time errors, a learning process is probably in-
volved.(2)(3)(4) This correlation between listening pre-
ferences and learning was a phenomenon discovered years ago
with regard to bandwidth. In recent years, the importance
of time (phase) in sound reproduction has become a matter of
increasing discussion, Arguments with respect to the rela-
tive importance of time (phase) have become more prevalent.
(5)(6)(7)(8)(9)(10) One of these investigations {11) men-
tions de Boer's "phase rule" which seems to be eguivalent

to the minimum phase phenomenon discussed by Heyser.(12)(13)
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Some investigations into the effect of time (phase) changes
on the timbre of complex tones were carried out using head-
phones. The possibility of time (phase) errors being intro-
duced by the headphones has not been widely discussed but
can be seen to exist in the data presented in some reports.
(14)(15)(16) Another problem in determining the effects of
time (phase) changes upon timbre, that of noise masking,

has been studied. (17)

METHODS OF OBTAINING TIME (PHASE) DATA

In recent times, pulse testing techniques for the determina-
tion of loudspeaker (and other transducer) characteristics,

has become popular.(18)(19) Various methods are available to
allow time (phase) information to be derived from pulse
measurements. A method of measuring the phase or group

delay characteristics of phonograph cartridges has been de-
scribed which is easily adaptable to the testing of loud-
speakers. However, deriving time (phase) information from
pulse response requires considerable equipment including
computer processing.(20)(21) A method of obtaining phase
information which uses sweep technigques has been described.
(22)(23) Although phase meters have been available for many
years, direct phase measurement of loudspeakers has been diff-
icult. Phase meters which allow a chart record to be made of
loudspeaker phase response have recently been described.(24)(25)
It has been determined that the delay function is better fe-
scribed by time data.(26) This data can be derived from Ehe
phase measurement by mathematical manipulation.(12)(27) rom
time data it is easy to derive the equivalent distance sinhce

it is a direct function of the velocity of sound. The defri-
vation can be used to describe the difference in time of arri-
val of sound from the various drivers of a multi-way loud-
speaker system.(28) Having decided that time (phase) is an
important characteristic of loudspeaker systems and worthy of
congideration, quantification of the amount of detectable
variation is naturally of interest.(9)(29)(30) During investi-
gations of the detectability of small variations of phase, the
importance of the absolute phase oxr polarity (+ or -) of the
acoustic output was alsc discovered to be of importance.(10)(29)
(31) In determining the relative spacing between drivers of a
multi-way loudspeaker system it has been thought that the dis-
tance might be estimated.(32) Another approach is to calculate
the amount of physical offset between drivers assuming a certain
theoretical transfer function for each driver. This is based
upon individual driver phase measurements. The crossover net-
work transfer function must also be considered.(33) As Heyser
has pointed out, the acoustic position of a driver relative to
its physical position is some inverse function of its high
frequency cutoff.(12) This will be verified later.
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The interaction of the changing phase of loudspeaker driver
acoustic output and crossover network phase characteristics
bas been described previously.(34)(35)

TIME-ALIGN TECHNIQUE
A, Instrumentation

The technique to be described was developed because the above
methods seemed indirect and time consuming. The Time-Align
Technique permits the spatial alignment of drivers and the
simultaneous adjustment of the crossover network with instan-
taneous visual display of the resulting acoustic output in
either the time or frequency domain. A key to the Time-Align
Technique is a newly developed Time-Align generator. A block
diagram of this generator is shown in Figure 1. A pulse is
generated which is a direct function of the ramp generator.

As the pulse time duration is varied, the ramp rate varies in
direct ratio. This allows the ramp to be used as the drive to
the X axis of a display unit. The pulse passes to an output
amplifier and from this output is available as a test signal.
A derived sync pulse is also available to synchronize the nor-
mal sweep mode of an oscilloscope. The ramp is passed through
a delay unit. This allows the time of the X axis of the dis-
play to be delayed by an amount equal to the transit time of
the sound from the loudspeaker to the microphone.

Figure 2, shows the Time-Align generator connected to the
basic measuring system. Because the ramp which drives the X
axis of the display is delayed by the amount of time required
by the sound to travel from the loudspeaker to the microphone,
the acoustic output pulse displayed on the Y axis (channel 1)
remains stationary when the pulse rate is varied. The display-
ed picture also remains basically unchanged in position and
size. Any variations in pulse shape and/or position are due to
variations in the time (phase) characteristics of the drivers
and/or crossover network. This means that the effects of
changes in the driver to driver spacing and crossover network
parameters can be seen as they are being made. Because the X
axis ramp drive is synchronized to the acoustic pulse on Y axis
channel 1, and there is a delay between the ramp and the pulse
output of the amplifier displayed on Y axis channel 2, this
display will vary as the pulse duration is changed. However,
this is merely a reference display. It is not affected by
driver spacing or crossover network changes.

Figure 3 shows a more complete diagram of the equipment used
for the Time-Align Technique. The addition of the 20Hz to
20,000Hz sweep generator and the freguency response tracer
allows the immediate effects of changes in driver spacing and
crossover network parameters to be viewed in the amplitude vs.
frequency domain. The graphic level recorder and synchron-
ized oscillator allow permanent records to be wmade.
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The square wave generator allows the acoustic response to
square waves to be viewed and photographed. The variable
delay unit is in addition to the ramp delay unit which is
an integral part of the Time-Align generator. This allows
variations in phase to be viewed under dynamic conditions
as an X-Y display. A 45° straight line indicates perfect
alignment of the acoustic output as received by the micro-
phone with respect to the input to the loudspeaker system.
The input to the amplifier may be any of the five sources
shown.

Figure 4 shows a special mechanical assembly which facili-
tates the initial determination of optimum driver to driver
spacing. Drivers may be moved in the X,Y, and Z planes.

B. Measurements

Figure 5a shows the display of an acoustic output pulse
and the reference pulse. Figure 5b is the amplitude vs.
frequency response. These were obtained by a combination
of a crossover and a midrange and highrange driver.

Figure 6a is the display of an acoustic output pulse of the
same combination but with the polarity of the highrange
driver reversed. Figure 6b is the amplitude vs. frequency
response, For clarity, the difference between the amplitude
vs. frequency response data of Figures 5b and 6b are shown
in Figure 7. Notice the time smear in the acoustic pulse
of Figure 6éa. The time scale is identical for the acoustic
output pulse and the input reference pulse. Both drivers
were aligned with their mounting flanges in line. The time
smear is due to blending the acoustic outputs of two
drivers whose physical positions lie in the same plane, but
whose acoustic positions are mis-aligned.

Adjustments were made on the spacing between the drivers

and modifications were made to the crossover network. Figure
8a and 8b and Figure 9a and 9b represent the results of these
changes, Figure 9 is for a polarity reversal of the high-
range driver, The time smear in the acoustic output pulse
has been reduced. Figure 10 shows the difference in the
amplitude vs. frequency domain due to the polarity reversal
of the highrange driver. Figure 11 is an acoustic output

and reference input square wave at 3300 Hz, which is at the
crossover frequency.

It is most interesting that, while the acoustic output pulse
responses in the amplitude vs. time domain, as represented

by Figures 8a and 9a, are very different, the amplitude vs.
frequency responses, as compared in Figure 10, are verﬁ gimi~-
lar. A brief glance at the data presented in Figures
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through 10 might cause one to conclude that, since Figure 10
shows the amplitude vs. frequency differences to be very
small, changes in the amplitude vs. time domain as represented
by the pulse response in Figures Sa and 9a, are unimportant.
It must be pointed out that the test signal used to obtain the
data of Figure 10 was a slowly swept sine wave. The pulses

of Figures 8a and 9a were the result of a fundamental frequen-
cy and its harmonics occuring simultaneously. The difference
in the acoustic output pulses of Figures 8b and 9b, due to the
polarity reversal of the highrange driver, is audible. The
modifications which produced the combination of driver spacing
and crossover network parameters, for which polarity reversal
of the highrange driver makes such little difference in the
amplitude vs. frequency domain, was made possible by viewing
changes in the amplitude vs, time domain using the Time=-Align
Technigque. It is impossible to show, in this presentation, the
subtle detail which can be seen in the amplitude vs. time dis-
play while slowly varying the driver positions.

There are many other aspects of the Time-Align Technique which
are being investigated. One phenomenon mentioned by Heyser (12)
is that the acoustic position of a driver should lie behind its
physical position by some distance which is a function of its
high frequency cutoff. This is verified by Figure t12. The
delayed pulse is the result of decreasing the high cutoff of

a driver by adjusting the crossover network. This points up
another fact that might be overlooked. Some designers might be
tempted to merely line up the voice coils of the various drivers
of a loudspeaker system. Figure 12 points up the fact that not
only are the acoustic positions of the drivers not identical
with the voice coil positions, but that the adjustments of
crossover network parameters to achieve a blended acoustic out-
put, will vary the acoustic positions.

Two other points are worthy of mention. First, the minimum
allowable variation in driver spacing is a function of the

time spread of each individual driver in a system.(36) Second,
when making subjective determinations of quality with respect to
time smear, the quality of the program material, with respect

to its own time smear, is of great importance.(36)(37)

SUMMARY

Subjective judgements of the quality of loudspeaker systems

which are designed with attention to the time coherence of the
acoustic output, have reported the great sense of depth in the
reproduction of stereo programs.(33)(39) This correlates with
the reverse situation where the unnatural spread of instruments
in spatial depth has been noted as an effect of time smear.(36)
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The Time-Align Technique has been presented as a means for
achieving loudspeaker system designs which are capable of
producing a time coherent acoustic output. The same results
might be achieved by other methods but they are much more
tedious and time consuming. The main advantage of the tech-
nique presented is the relative ease with which a complete
Time-Align loudspeaker system can be engineered.

Acknowledgements
The author thanks Mr. Ron Wickersham for his assistance,

especially for the development of the Time-Align generator
circuitry.

(6)



REFERENCES

(1)

(2)

(3)

(4)

(5)
(6)
(7)
(8)

(9)

(10)
(11)
L1E)
(13)
(14)
(15)

(16)

J. Hilliard, "Historical Review of Horns Used For Audience
Type Sound Reproduction," J.A.S.A.,Vol.59,N0.1,p.1(Jdn.1976)

H, Chinn & P. Eisenberg, "Tonal-Range and Sound Intensity
Preferences of Broadcast Listeners,"' Proc.I.R.E.,Vol.33,

No.9,p.571, (Sept.1945)

R.E.Kirk, "Learning, A Major Factor Influencing Preferences
for High Fidelity leproducing Systems," J.A.S.A.,Vol.28,
p.1113, (1956)

A.Gabrielsson,U.Rosenberg,&H.Sjogren, "Judgements and Dimen-
sion Analyses of Perceived Sound Quality of Sound Repro-
ducing Systems, "J.A.S.A.,V0l.55,N0.4,p.5854, (Apr.1974)

H.D.Harwood, "Audibility of Phase Effects in Loudspeakers",
Wireless World,Vol.52,No.1481,p.30,(Jan.1976)

B.B.Bauer, "Audibility of Pbase Distortion, "Wireless World,
Vol.80,p.27,(Jan.1974)

R.Heyser, "Some New Audio Measurements,A.E.S.Preprint No.1008
(A.E.S. 51st Convention,May 1975)

R.Heyser, "Geometry of Sound Perception, "A.E.S.Preprint No.1009
(A.E.S. 51st Convention,May 1975)

R.Cabot,D.Dorans,M.Mino, I.Tackel,& H.Breed, 'Detection of Phase
Shifts in Harmonically Related Tones,"A.E.S. Preprint No.1072,
(A.E.S.52nd Convention,Nov.1975)

K.Hodgkinson, "The Psycho-Acoustics of Phase, "Hi-Fi News &
Record Review Annual'’, 1976,p.23

T .Buunen,J .Festen,F.Bilsen,& G. van den Brink, "Phase Effects
in a Three-component Signal,"J.A.S.A.Vo0l.55,No.2,p.297,Feb1974

R.Heyser, "Loudspeaker Phase Characteristics and Time Delay
Distortion, Part 1,"J.A.E.S.,Vol,17,No.1,p.30 (Jan 1969)

R.Heyser, "Loudspeaker Phase Characteristics and Time Delay
Distortion,Part 2,"J.A.E.S.,Vol.17,No.2,p130, (Apr.1969)

J.Jenkins-Lee, "Transient Response of Earphones for Auditory
Research, "(Presented at May 1970 A.E.S. Convention)

I.Patterson, "Six Pairs of Headphones",Hi-Fi News & Record
Review,Vol.18,No.11,p.2345, (Nov.1973)

J.Moir, "Assessing Loudspeaker Performance,Part 4,Pulse
Testing Techniques,'" Hi-Fi News & Record Review,Vol.20,
No.10,p.105 {0ct.1975)



(17)

(18)

(19)

(20)

(21)

(22)
(23)

(24)

(25)

(26)
(27)

(28)

(29)
(30)

(31)

D.M.Leakey & E.C.Cherry, "Influence of Noise Upon the
Equivalence of Intensity Differences and Small Time
Delays in Two-Loudspeaker Systems,"J.A.S.A.Vol.29,
No.2,p.284, (Feb.1957)

A.Schaumberger, "Impulse Measurement. Techniques for
Guality Determination in [Ii Fi Equipment, with Speecial
Emphasis on Loudspeakers," J.A.E.S.,Vol.19,No.2,p101, (Feb.1971)

News of the Sections, "Pulse Testing of Transducers",J.A.E.S.,
Vol.23,No.4,p.328, (May 1975), (Description of the San Fran-
cisco Section meeting for January 1975)

T.Muraoka,H.Onoye,& A.Takayanagi, "Measurement of Phono-
graph Cartridges by the Pulse-Train Method, "J.A.E.S.,Vol.22,
No.7,p.502, (Sept.1974)

T.Muraoka,H.Onoye,& J.Eargle, "On the Measurement of Phono-
graph Cartridges by the Pulse-Train Method, Part 2,"A.E.S.,
Preprint No.1083,(A.E.S. Convention 52,0ct.1975)

R.Heyser, "Determination of Loudspeaker Signal Arrival Times,
Part 1,"J.A.E.S.,V0l.19,N0.9,p.734,(0ct.1971) .

R.Heyser, "Determination of Loudspeaker Signal Arrival Times,
Part 2,"J.A.E.S.,V0l1.19,No.10,p.529,(Nov.1971)

H.Mgller, "Phase Response of Loudspeakers Measured with Phase
Meter and Digital Delay Line,"A.E.S. Preprint No.962,(A.E.S.
48th Convention,May 1974)

P.L.Rossiter & P.J.Beckwith, "A Phase Meter Suitable for
Loudspeaker Measurements, "J.A.E.S.,Vol,23,No.4,p.239,
(May 1975)

P.Unwin, "A Correlation Theory of Hearing, "Hi-Fi News and
Record Review Annual,p.42,(1974)

R.Driscoll, "What is Phase Response?"Grammaphone,Vol.53,
N0.630,p.9473, (Nov.1975)

H.Staffeldt, "Correlation Between Subjective and Objective
Data for Quality Loudspeakers,"J.A.E.S.,Vol.22,No.6,p.402,
(July/Aug.1974)

V.Hansen & E.R.Madsen, "On Aural Phase Detection,Part I,"
J.A.E.S.,Vol.22,No.1,p.10, (Jan/Feb 1974)

V.Hansen & E.R.Madsen, "On Aural Phase Detection,Part II,"
J.A.E.S.,Vol.22,No.10,p.783, (Dec 1974)

D.S.Stodolsky, "The Standardization of Monaural Phase,"
1.E.E.E.Trans.Aud.&ElectroAcous.,Vol ,AU-18,No.3,p. 288,
(Sept. 1970)



(32)

(33)

(34)
(35)
(36)
(37)
(38)

(39)

S.H.Linkwitz, "Active Crossover Networks for Non-Coin-
cident Drivers,"J.A.E.S,,Vo0l.24,No.1,p.2,(Jan/Feb 1976)

S.Ishii & K.Takahashi, “Design of Linear Phase Multi-Way
Loudspeaker System, "A.E.S., Preprint No.1059,(A.E.S. 52nd
Convention,0ct.1975)

E.M.Long,"nesign Parameters of a Dual Woofer Loudspeaker
System, "J.A.E.S.,V0l.17,N0.5,p.515, (Dct.1969)

E.M.Long, "Crossover Network Design, "Audio,Vol.56,No.3,
p.34,(MaT.1972)

R.Heyser, "The Delay Plane, Objective Analysis of Subjective
Properties,Part 1,"J.A.E.S.,V01.21,N0.9,p.690,(Nov.1973)

Superscope Advertisement, (830-2 Recorder),Stereo Review,
Vol.36,No.4,pp.26-27, (ApT.1976)

J.Farnol, "Phase Characteristics-A Comparative Investigation,
Hi~-Fi Sound,Vol.9,No0.1,p.75,{(Nov.1975)

J.Gilbert, "Equipment Reviews",Grammaphone,Vol.53,No.632,
p.1270,(Jan,1976)



VARIABLE VARIABLE OUTPUT Pulse
RAMP o PULSE AMPLIFIER
GENERATQR GENERATOR
| SYNC Sync
AMPLIFIER
BUFFER DELAY DELAY Delayed
AMPLIFIER | amp
|
CLOCK
FIGURE 1
X
CH 1 |CH 2| AMP
TIME-ALIGN MICROPHONE
GENERATOR AMPLIFIER
Delay
Ramp
Sync
CROSSOVER‘“'*]\
Pulse AMPLIFIER CONTROL MIC
CONSOLE ul

FIGURE 2




EXTERNAL _ CrossSoVER[—
SIGNAL oo+ AMPLIFIER CONTROL |3 MIC
(MUSIC,ETC) CONSOLE q
B&X 1024 MIC
SINE/RANDOM g ol AMP
GENERATOR
|
20-20kHz _ J
SWEEP 4 —
GENERATOR
VARIABLE -
—] DELAY o
T/A PULSE _
GENERATOR  |—o & _
SQUARE _‘J
WAVE Lo RESPONSE
GENERATOR | TRACER
GRAPHIC
LEVEL
RECORDER
FIGURE 3

FIGURE 4




w_o__ tower Lim. Freq: . Hz Wi, Speed._____._mm/sec. P
L

T jl’ T ). 1 T T L] }" ¥ % T T T 1
Ly 1 At
' | ! I A
I VeSS \"\Vl'i N
a0 4 ‘ [
i [ [ ( i1
Il - o P
/ ’ Ll N B
T T
i L IREEEE
7T —f
/ ( | [ ol (
‘ il Ll il L
200 Hz 500 1000 2000 Hz 5000 10000 20000
— Zero Level . _ I {1612/:
FIGURE 5a FIGURE 5b
i _Lower Lim, Freq " —». Hz Wr, Speed.______ mm/sec. P
L} Il LML LIt | LI § T L | 1
I T
i /,,../f’ ‘\-.—--—s./—\)\
= - o
e : z
7}/ ' ] - T
- B -
- i
T - 1 -
e . |
/ - | |
S | .
200 Hz 500 1000 2000 Hz 6000 10000 20000
— Zero Level. (16127
FIGURE 6b
FIGURE 6a
er —Lower Lim. Freq-_____ Hz Wr. Speed:_ mm/sec. F
L T L [ T —r I T . | 1
o | 1o v L
>
1 ] /,n_/{‘»/“\"'f'v’ "\ - /- - \\
. i o |
B / | bl Ly
, - | | }
/ e [
- |
IR R
- s i N '
200 H: 500 1000 2000 Hz 5000 10000 20000
J— Zero Level: - (1612/7:

FIGURE 7



FIGURE 8a

__Hz Wr., Speedi._______mm/sec. P.

ELEL ¥ L] LI | T T 1
_ | }"\ Lot B
< . aE T
= [ - -
IS e )
- ! J N I S A S IO - AP N B
500 1000 2000 Hz 6000 10000 20000

J— Zero Level: (1612/:

FIGURE 8b

Lower Lim. Freq:_______Hz Wr. Speed:______mm/sec. P
LB N Y Lt tame |

200 Hz 500 1000 2000 Hz 5000 10000 20000
—_ Zero Level: (1612/

FIGURE 9b

s LowerLlim Freq:__ Hz Wr. Speed: mm/sec. P
L] L] v L

200 Hz 500 1000 2000 Hz 5000 10000 20000
J— Zero Level: {1612/

FIGURE 10




FIGURE 11

FIGURE 12



