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Audio Analyzer — Type 2012
Version 4.0 including Special Calculation Software Type 7661

USES: ❍ Automated measurements of individual Harmonic, 
❍ Development and quality control testing of 
electroacoustic and vibration transducers: 
loudspeakers, telephones, headphones, 
microphones, hearing-aids, hydrophones, 
accelerometers

❍ Linear and non-linear system analysis

❍ Propagation path identification

❍ Acoustical measurements in rooms and vehicles

FEATURES:

❍ Transducer workstation combining the most 
advanced sine sweep and FFT techniques

❍ 12″ high-resolution colour monitor displays up to 36 
curves simultaneously

❍ Frequency range: 1Hz to 40kHz

❍ Distortion and noise: <–80 dB re full scale input

❍ Fast time selective measurement of complex 
frequency and impulse response

❍ Steady-state response measurements as a function 
of swept frequency or level

Intermodulation and Difference Frequency distortion 
components and total RMS

❍ 1600 line FFT spectrum

❍ User-definable Auto Sequences

❍ Extensive post-processing facilities: +, –, ×, /, 1/x, 
x2, √x, |x|, poles, zeros, windowing, editing, 
smoothing

❍ On-screen help in English, French or German

❍ Preamplifier (microphone) and balanced or single-
ended direct inputs

❍ Two separate built-in sine generators

❍ Built-in 31/2″, 1.44Mbyte, PC/MS-DOS compatible 
floppy disk drive for storage of data, setups, and 
Auto Sequences and simple loading of complete 
applications

❍ Screen copy facility for plotters and printers, both 
colour and monochrome, direct or via disk

❍ Upgrade kit from Version 3.0 to Version 4.0 
available

The Type 2012 Audio Analyzer is a

powerful instrument for transducer
measurements and system analysis. It
features a colour screen, built-in 31/2″
floppy disk drive, IEEE-488 and RS-
232-C interfaces, three measurement
modes and an Auto Sequence facility.
The Time Selective Response mode en-
ables extremely fast, accurate, swept
sine measurements of the free-field re-
sponse of a transducer in an ordinary
room up to the 20th harmonic. The
Steady State Response mode enables
stepped sine measurements of Har-
monic, Difference Frequency and Inter-
modulation distortion. The 2012 also
incorporates a 1600 line single-channel
FFT for spectrum measurements.

Type 2012 has numerous post-pro-
cessing capabilities: windowing, block
arithmetic, addition of poles and zeros,
square and square root, absolute value,
and editing of response data. Applica-
tions include development and quality
control testing of loudspeakers, tele-
phones, microphones and other elec-
troacoustic and vibration transducers.
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Introduction

Audio Analyzer Type 2012 offers
three powerful measurement tech-
niques in one instrument. Time Se-
lective Response (TSR), Steady State
Response (SSR) and FFT Spectrum
(FFT) techniques combined with full
complex processing, ensure that Type
2012 will solve almost any electroa-
coustic measurement problem.

TSR Mode
The TSR mode enables “free-field”
measurements without an anechoic
chamber, by rejecting the reflections
from an ordinary listening room.
Type 2012 incorporates a technique
that allows a useful combination of
speed, accuracy and signal/noise ratio
for such measurements.

SSR Mode
The SSR mode offers comprehensive
distortion measurement facilities:
Harmonic, Intermodulation and Dif-
ference Frequency distortion modes.
For band-limited objects, such as
electroacoustic transducers, non-line-
arities cannot be evaluated simply by
measuring Harmonic, Intermodula-
tion or Difference Frequency distor-
tion at a few frequencies only. The
inclusion of all three distortion modes
means that measurements can be
made beyond the upper frequency
limit of a test object. This is possible
because the distortion components
will remain inside the working fre-
quency range of the object.

FFT Mode
The FFT Spectrum mode has been
specially developed for optimum
analysis of transient signals in the
time or frequency domains.

Description
Type 2012 features a 12″ high-reso-
lution colour screen. 16 different col-
ours can be selected from a palette of
4096 colours. Setting up the screen
format for simultaneous presentation
of up to 36 curves on one or two graph
fields is very simple with Type 2012,
and multiple curves are easily pre-
sented by using different colours.

The 2012 is simple to operate. The
“soft key” system significantly reduc-
es the number of keys. The keys are
organized to give a good overview of
the various functions, and logical
menus provide a guide for setting up
the analyzer. The soft keys are posi-
tioned along the right-hand edge of
the colour monitor.
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A command-oriented Auto Se-
quence facility makes it simple to set
up the 2012 to perform a specific
task. Auto Sequences are edited in a
special menu, and are basically a se-
quence of setup changes or control
commands which are executed in the
same order as they are set up. The
Auto Sequence facility allows you to
tailor the operation of the 2012 to a
specific application. Five Auto Se-
quences, each containing up to 100
lines, can be stored in the 2012. Auto
Sequences can also be saved or read
from a disk.

Measurement data are always
stored as complex frequency func-
tions in the measurement buffer or
one of the ten result memories —
“M 1” to “M 10”. The data in each of
these memories can then be proc-
essed further, as complex numbers,
using the Block Arithmetic facility.
Fig. 1 gives an overview of the data
flow inside Type 2012.

Measurement results obtained in
TSR or SSR mode are calculated as
frequency responses. The frequency
response is calculated as the transfer
function (relative response) or as the
response signal only (absolute re-
sponse). Measurements obtained in
FFT mode are calculated as spectra.
The scaling of a spectrum can be
RMS, Power, ASD (amplitude spec-
tral density), PSD (power spectral
density) or ESD (energy spectral den-
sity).

The input and output of the ana-
lyzer can be calibrated in any desired
unit. Once calibrated, the 2012 level
settings refer directly to the signal at
the terminals of the measurement ob-

ject. An autorange function exists for
setting the optimum input gain.

For most applications the 2012 is
a self-contained instrument. It has
both direct and microphone inputs
and two separate built-in sine signal
generators for excitation. The Direct
Input can be used balanced or single
ended. The “Preamp. Input” is used
for connecting a standard B&K mi-
crophone preamplifier and measur-
ing microphone.

Graphic presentation and docu-
mentation are set up in the Screen
Format menu. This menu has com-
prehensive facilities for documenta-
tion and hard copies of parameter
overviews for measurements can eas-
ily be made. Two screen pictures with
a total of 36 graphs can be stored
simultaneously. The Graph menu is
used for setting up the parameters
for the frequency and time domain
functions. Any desired graph function
can be displayed after a measure-
ment has been performed. A set of
graph data is calculated based on the
parameters in the Graph menu and
the measurement data from the
measurement buffer or one of the re-
sult memories. The flexibility of the
graph axis parameters and the pos-
sibility for individual graph annota-
tions give great freedom for viewing
and documenting the results.

A standard “QWERTY” keyboard is
delivered with the 2012. It is used for
entering text on graphs and for per-
sonal comments on a text page. The
keyboard can easily be changed to in-
clude German or French characters.
The analyzer is supplied with Eng-
lish, German and French program
Fig.1 Flow-chart showing the basic data flow in Type 2012. Data from the measurement
module are stored as complex numbers in the buffer memory or one of the ten result
memories. Graph functions can be calculated and displayed after a measurement is
performed
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disks. This gives the option of select-
ing English, German or French char-
acters, as well as displaying help
pages in the desired language.

The 2012 has extensive on-line
help facilities. One status and error-
message line appear at the bottom of
the screen to give immediate help or
warning about the button which has
just been pushed. A comprehensive
full-screen help page can be obtained
by pressing “Help” and then pressing
the key for which help is required.

Measurement Modes

A Mode menu is used for selecting
either the TSR, SSR or FFT measur-
ing mode, or one of the five Auto Se-
quences. Measurements are always
performed in the mode selected in the
Mode menu.

Separate measurement and display
processors allow the analyzer to be
quickly set up for another measure-
ment — even while a measurement
is in progress.
Time Selective Response
The TSR mode employs a technique
for measuring a time-selective fre-
quency response using a linear con-
tinuous sine sweep with constant or
frequency-weighted amplitude. The
main advantage of this technique is
its capability of rejecting noise and
reflections, even with short measur-
ing times.

One of the main applications of the
TSR mode is the simulated measure-
ment of free-field response, for exam-
ple, in evaluating loudspeakers in a
normal reverberant environment,
thus avoiding the use of an expensive
anechoic chamber. One of the proper-
ties of TSR is that the magnitude and
phase responses are available in both
the time and the frequency domains.
Both the frequency and the time do-
main responses are typically availa-
ble almost instantaneously.

The driving signal used for TSR is
a linear sine sweep, i.e. the instanta-
neous frequency is linearly related to
time. This linear sweep links time
and frequency together in such a way
that a selection in time — and con-
sequently in space — can be obtained
by filtering in the frequency domain,
see Fig. 2. An advanced detector al-
gorithm ensures that the response is
calculated correctly, independent of
the selected sweep time.

The synchronism between the exci-
tation signal and the filter tracking
the response provides the 2012 with
an inherently good signal/noise ratio.
The TSR technique offers the optimal
combination of signal/noise ratio and
measuring time, for almost any prac-
tical measuring situation. The basic
Fig.2 The Time Selective Response mode allows the free-field
response of a loudspeaker to be measured in an ordinary room.
A linear sweep is used for excitation. Various delays are converted
into frequency shifts proportional to the delay and sweep rate S.
The figure shows the instantaneous frequencies at the moment in
time when the generator is at 1000Hz
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Fig.3 The 2012 measures the fundamental frequency or selected
harmonic (up to the 20th), in TSR mode. The light raster area
represents the data which are actually used for analysing the
response. The sweep range is automatically increased to eliminate
“edge effects”. The triangular dark raster areas represent the extra
data. The width of the data area is given by the Time Range
which is equivalent to the length of the time window
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Fig.4 TSR menu with dual graph display. The upper graph shows the frequency response
for a small loudspeaker measured at 1m distance. The lower graph shows the time
response (magnitude of the impulse response) for the same measurement
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parameters which must be consid-
ered when setting up a TSR meas-
urement are: Frequency Range,
Delay, Time Range, and Sweep Time.
The relationship between these pa-
rameters is illustrated in Fig. 3. De-
lay is the time between excitation of
the measuring object and collection
of the measurement data. Time
Range is equivalent to the length of
the time window for the measure-
ment. Sweep Time is the time it takes
to perform a sweep covering the spec-
ified frequency range, i.e. the effec-
tive measurement time. When
performing a measurement, the
sweep range entered is automatically
increased to keep unavoidable “edge-
effects” outside the frequency range
of interest (see Fig. 3). Choosing a
longer sweep time, will improve the
signal/noise ratio proportionally.
Hence the sweep time should be cho-
sen so that the noise is sufficiently
suppressed. Normally this can easily
be obtained with sweep times of the
order of a few seconds. A number of
averages (1 to 1024) can also be spec-
ified to improve the signal/noise ratio
which only depends on the total ef-
fective measurement time.

Two basic modes can be selected –
Baseband or Zoom. In Baseband
mode the fundamental is measured
over the entire frequency range up to
a specified upper frequency limit. In
Zoom mode the fundamental or har-
monic up to the 20th order is meas-
ured over a frequency interval
specified by a start and a stop fre-
quency. In Zoom mode the sweep can
be made in both directions depending
on the specified start and stop fre-
4

quencies. The position of the time
window can be varied around the
measured impulse response to com-
pensate for large propagation times
in the measured object. Fig. 4 shows
the TSR Setup menu with a dual
graph display.

Steady State Response
The SSR mode employs a technique
for measuring a steady state re-
sponse using stepped sine excitation.
The response can be measured as a
function of the excitation frequency
or it can be measured as a function
of the excitation level. The measure-

ment can use an adaptive scan algo-
rithm or linear averaging. The
adaptive scan algorithm means that
the steady state response is meas-
ured to the user-specified accuracy in
the minimum possible time. Linear
averaging averages the response of
each excitation step over a specified
period of time.

For measuring frequency respons-
es, SSR mode is desirable for meas-
urements at a number of single
frequencies. The distribution of the
excitation frequencies for an SSR
measurement can be linear, logarith-
mic or user-defined. 
Fig.5 Harmonic distortion, Difference Frequency and Intermodu-
lation distortion can be measured selectively using stepped sine
excitation in Steady State Response mode, or a broadband total
RMS value, including distortion and noise, can be measured
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Fig.6 SSR Intermodulation distortion menu and graphical pres-
entation for setting up the parameters for measuring Intermodu-
lation distortion. This menu is set up for measuring the
fundamental, the Intermodulation distortion orders 2, –2, 3, –3,
4, –4, 5, –5 and Total Distortion
Fig.7 SSR menu with dual graph display. The upper graph shows the near-field frequency
response for a mid-range driver, and also includes the 2nd and 3rd harmonics. The lower
curve shows the corresponding Total Harmonic Distortion as a percentage



A stepped sine signal is used for
excitation in SSR mode. If the
adaptive scan algorithm is select-
ed, the response is automatically
sampled at each excitation fre-
quency or level until the response
has stabilized to within the speci-
fied accuracy. In this way the
measurement is optimized in the
minimum time for a given accuracy.
If linear averaging is selected, a well

defined average is calculated for a
specified period of time at each ex-
citation frequency or level.

The measurement can operate on
either complex or power data. Com-
plex data provides phase information
on the response and excellent noise
suppression. Power data ignores any
phase information providing accurate
results, even if the test object has a
varying delay.
The SSR mode also incorporates
extensive facilities for measuring dis-
tortion. Graphical menus make it
easy to set up the system to perform
measurements of Harmonics, Differ-
ence Frequency and Intermodulation
distortion as well as measurements
of the total RMS response including
noise and distortion. Fig.5 illustrates
the Harmonic, Difference Frequency
and Intermodulation distortion
modes.

Harmonic distortion mode can in-
clude any harmonic up to the 20th.
Total (including fundamental), Total
Distortion (not including fundamen-
tal) or THD can also be specified in
this menu.

Difference Frequency distortion is
measured by exciting the system
with two test tones of constant or
weighted amplitude, f1 and f2. The
two tones are stepped through the
frequency range of interest, while
keeping a fixed frequency difference
between them.

Intermodulation distortion is also
measured by using two test tones, f1
and f2, with constant or weighted am-
plitude. f2 is kept at a fixed low-fre-
quency, while f1 is stepped through
the frequency range of interest. One
of the main advantages of Intermod-
ulation and Difference Frequency dis-
tortion measurements is that they
can be used for measurements be-
yond the upper frequency limit of a
system, (since the resulting distor-
tion components remain inside the
frequency range of the system). Fig. 6
shows the Setup menu for measuring
Intermodulation distortion.

Fig. 7 and 8 show the menu for set-
ting up the basic SSR parameters for
a frequency response measurement
and a level response measurement
respectively. Responses measured
can be calculated as the transfer
function (relative response) or as the
response signal only (absolute re-
sponse). A frequency sweep or a level
sweep can be selected. Linear, loga-
rithmic or user-defined distributions
of excitation frequencies can be se-
lected for a frequency sweep. Step
size can be set to 1/3, 1/6, 1/12, 1/24,
1/96-octave and Progressive, i.e. start-
ing with the 1/3-octave excitation fre-
quencies, then adding the remaining
frequencies to make a 1/6-octave
measurement and so on until all the
1/96-octave frequencies have been
measured. Next, the parameters used
for averaging are specified: selection
of adaptive or linear averaging using
either complex or power data, accu-
racy, delay and averaging time.
Fig.8 SSR menu with single graph display. The graph shows a level response of a hearing
aid. The level response (sometimes referred to as the I/O Characteristic) shows the output
level of the hearing aid as a function of the acoustic excitation level for a single frequency
Fig.9 FFT menu with dual graph display. The FFT mode allows single-channel meas-
urements with excitation from the internal sine generators. The upper graph shows a
5 kHz sine signal distorted by asymmetric clipping. The lower graph shows the spectrum
of the same signal
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Fast Fourier Transform
In FFT Spectrum Mode an FFT algo-
rithm is used for measuring the spec-
trum of a signal from a test object.
The test object may be excited from
the internal sine generators in Type
2012.

The single-channel FFT mode is
suited for the analysis of continuous
signals and for transient signals,
where the entire signal to be ana-
lyzed fits into the analyzer memory.
The FFT mode can be advantageous
for measuring, e.g., background
noise, telephone dialling tones, at-
tack/release times of compressor cir-
cuits or for a quick evaluation of non-
linearities in a test setup.

Two basic modes can be selected —
Baseband or Zoom. In Baseband
mode the 2012 produces an FFT spec-
trum with a frequency resolution of
up to 1600 lines, based on 4096 sam-
ples in the time function. In Zoom
mode (high-resolution mode) a partic-
ular center frequency can be selected,
and a bandwidth from 1.56Hz to
1600Hz can be specified to “zoom” in
on this frequency. The resolution in
Zoom mode is always 513 lines, based
on 1024 time samples. Averaging is
used to obtain a statistically reliable
result by reducing the effects of ran-
dom variations. Complex amplitude
averaging or Power averaging can be
selected. Fig.9 shows the FFT Setup
menu where a dual graph display is
used to illustrate a time signal and
its corresponding spectrum.

Auto Sequences
An Auto Sequence is a user-defined
sequence of front panel functions. On
the screen, it appears as a three-col-
umn list, including the hard key la-
bel, the soft key label and the
parameter value (if any), which to-
gether constitute the equivalent
IEEE-488 bus commands. A “learn
mode” is used to make this list by
simply pushing the desired keys. Any
front panel function, including calling
another Auto Sequence, can be exe-
cuted with an Auto Sequence. Fig.10
shows an Auto Sequence which will
perform a TSR measurement of the
fundamental and the 2nd and 3rd
harmonic distortion components, dis-
play the curves on the screen and
finally make a hard copy of the screen
picture. Editing the five Auto Se-
quences, each containing up to 100
front panel functions, is extremely
easy.

Conditional and unconditional
loops can be set up and branching
can be specified. Branching is con-
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trolled using If-Then-Else commands.
Looped execution can be established
using the “Do” command. Loops can
be performed a fixed number of times
or as long as a specified condition is
fulfilled.

In addition, IEEE-488 interface
commands that do not have an equiv-
alent front panel function can be
keyed in from the external keyboard.

The position of the cursor can also
be controlled from an Auto Sequence,
and cursor values can be transferred
to, added to or subtracted from pa-
rameter values.

Comments can be inserted into
Auto Sequences, as well as messages
and warnings to be displayed in the
status line on the screen during exe-
cution.

Execution of Auto Sequences can
be carried out in either Single Task
or Multitasking mode. In Single Task
mode each command line is executed
before the next. This ensures an ex-
actly sequential execution. For spe-
cial purposes, multitasking can be
selected, making use of the analyzer’s
parallel analysis capabilities.

The 2012 is supplied with a disk
with a number of Auto Sequences
which makes up a tutorial guide.

Processing

Memory
Type 2012 has a 4Mbyte internal

memory with a battery back-up for
permanent storage of data. The con-
tinuous memory is used for storing
the program source, a complete pa-
rameter setup, five Auto Sequences,
11 complete result memories, two
separate screen pictures (Graph A
and Graph B) with up to 36 curves
and user-defined text.

The content of the internal memory
is used whenever the 2012 is
switched on without the program
disk in the disk drive. Switching on
or resetting the instrument with the
program disk in the disk drive will
update the main program and reset
all data. Changing between English,
German or French help pages and
characters, is simply a matter of load-
ing the desired version of the pro-
gram disk.

Block Arithmetic
The Block Arithmetic menu is used

for post-processing operations yield-
ing a complete response function or
spectrum as a result. All measure-
ment data are stored as complex
numbers, i.e. with real and imagi-
nary parts, allowing full complex
Fig.10 Auto Sequences are listed using the equivalent IEEE-488 bus commands. This
Auto Sequence will perform a TSR measurement of the fundamental and the 2nd and
3rd harmonic distortion components, display the curves on the screen and finally make
a hard copy of the screen picture
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processing to be performed. Data in
any of the 11 result memories can be
post-processed. The result is a new
set of data which can be stored in any
of the result memories. The list of
post-processing operations are:
❍ Copying data between the 11 re-

sult memories.
❍ Multiplying data with a frequency

or a time window (Hanning, Rec-
tangular or Rectangular with Han-
ning Taper)

❍ Addition and Subtraction (in the
frequency domain)

❍ Multiplication and Division (in the
frequency domain)

❍ Time shifting (linear phase shift in
the frequency domain)

❍ Changing polarity (180° phase
shift)

❍ Calculating the reciprocal (in the
frequency domain)

❍ Calculating the absolute value
❍ Calculating the square and square

root of the amplitude in the fre-
quency domain

❍ Calculating exponents
❍ Calculating natural logarithms
❍ Adding poles/zeros
❍ Editing values
❍ Converting data to a user-defined

frequency format

Display

Screen Format
Measurement results can be dis-
played in various formats. Different
graph formats are shown in Fig. 10.
The Screen Format menu is used to
set up the different formats: Graph
A (and Graph B) display a single
graph area for showing up to 36
curves simultaneously. Text can be
superimposed on the graph field, or
a full text page for user-defined text
can be selected. Graph A & B gives a
dual screen format to display Graph
A (upper) and Graph B (lower) simul-
taneously.

Fig. 11 and 12 show some of the
screen formats which are also used
for documentation. Graph Only is
used to give an enlarged graph field
which takes up the whole screen; no
menu is shown. Full TSR, SSR or
FFT Setup gives a complete screen
overview of the parameters for the
respective menus, together with the
parameters from the Level, Input
and Output menus. Graph and TSR,
SSR or FFT Setups give the param-
eters for the respective menus togeth-
er with the Level menu and a graph
field.
Fig.11 Examples of different screen formats which can be selected in the Screen Format
menu.
a) Graph A format for displaying a single graph area with up to 36 curves
b) Graph A & B format for displaying a dual graph with Graph A at the top of the
screen picture and Graph B at the bottom
c) Full screen graph (no menu)
d) Graph and Text page on the same screen picture
Fig.12 The different screen formats offer the possibility of documenting measurements.
When a hard copy is made it is a reproduction of what appears on the screen.
a) Graph Only format expands the graph field to cover the entire screen (no menu is
shown)
b) Full TSR/SSR/FFT Setup format is used for displaying the parameters from the
respective menus together with parameters from the Input, Level and Output menus
c) Graph and TSR/SSR/FFT Setup format is used for displaying the parameters from
the respective menus together with parameters from the Level menus, on the left-hand
side of the screen. The graph is shown on the right-hand side. No menu is shown
d) Frequency and amplitude values can be read out directly in all formats using the
cursor
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Graph
The Graph menu is used for select-

ing the parameters for presenting
measurement data in a system of co-
ordinates. The desired function and
the real coordinate to be displayed
are selected in this menu. Selecting
and calculating the frequency and
time domain functions after the
measurement has been done, allows
measurement data to be displayed in
a number of ways. The following
functions and coordinates can be se-
lected:

Functions:
❍ Frequency Response
❍

1/3-octave Response
❍ Time Response
❍ Response Decay
❍ Frequency Spectrum
❍

1/3-octave Spectrum
❍ Time Signal
❍ Signal Decay
❍ Auto Correlation (only for spectra)
❍ Level Response

Coordinates:
❍ Real Part
❍ Imaginary Part
❍ Magnitude
❍ Phase
❍ Group Delay
❍ Instantaneous Frequency

Graph Text
The Graph menu can also be used to
enter user-defined text to be dis-
played on the screen. Text pages can
be entered in the graph area of the
screen. This text can be displayed su-
per-imposed on the graphs, or as pure
text with no underlying graph. Text
can be emphasized using user-de-
fined text and background colours.
This makes it possible to customize
operator instructions or documenta-
tion. A special feature is the “dynam-
ic” graph text facility enabling curve
values and text strings to automati-
cally be updated, see Fig.13. This is
accomplished by inserting coded ref-
erences (Curve References) into the
8

text. X, Y and Z values, Special Cal-
culation values (Type 7661 only) and
text strings are then automatically
transferred to the display. This is
particularly useful for making report-
ready documentation. For example,
you can set up the analyzer to make
individual specification sheets with a
general text and all the relevant val-
ues will automatically be inserted
into the text (e.g., set up as a table)
when the actual measurements are
made.

Cursor
The cursor is used for reading out the
exact x- and y-coordinates of a point
on a curve. The cursor x- and y-val-
ues can be transferred to a parameter
field by using the “Cursor Value” key.

Input/Output

The 2012 has been designed to meet
the most stringent accuracy specifi-
cations. Therefore the advanced
measurement algorithms are
matched by very high-grade input
and output circuits. To ensure that
the initial specifications are main-
tained throughout the operating life
of the 2012, a thorough, accredited
calibration is available as a separate
service (see the specifications section
for further details).

Analogue Inputs
The 2012 has a direct input for voltage
signals and a standard Brüel&Kjær
preamplifier input. Both inputs have a
dynamic range of more than 80dB and
an input signal range from 0.2µV to
100V peak. A range of high-pass filters
can be selected for both inputs. Auto-
ranging can also be selected for both
inputs. The input/output panel on Type
2012 can be seen in Fig.14.

Microphone/Preamp. Input
The 7-pin Brüel&Kjær  Preamplifier
Input socket supplies power for the
microphone preamplifier, and has a
200V polarization voltage which can
be switched off for use with prepolar-
ized condenser microphones.

Direct Input
Voltage signals are connected via a
BNT socket which also accepts BNC
cables. The input can be single ended
or differential (balanced) which gives
a common mode rejection ratio of
>70dB at 50/60Hz, enabling the high
sensitivity of the preamplifier to be
Fig.13 Curve References can be used for setting up a complete table in a graph text. The
table above lists the harmonic distortion in dB at selected frequencies
Fig.14 Input/output panel of the 2012, showing the 7-pin Preamplifier Input for con-
nection of Brüel & Kjær condenser microphones, and the Direct Input which can be single
ended or differential (balanced)



Fig. 15 Type 2012 is ideal for transducer measurements. The setup in the picture uses 
the Laser Transducer Set Type 3544 for measuring the Thiele-Small parameters. Use of 
the laser enables measurements without the mass-loading effects of an accelerometer 

used even in the presence of common 
mode noise signals at the input. 

Analogue to Digital Conversion 

The anti-aliasing filter used in Type 
2012 is a nine-pole elliptical, low
pass filter, which provides more than 
80dB attenuation of input frequen
cies which can cause aliasing. The 
filter can be bypassed in FFT mode. 
14-bit analogue to digital conversion 
provides a dynamic range of >80dB. 

Trigger Functions 

The 2012 has a flexible trigger func
tion for use in FFT mode. Delays, 
from -4 to 32 seconds can be selected, 
depending on the frequency range. 
The options available for starting a 
measurement are: 

Free Run: Averaging begins as soon 
as the "Start" button is activated. 
External Trigger: Averaging is ini
tiated by an external trigger signal, 
with selectable time delay. The trig
ger input is via a BNC socket on the 
front panel. 

Internal: Averaging starts when the 
input signal passes a certain level. 
The trigger slope can be positive or 
negative, and the trigger level can be 
set from -100% to + 100% of the se
lected input value. 
Generator: Averaging begins when 
a generator signal with a positive 
slope crosses zero level. 

Signal Generators 

Type 2012 is equipped with two sep
arate sine generators. The outputs of 
the generators are either fed to two 
separate BNT connectors ([I and iz) 
on the front panel (accepts BNC 
plugs), or are summed and fed to a 
single BNT connector ([I + iz)· 

The output can be set directly in 
terms of tht desired working units, 
e.g. Pa, ms , once it has been cali
brated. Separate calibration values 
for "separate" and "common" output 
modes can be stored. An automatic 
calibration can be performed with an 
externally measured output signal. 

The frequency and level of the gen
erators can be controlled directly 
with a Manual Generator feature. 

The output and input levels are dis
played graphically on the screen. 

It is also possible to apply a weight
ing to the generator output. This fea
ture can be used for example, to keep 
the sound pressure level from a loud
speaker constant over a specified fre
quency range. This is achieved by 
specifying the inverse response of the 
loudspeaker as weighting for the gen
erator output. 

Remote 
An 8-pin socket accepting a standard 
DIN plug is fitted on the back panel 
for remote control. The following 
functions can be controlled via the 
remote control socket: Start, Stop, 
Proceed and Continuous. One pin is 
used to indicate a "Busy" state and 
one pin is used for a user-defined in
dication controlled by softkeys. 

General 

Disk Drive 
A 31/2" high-density floppy disk drive 
is built into the 2012 for permanent 
storage of parameter setups, sets of 
measurement data, Auto Sequences, 
screen pictures with curves, and 
user-defined text. The disk drive can 
handle 720 Kbyte and 1.44 Mbyte 
disks, and is PC/MS-DOS compatible. 

The Disk Input/Output menu can 
be used to display a list of files on 
the screen, and to perform the follow
ing functions: 
o Store 
o Recall 
o Delete 
o Protect 
o Unprotect 
o Rename 
o Copy 
o Format 
In addition to these standard file oper
ations, the Reset menu includes a cus
tomize function allowing complete set
up of the analyzer (with one keystroke) 
for a specific application. This is par
ticularly useful when the analyzer is 
being operated by several users. 

Screen Copy 
A copy of the present screen picture 
is obtained by pressing the Screen 
Copy key on the front panel. A hard 
copy file can be output to the IEEE-
488 bus, the RS-232 bus or can be 
stored on a floppy disk. The 2012 is 
supplied with a number of setups for 
commonly used multi-colour pen
plotters, matrix printers, ink-jet 
printers and laser printers. If a non-
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standard printer or plotter is used,
there is provision for setting up all
printer or plotter parameters in the
Interface menu.

Analogue/Digital Self-test
A comprehensive analogue/digital
self-test can be performed to ensure
proper operation of the analyzer.
During the self-test the 2012 checks
its analogue and digital functions.
Should a failure occur, a comprehen-
sive error code system can be used to
pinpoint the fault. This minimizes
downtime.

Interfaces

IEC/IEEE-488 Interface
The IEC/IEEE interface conforms to
IEEE-488.1 and IEC 625-1 stand-
ards. All functions on the display, ex-
cept those concerning IEEE
controller functions, can be transmit-
ted to and from Type 2012. This in-
cludes setup, measurement data,
display data, Auto Sequences and a
hard copy output. Type 2012 can also
be used as a system controller via the
IEEE-488 interface.

RS-232-C Interface
The RS-232-C interface conforms to
EIA Standard RS-232-C (equivalent
to CCITT V24). This interface is
standard on a number of printers and
plotters and is fairly simple to set up.
To make a hard copy, the Interface
menu for the printer or plotter must
be set up for RS-232. Baud rates be-
tween 300 and 19200 can be selected.

Keyboard
A standard “QWERTY” type key-
board is supplied with Type 2012 for
entering text on graphs and for en-
tering file names. Extra keys are sup-
plied with the keyboard so it can be
easily changed to include German or
French characters.

Loading the desired language for
the help pages automatically changes
the interpretation of the characters.
The keyboard is connected to the
front panel via a DIN-connector.

Monitor
Measurement results are presented
on a 12″ high-resolution colour
screen. The frame frequency can be
set to either 50 or 60Hz to avoid in-
terference with other mains operated
equipment. An external RGB monitor
can be connected via a D-range socket
on the rear panel.
10
Applications

To demonstrate the use of the ana-
lyzer in various applications, a
number of examples based on autose-
quences are supplied with the ana-
lyzer. These examples cover generic
applications within the areas of loud-
speaker, telephone and hearing-aid
measurement. However, the potential
of the analyzer as a stand-alone test
system as well as a part of a compu-
ter controlled system reaches far be-
yond these generic examples. The
typical applications for the analyzer
are:

Loudspeaker Measurements
Fig.16 shows a simple setup for mak-
ing loudspeaker measurements with
Type 2012. Using the TSR technique,
free-field measurements can be per-
formed without an anechoic chamber.

Analysis of cabinet diffraction can be
made in the frequency and time do-
mains. Changes in cabinet design can
easily be assessed by displaying the
two curves simultaneously in differ-
ent colours, or by subtracting the
curves and displaying the difference.
For R & D work, the 2012 can be used
for measuring the magnitude and
phase of a loudspeaker’s electrical
impedance over its entire frequency
range. For quality testing, the imped-
ance can be measured at a single fre-
quency.

The SSR technique in the 2012 has
extensive facilities for making swept
Harmonic, Intermodulation and Dif-
ference Frequency distortion meas-
urements. These measurements can
also be performed at different excita-
tion levels. Defects, such as a rubbing
voice coil, can easily be detected us-
ing the FFT Spectrum.
Fig.16 System setup for performing loudspeaker measurements with Type 2012
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Microphone 4133
Microphone Preamplifier 2639
Fig.17 System setup for performing telephone measurements with Type 2012
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Fig.19 Head and Torso Simulator Type 4128 can be used with Type 2012 for headphone
measurements. Using 50W resistors, the two single outputs (f1 and f2) are summed, therby
enabling letf- and right-channel measurements to be performed directly
Application Disks with auto se-
quences cover advanced applications
such as determination of loudspeaker
parameters and the combination of
near-field and far-field measure-
ments obtained in an ordinary room
into very accurate free-field respons-
es using the post-processing facilities.

Telephone Testing
When used with the Telephone Inter-
face Type 5906, Type 2012 forms a
powerful telephone test system. The
system illustrated in Fig.17 can be
used for measuring transmission
characteristics of telephones, includ-
ing free-field response of loudspeaker

telephones. Measurements of Re-
ceive, Send and Sidetone response as
well as Return Loss, Noise and dis-
tortion can be measured. The FFT
Spectrum mode can be used for meas-
uring the ringer tone, DTMF (Dual
Tone Multi Frequency) and for ana-
lyzing the switching characteristics
of hands-free telephones.

Due to the unique measurement al-
gorithms, most of these measure-
ments can be made simultaneously
with the presence of real speech sig-
nals. This may be required with tel-
ephone designs incorporating
advanced speech detectors and signal
processing.
Apart from its use as a stand-alone
system for development and quality
assurance purposes, the 2012 is the
central component of several PC-con-
trolled conformance test systems
which combine specific national and
international standards. Separate
product data sheets are available for
these systems.

Microphones
The output weighting facility of the
2012 can be used to obtain a sound
source with a flat frequency response
for testing microphones. Type 2012
can be used for free-field (reciprocity)
calibration of microphones. The sep-
arate generator outputs (f1 + f2) en-
able measurements of Intermodula-
tion and Difference Frequency
distortion. Variations in the direc-
tional characteristics can be dis-
played for up to 36 different angles
simultaneously.

Hearing Aid Measurements
The analyzer has several encompass-
ing facilities for hearing aid measure-
ments: Harmonic, Intermodulation
and Difference Frequency distortion
as well as broadband RMS measure-
ments. Output weighting can be used
to compensate for the response of a
sound source. Results can be func-
tions of frequency, time or level as
required for measurements of fre-
quency responses, dynamic responses
(for determination of attack and re-
covery times) and I/O responses re-
spectively. Fig.18 shows the basic
set-up for these hearing aid measure-
ments using the Anechoic Text
Chamber Type 4222.

In Situ Measurements of Head-
phones, Headsets and Hearing Aids
Using Head and Torso Simulator
Type 4128 together with Type 2012
enables objective in-situ measure-
ments of headphones, communication
headsets and hearing aids. The setup
in Fig.19 can be used for automatic
left- and right-channel frequency
measurements of headphones. Type
2012 can also be used for free-field
Insertion Gain measurements on
hearing aids, i.e., measuring the dif-
ference between the frequency meas-
ured in the ear canal with a hearing
aid fitted, and the open ear frequency
response.
Fig.18 System set-up for performing hearing aid measurements with the Audio Analyzer
Type 2012
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Specifications 2012 (Version 4.0)
Input Characteristics:

DIRECT INPUT:
Via BNT socket, single ended or balanced input
(accepts BNC cables)
Input impedance : 1MΩ||100pF
Coupling: AC
Common mode voltage:  Max. 5V
Common mode rejection:
>70dB at 50/60Hz for ð 1V peak input range
>60dB at 50/60Hz for Š1V peak input range
Input ranges:  33 ranges from 3mV to 100V
peak in a 1, 1.5, 2, 3, 4, 6, 8 sequence

PREAMP. INPUT:
Via standard B&K 7–pin socket
Input impedance : 1MΩ||100pF
Polarization voltage:  0 or 200V from 2MΩ
source
Heater Voltage: +6V (at 200mA) from 30Ω
source and +12V (at 200mA) from <1Ω source
Input ranges:  33 ranges from 3mV to 100V
peak full scale in a 1, 1.5, 2, 3, 4, 6, 8 sequence

MAXIMUM INPUT VOLTAGE:
2012 is a safety class II instrument (IEC 348).
For safe operation in accordance with IEC 348,
the voltage of the signal ground relative to earth
must not exceed 42V RMS (sine). To ensure
safe operation in accordance with IEC 348 at
higher voltages, the user must limit all input cur-
rents to 0.7mA peak
Maximum input voltage:
100V RMS/150 V peak

HIGH-PASS FILTERS:
1Hz, –0.1dB. Slope 18dB/oct.
20Hz, –0.2dB. Slope 24dB/oct.
100Hz, –0.2dB. Slope 24dB/oct.

ANTIALIASING FILTER:
Cut-off frequency:  40kHz. Provides at least
80dB attenuation of input frequencies which can
cause aliasing. The filter can be bypassed in
FFT mode

INPUT SAMPLING:
Internal: 102.4kHz
A/D conversion: 14 bit

CALIBRATION:
Units, dB reference and transducer sensitivity
can be keyed into the Input menu. Automatic
calibration with a known calibration source. The
calibration values for the Direct  and Preamp
inputs are stored individually

FREQUENCY RESPONSE:
1Hz to 40kHz, ±0.1dB re 1kHz (with 1Hz high-
pass filter)

AMPLITUDE LINEARITY:
±0.1dB or ±0.005% of max. input, whichever is
greater

ATTENUATOR ACCURACY:
±0.1dB

HARMONIC AND SPURIOUS DISTORTION 
PRODUCTS:
<–80dB re full scale in respective ranges for all
attenuator settings

INPUT AUTORANGE:
Selects optimum attenuator setting. Can be
switched on or off

Output Characteristics:
SIGNAL GENERATOR TYPE:
Two sine generators

SEPARATE OUTPUT:
Two BNT sockets on the front panel for the two
separate output signals, f1 and f2 (accept BNC
plugs)

COMMON OUTPUT:
One BNT socket on the front panel for the sum
of the two output signals, f1 + f2 (accepts BNC
plugs)

OUTPUT:
Voltage:
f1 and f2: 100µV to 3.16V RMS in 0.1dB steps
f1 + f2: 50µV to 1.58V RMS in 0.1dB steps
Attenuator  accuracy:
±0.1dB
Frequency Response:
1Hz to 40kHz: ±0.1dB re 1kHz
Harmonic and spurious distortion products:
<–85dB at 3.16V and load >1kΩ
Inherent noise:
<–95dB re 3.16V (1600Hz BW)
Impedance:  f1, f2 and f1 + f2: 50Ω

CALIBRATION:
Units, dB reference and transducer sensitivity
can be defined in the Output menu. Automatic
calibration with an externally measured output
signal in selected unit. Calibration values for f1
and f2 in both “Separate” and “Common” modes
are stored individually

Measurement Modes:

Time Selective Response — TSR
Steady State Response — SSR
FFT Spectrum — FFT
Auto Sequence 1 to 5

Time Selective Response:
RESPONSE:
Relative response (transfer function) or absolute
response (response signal only) can be meas-
ured.

BASEBAND MODE:
Fundamental: Frequency Range can be select-
ed from 39 Hz to 40 kHz

ZOOM MODE:
Fundamental:  Start and Stop Frequency can be
selected from 1 Hz to 40 kHz
Minimum Frequency Range:  39 Hz
Harmonic Distortion:  Up to 20th order harmon-
ic distortion can be selected. For the nth order
harmonic distortion Start and Stop Frequency
can be selected from 20 Hz to (40/n) kHz

TIME-WINDOW:
50/(N × F), 100/(N × F), 200/(N × F),
400/(N × F) and 800/(N × F)
N = harmonic, F = frequency range

DELAY:
0.0s to 100.0s (max 5 decimals, rounded off to
nearest 10µs value)

SWEEP TIME:
0.5, 1, 2, 4, 8, 16, 32, 64, 128, 256, 512s

AVERAGES:
1 to 4096

PAUSE:
0.0s to 100.0s

CONDITIONING TONE:
0.0s to 10.0s (max. 3 decimals, rounded off to
nearest 10ms value)

Steady State Response:

RESPONSE:
Relative response (transfer function) or absolute
response (response signal only) can be meas-
ured

SWEEP:
A sweep of the excitation frequency or the ex-
citation level can be selected. A frequency
sweep is set up by defining a start and a stop
frequency and a number of steps which can be
distributed on a logarithmic or linear scale or at
user-defined values from 1 Hz to 40 kHz. A level
sweep is set up by defining the excitation fre-
quency, the output level range to be swept and
the step size
Log:
1/3, 1/6, 1/12, 1/24,1/48 and 1/96-octave steps
Log ISO:  
Series R 10, R 20, R 40 and R 80
Lin:
1 to 1600 steps
User-defined:
From 1 to 50 frequencies
Output Level:  
Range and step size for an Output Level sweep
can be selected from 0.1 dB to 80 dB

DETECTOR:
Averaging:
Averaging can be adaptive to estimate the re-
sponse to a user-defined accuracy in the mini-
mum possible time, or linear to average all data
within a specified period of time. Complex or
power averaging can be selected
Detector band:
0.01, 0.02, 0.03, 0.04, 0.05, 0.06, 0.08, 0.1, 0.15,
0.2, 0.3, 0.4, 0.5, 0.6, 0.8, 1.0, 1.5, 2, 3, and
6dB. The value specifies the required accuracy
of the measurement (67% confidence level)
when the adaptive scan algorithm is selected
Detector delay :
0ms, 10ms, 20ms, 50ms, 100ms, ... 10s. The
value specifies the delay before the detector is
activated for each excitation frequency
Maximum detector time:
0ms, 100ms, 200ms, 400ms, 800ms, 1.6s,
3.2s, 6.4s, 12.5s, ..., 13 ks. For adaptive aver-
aging the value specifies the maximum measur-
ing time after the detector algorithm has been
activated. For linear averaging, the value spec-
ifies the averaging time

HARMONIC DISTORTION:
Simultaneous measurement of selected harmon-
ics up to 20th. Total, Total Distortion and Total
Harmonic Distortion can be automatically calcu-
lated from selected harmonics

DIFFERENCE FREQUENCY DISTORTION:
Simultaneous measurement of selected Differ-
ence Frequency products up to 9th order. Total
Distortion can be automatically calculated from
selected products

INTERMODULATION DISTORTION:
Simultaneous measurement of selected Inter-
modulation products up to 9th order. Total Dis-
tortion can be automatically calculated from
selected products

TOTAL RMS:
Measurement of broadband RMS. Includes all
distortion products and noise within the frequen-
cy range of the analyzer. Specifications for the
dynamic range of the input are reduced for this
type of measurement.
Distortion Products and Noise:
<–55 dB re full scale
12



Specifications 2012 (Version 4.0) (Cont.)
FFT Spectrum:

BASEBAND MODE

ZOOM MODE

Centre frequency:
1Hz + B/2 to 40kHz – B/2
where B = bandwidth
AVERAGING:
Complex or Power averaging from 1 to 4096
averages
WEIGHTING:
Hanning, Flat Top or Rectangular by Power av-
eraging
GENERATOR:
Off, one-tone and two-tone
CONDITIONING TONE:
(One-tone only)
Duration:
0.0s to 10.0s (max. 3 decimals, rounded off to
nearest 10ms value)
Level:
–40dB to 40dB in 0.1dB steps, re measuring
tone level

TRIGGER:
Free Run, External, Internal or Generator
Trigger level:
Can be selected in the range –100% to 100%
of the specified input level, by internal trigger
Trigger delay:

BASEBAND MODE

ZOOM MODE

External Trigger input:
BNC socket on front panel

External Trigger levels:
HC MOS compatible. Triggers at high levels from
3.5 to 5.0V and does not trigger at low levels
from 0 to 1.5V

Manual Generator:

Each generator can be activated for direct man-
ual control of output and input.
The generators’ output frequencies and levels
are controlled by the dial on the front panel. The
output frequency and level as well as the input
level are shown on the screen

Auto Sequences:

2012 can store 5 Auto Sequences, each up to
100 lines.
Auto Sequences can be edited in a special menu
appearing as a list containing the corresponding
IEEE-488 bus commands. A “learn mode” is
used to make this list by simply pushing the
desired key. When an Auto Sequence is started,
the functions and parameter settings are exe-
cuted in sequential order

Block Arithmetic:

Block Arithmetic functions are performed on a
set of data in one of the 11 result memories
(Buffer, “M 1” to “M 10”). The result of a Block
Arithmetic operation is a new set of data in the
result Buffer, which can be copied to “M 1” to
“M 10” at the same time

OPERATIONS:
• Copying data between the 11 result memories
• Weighting data with a frequency window: Han-

ning, Rectangular and Rectangular with Han-
ning-taper

• Weighting data with a time window: Hanning,
Rectangular and Rectangular with Hanning-
taper

• Addition and Subtraction
• Multiplication and Division (in the frequency

domain)
• Time shift (linear phase shift in the frequency

domain) of a set of data
• Change Sign (180° phase shift)
• Reciprocal Value (in the frequency domain)
• Absolute Value
• Square and Square root of the amplitude in

the frequency domain
• Exp
• Ln (in the frequency domain)
• Constant (sets a set of data to a constant k)
• Adding poles/zeros
• Editing values
• Converting a set of data to another frequency

format

Special Calculation:

For use with the software extension Special 
Calculation Software Type 7661 See separate 
Product Data sheet for further details.

Disk I/O:

Built-in 31/2″ high-density floppy disk drive (720
Kbyte or 1.44Mbyte formatted capacity). The
data format is compatible with PC/MS–DOS
A list of files can be shown on the screen.
Data which can be read from or to the disk is:
parameter setups, Auto Sequences, sets of
measurement data, screen pictures with meas-
urement curves and user-defined text, screen
copy data for printer or plotter

OPERATIONS:
• Store
• Recall
• Delete
• Protect
• Unprotect
• Rename
• Copy
• Format

Internal Memory:

A static 4Mbyte RAM memory with battery back-
up is used for storing:
• Program Source
• Parameter Setup
• 5 Auto Sequences
• 11 Measurement results (Buffer and “M 1”

to “M 10")
• Dual Graph setup with up to 36 curves and

two user-defined text buffers
When switching on or resetting the 2012 without
the program disk, the program source, parame-
ter setup, Auto Sequences, result memories and
graph setups stored in the RAM are used.
Switching on or resetting with the program disk
in the disk drive reads the program source from
the disk and reset all data to factory defaults

Display:

Type:
Built-in 12″ CRT colour screen, 16 colours can
be selected from a palette of 4096
Resolution:
640× 480 points
Frame frequency:
50Hz or 60Hz
Line frequency:
31500Hz
Contrast:
Can be adjusted at the front panel
RGB monitor:
9-pin D-range female connector on the rear pan-
el with RGB and sync signals

Graph:

The Graph menu on the screen is used to set
up one or more (up to 36) curves in user-defined
colours, based on the data from one of the 11
result memories. Curve colours, graph scaling,
smoothing, grid setting and x- and y-axis param-
eters are also set up in this menu
Functions implemented:
• Frequency Response
• 1/3-octave Response
• Time Response
• Response Decay
• Frequency Spectrum
• 1/3-octave Spectrum
• Time Signal
• Signal Decay
• Auto Correlation
•  Level Response
Coordinate:
Is used to select the real coordinate to be dis-
played from the complex function (if possible)
• Real Part
• Imaginary Part
• Magnitude
• Phase
• Group Delay
• Instantaneous Frequency

SCALING FOR SPECTRA:
Amplitude, RMS, power, ASD (amplitude spec-
tral density), PSD (power spectral density) or
ESD (energy spectral density)

Freq.Range Points Samples Time

1Hz–400Hz
1Hz–400Hz
1Hz– 4kHz
1Hz– 4kHz
1Hz–40kHz
1Hz–40kHz

1600
400

1600
400

1600
400

4096
1024
4096
1024
4096
1024

4s
1s

400ms
100ms
40ms
10ms

Bandwidth Points Samples Time

1.56Hz
3.12Hz
6.25Hz
.
.
.
1600Hz

513
513
513
.
.
.
513

1024
1024
1024
.
.
.
1024

327.7s
163.8s
81.9s
.
.
.

320ms

Freq.Range Time Delay

1Hz–400Hz
1Hz–400Hz
1Hz– 4kHz
1Hz– 4kHz
1Hz–40kHz
1Hz–40kHz

4s
1s

400ms
100ms
40ms
10ms

− 4s to 32s
− 1s to 32s

− 400ms to 3.2s
− 100ms to 3.2s

− 4oms to 320ms
− 10ms to 320ms

Freq.Range Time Delay

1.56Hz
3.12Hz
6.25Hz
.
.
.
1600Hz

327.7s
163.8s
81.9s
.
.
.

320ms

− 327.7s to 10485s
− 163.8s to 5242s

− 81.9s to 2621s
.
.
.

− 320ms to 10.2s
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Specifications 2012 (Version 4.0) (Cont.)

CE-mark indicates compliance with: EMC Directive and Low Voltage Directive.

Safety IEC 348: Safety requirements for electronic measuring apparatus.

EMC Emission EN 50081–1: Generic emission standard. Residential, commercial and light 
industry.
CISPR 22: Radio disturbance characteristics of information technology 
equipment. Class B Limits.
FCC Rules, Part 15: Complies with the limits for a Class B digital device.

EMC Immunity EN 50082–1: Generic immunity standard. Residential, commercial and light 
industry.
Note 1:  The above is guaranteed using accessories listed in this Product Data 
sheet only.
Note 2:  Rf immunity implies that specifications of harmonic and spurius when 
using the Direct- or the Preamp. input may be deteriorated by up to 40 dB in 
the most sensitive range.
Note 3:  Esd levels of +/− 8KV or higher, imposed on the keyboard connector 
when connected to the 2012, could cause malfunction of the keyboard. Proper 
function is established by disconnecting and connecting the keyboard.

Temperature IEC 68–2–1 & IEC 68–2–2: Environmental Testing. Cold and Dry Heat.
Operating Temperature: +5 to +40°C (+41 to +104°F)
Storage Temperature: –25 to +70°C (–13 to +158°F)

Humidity IEC 68–2–3: Damp Heat: Operating: 30°C,  90% RH (non-condensing)
Storage: 40°C, 90% RH

Mechanical Non-operating:
IEC 68–2–6: Vibration: 0.3 mm, 20 m/s2, 10–500 Hz
IEC 68–2–27: Shock: 1000 m/s2
Screen Format:

The default screen format has a graph area on
the left-hand side of the screen and a menu on
the right-hand side
The following screen formats can be set up in
the Screen Format menu:
Graph A:
Curve Only:  gives a single graph area for dis-
playing up to 36 curves in user-defined colours
Text Only:  shows a full text page for keying in
user-defined text
Curve & Text:  for superimposed display of
curves and text
Graph B:
As Graph A
Graph A & B:
Is used to display a dual screen format. The
upper graph area shows the Graph A picture,
the lower one Graph B.
Graph Only:
The Graph area (A, B or A & B) takes up the
whole screen. No menu is shown

Full TSR/SSR/FFT Setup:
Parameters from Time Selective Response-,
Steady State Response- or FFT Spectrum-men-
us respectively, as well as parameters from Lev-
el-, Input- and Output menus, are displayed in
tables which take up the whole screen. No menu
is shown
Graph and TSR/SSR/FFT Setup:
Parameters from Time Selective Response-,
Steady State Response- or FFT Spectrum-men-
us respectively, as well as parameters from Lev-
el menus are displayed on the left-hand side of
the screen. The graph area is shifted to the right.
No menu is shown

IEEE/IEC Interface:

Conforms to IEEE-488.1 and IEC 625-1 stand-
ards. Any function shown on the display, except
functions concerning IEEE-488 controller func-
tions, can be transmitted to and from Type 2012.
This includes parameter setup, result data, dis-
play data and Auto Sequences (in ASCII or bi-
nary format)

FUNCTIONS IMPLEMENTED:
Source HandshakeSH1
Acceptor HandshakeAH1
TalkerT6
ListenerL4
Service RequestSR1
Remote/LocalRL1
Parallel PollPP1
Device ClearDC1
Device TriggerDT1
ControllerC1, 2, 3, 4, 12

COMMAND SET:
Standard engineering English reflecting the front
panel and screen names. Compound headers
for read/write setup functions (refer to IEEE-
488.2)
CODE:
ASCII (ISO 7-bit) code or binary
INTERFACE TERMINATOR:
Can be specified in the Interface IEEE menu or
from a controller
DEVICE ADDRESS:
Addresses from 0 to 30 can be specified in the
Interface IEEE menu

CONTROLLER FUNCTIONS:
Hard copies are output to the IEEE-488 bus only
when Type 2012 is set up as system controller
or is the controller-in-charge.
When 2012 is used as system controller it is
possible to output interface messages:
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Universal Commands (DCL and LLO)
Addressed Commands (SDC, GET and GTL)
Listen Address and UNL
Device Dependent Messages in ASCII code

and to conduct a Serial Poll

RS-232-C Interface:

Screen Copy output only.
Conforms with the EIA Standard RS-232-C
(equivalent to CCITT V24).
Coupled as a “Data Terminal Equipment” (DTE)
Connector: .........................25-pin D-range male
Mode of operation: ............................Full duplex
Number of data bits: ....................................7, 8
Number of stop bits: ....................................1, 2
Baud rates: ..................... 300, 600, 1200, 2400,
............................................. 4800, 9600, 19200
Parity: ...................................... None, Even, Odd
Synchronization method: X-on/X-off, Hardwired,
 Off

Power Supply:

Voltage:  100V, 115V, 127V, 200V, 220V and
240V AC ±10%
Frequency:  50Hz – 60Hz ±5%
Power rating:  approx. 150VA
Complies with Safety Class II of IEC 348

General:

Safety: Complies with IEC 348 Safety Class II
Cabinet: Supplied as model A (metal cabinet)
or C (as model A but with flanges for standard
19" racks)
Dimensions:
Height:  310.4mm (12.2in)
Width: 430mm (16.9in)
Depth: 400mm (15.7in)

Weight:  32.5kg (71.6lb)
HELP PAGES:
Help pages are provided for all buttons, and can
be selected in English, German or French
KEYBOARD:
A standard “QWERTY” keyboard with exchange-
able keys for German and French characters is
delivered with the 2012. The 2012 is easily set
up to German or French characters, at the same
time changing the language of the help pages.
The keyboard connects to the front panel

SCREEN COPY:
The Screen Copy function supports multi-colour
pen-plotters (HPGL), matrix printers, ink-jet print-
ers and laser printers can be connected to the
IEEE-488 and RS-232-C outputs. By pushing
the Screen Copy  button a copy of the present
screen picture is printed or plotted. Printer driv-
ers for a number of popular printers are included
in the instrument menu

REMOTE CONTROL:
8-pin DIN socket on the rear panel for controlling
Start, Stop, Proceed or Continuous. One pin is
used to indicate “Busy“ state and one pin is used
for user-defined indication controlled by push-
keys

COMPLIANCE WITH STANDARDS:



Specifications Accredited Calibration EK0130 to EK0132
TYPE OF CALIBRATION:

EK 0130 Standard:  
Certificate of Calibration and a complete test
report with all measured data

EK 0131 Pre-calibration:  
Consists of two standard calibrations where the
first calibration is performed on the analyzer as
it is received. The second calibration is per-
formed after adjustment/repair

EK 0132 Initial:  
Standard calibration ordered when a factory Cer-
tificate of Calibration is required with the delivery
of a new analyzer
Ordering Information

Type 2012: Audio Analyzer
Includes the following Accessories:

Type 7661: Special Calculation Software. See 
separate section for description

BA 1000: Binder containing User Manuals 
Vols. 1, 2 and  3, (in English), 
Main Program Disks (in English, 
French and German), 
Familiarization Guide Disk and 
Application Example Disks

NP 0028: External Keyboard

SN 0187: Set of keys with French 
characters

SN 0188: Set of keys with German 
characters

2 × AO0087: BNC to BNC Coaxial Cables

AO 0158: BNT to BNT Triaxial Cable
JJ 0330: BNT Triaxial Connector

JP0315: BNT Triaxial Plug
JP0802: 8-pin DIN plug (male)

2 × VF0007: Spare Fuses F 1.6A/250V

3 × VF0019: Spare Fuses F 3.15A/250V
Mains Cable

Optional Accessories

KS 0027: Set of Rack Mounting Flanges
WB 1360: Remote Controlled Switchbox

Calibrations:
EK 0130: Standard
EK 0131: Pre-calibration
EK 0132: Initial
(See separate specifications for full information)

UA 1283: Upgrade Kit

Kit for upgrading Audio Analyzer Type 2012 Ver-
sion 3.0 to Version 4.0
Tests Applied:
Visual inspection
Digital Self-test
Analog Self-test
Frequency accuracy
Output attenuator f1: 1 kHz and 40 kHz
Output attenuator f2: 1 kHz and 40 kHz
Output Frequency Response f1: Full scale and
full scale minus 30 dB
Output Frequency Response f2: Full scale and
full scale minus 30 dB
Common Output f1+f2, f1
Common Output f1+f2, f2
Input Frequency response
Input attenuator: 1 kHz and 40 kHz
Input amplitude linearity

Preamplifier input
Polarization voltage (outside accreditation)
Certificate of Calibration:
Complete test report with all measured data and
measurement uncertainties. All measurements
are traceable to international standards. Calibra-
tion fulfils ISO 9000 requirements.
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The kit includes the following items:
• Main processor board with 4 Mbyte static RAM

and battery back-up
• PROM upgrade
• Binder containing User Manuals Vol. 1, 2 and

3 (in English), Main Program Disks, Familiar-
ization Guide Disk and Application Example
Disks

The upgrade kit can be installed at the nearest 
Brüel & Kjær service office

System Configurations

LOUDSPEAKER AND MICROPHONE 
TESTING:
Type 2669B: Microphone Preamplifier
Type 4191: Free-field 1/2″ Microphone
AO 0428: Preamplifier Cable
WQ1105: Audio Power Amplifier
AO 0027: Microphone Extension Cable 

(3m)
AO 0087: BNC to BNC Cable
UA 0801: Tripod
UA 0588: 1/2″ Microphone Support
UA 0610: Extension Rod
Application Disks with Auto Sequences for 
Loudspeaker Parameter Measurements (using 
Laser Velocity Transducer Type 3544), 
Simulated Free-Field Loudspeaker 
Measurements and Microphone Measurements 
are available. These are described in separate 
Product Data sheets

TELEPHONE TESTING:
Type 5906 : Telephone Interface (includes 

IEEE–488 Interface Cable 
AO 0265)(National variations 
available)

Type 4227: Mouth Simulator
Type 4602: Telephone Test Head
Type 4185: Ear Simulator for Telephonometry 

(including1/2″ microphone and 
preamplifier and built-in sound 
source for seal check)

3 × AO0087: BNC to BNC Cable
AO 0434: Dual 4 mm plug cable
JP 0225: BNC socket to dual 4 mm plug 
PC-controlled test systems based on Type 2012
are available. These systems are described in
separate Product Data sheet

HEARING AID TESTING:
Type 4222: Anechoic Test Chamber
Type 4157 : Ear Simulator
Type 2669 B: Microphone Preamplifier
Type 4192: 1/2″ Condenser Microphone
WQ 1105: Audio Power Amplifier
AO 0087: BNC to BNC Cable

HEADPHONE TESTING
Type 4128: Head and Torso Simulator
Type 4159: Left Ear Simulator
Type 5935: 2-channel Microphone Power 

Supply
WQ 1105: Audio Power Amplifier
AO 0087: BNC to BNC Cable
An Application Disk with Auto Sequences for
Headphone Measurements is available. It is de-
scribed in separate Product Data sheets

Miscellaneous:

QR1102: Package of 10 31/2″ dual-sided 
double-density floppy disks

QR1105: Package of 10 31/2″ high-density 
floppy disks

Interface Cables:

AO0265: Interface Cable (2m), IEEE-488
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USES:

❍ Automatic testing of telephones:
— Handset telephones
— Hands-free telephones
— Loudspeaking telephones
— DTMF testing

❍ Automatic testing of transducers and other audio 
equipment:
— Loudspeaker drive units
— Complete loudspeaker systems

❍ Automatic testing of hearing aids, headphones, 
microphones, hydrophones, head-sets and intercom 
systems

❍ Evaluation of automotive acoustics

❍ Preparation of report-ready documentation

FEATURES:

❍ Calculation of Curve Average, such as sensitivity 
(IEC 581–7) and Loudness Rating (IEEE–269/661)

❍ Calculation of Curve Summation, for example, 
weighted overall levels (Loudness Rating, 
CCITT Rec. P.79)

❍ Automatic testing against absolute, floating or 
aligned tolerance limits

❍ Reference cursor for reading out cursor values 
relative to a reference point or curve

❍ Cursor value conversion, for example for converting 
sound propagation delay into path length

❍ Max. or Min. Cursor for finding local or global 
maxima or minima. Calculation of pure tone 
frequency and level (spectrum), for example for 
DTMF testing. Calculation of resonance parameters 
(response), resonance frequency, Q-value or peak 
value

❍ Various mathematical and Boolean operations on 
the above

❍ All Special Calculation values can be integrated in 
the graph text and can be automatically updated 
when making new measurements

Fig.1 Report-ready documentation. 7661 has advanced facilities for integrating meas-
urement values and graph text with measurement curves on the screen. You can set up
any number of curve references in a graph text. Values are automatically updated when
new values are measured or calculated. Data can be exported to a computer spreadsheet

Special Calculation Software Type
7661 is a software extension for the
Audio Analyzer Type 2012. The main
purpose of Type 7661 is to increase the
analyzer’s options for making automat-
ed measurements, and extracting and
presenting information from the meas-
urements.

Type 7661 is suitable for quality con-
trol purposes where the result of a
measurement must be reduced to a
passed/failed indication and where the
analyzer must perform certain opera-
tions dependent on the result.

Type 7661 is equally suited for gen-
eral measurement purposes where a
measurement result must be expressed
as a single number, or a few numbers.

The facilities of Type 7661 are con-
tained in the Special Calculation
menu. Access to this menu requires a
special “key” which must be installed
in the 2012.

Special Calculation Software — Type 7661
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Fig.2 The Curve Summation facility can be used for calculating, for example, Loudness
Rating for telephones. The curve as well as the calculated values can be tested against
tolerance limits
Introduction

Test and Design Parameters
Measurement curves are invaluable
for development purposes, but they
usually contain a lot more informa-
tion than is actually needed. For
most practical purposes, the final re-
sult that is needed from a measure-
ment is not a curve but a single
value. This is particularly true for
quality control purposes where a
product such as a loudspeaker or a
telephone, must pass certain quality
criteria to decide whether or not the
unit is rejected. The result of such a
measurement must therefore be re-
duced to a passed/failed indication.

For a number of general measure-
ments, it is also necessary to express
a measurement as a single value.
This is the case with measurements
that comply with certain standards,
e.g., Loudness Rating, Loudspeaker
sensitivity or hearing aid gain (HFA).

For practical purposes, where the
analyzer must perform certain oper-
ations automatically depending on
the outcome of a measurement, it is
also necessary to reduce a measure-
ment to a single value.

Report-ready Documentation
Type 7661 enables the analyzer to
calculate a single value and read it
out in the Special Calculation cursor
field. Up to ten single values (curve
values) can be stored with each
curve, and each curve value can con-
sist of a name, a value, a unit and a
test result. The curve values can be
further processed by using mathe-
matical operations, and they can be
tested against tolerance limits. In ad-
dition, up to ten text strings can be
stored with each curve. The text
strings can be used for storing infor-
mation about the operator, a serial
number, the date and/or time of the
measurement. Finally, the curve val-
ues and text strings can be integrated
into a graph text, which is automat-
ically updated when new measure-
ments are made or new values are
calculated. Report-ready documenta-
tion can then be printed or plotted
out directly from the analyzer. Alter-
natively, an ASCII output can be pro-
duced for export to a computer
spreadsheet.

Curve Operations

The curve operations Summation, Av-
erage and Tolerance are used to cal-
culate a single value from a measure-
ment curve.

You can store up to four different
parameter set-ups for each of the
curve operations. This means that
you can easily change between, for
example, Loudness Rating according
to IEEE-269, IEEE-661 or CCITT
Rec. P.79.

Curve Summation
This is used for calculating a weight-
ed total sum of the values in the
curve, for example Loudness Rating
according to CCITT Rec. P.79.
Fig.13shows a telephone measure-
ment with tolerance limits and Loud-
ness Rating.

Curve Average
This is used for calculating a weight-
ed average of the values in a curve,
such as Loudness Rating according to
IEEE-269/661, Loudspeaker Sensi-
tivity according to IEC 581-7 or HFA
gain (hearing aid gain) according to
ANSI S 3.22.

Curve Tolerance
Generates a Pass/Fail message and
calculates the margin (the least dis-
tance) from a curve to one or two
tolerance limits. The following types
of tolerance limits are available:

❍ Absolute — the curve is tested
aginst fixed tolerance limits

❍ Floating — the curve is positioned
relative to the tolerance limits (or

vice versa) in such a way that the
minimum distance from the curve
to the upper and lower tolerance
limits is exactly the same

❍ Aligned — the curve is positioned
relative to the tolerance limits (or
vice versa) by a specified offset at
a user-defined reference point.

Special Cursors

The cursor operations Reference,
Convert, Max. and Min. are used to
calculate one or more curve values
based on the current cursor position.

You can store up to four different
parameter set-ups for each of the spe-
cial cursors.

Reference Cursor
Can be used for reading out the dif-
ference between the actual cursor po-
sition and a reference value. The
reference value can be another point
on the same curve, or a point on an-
other curve.

Convert Cursor
Calculates a linear, logarithmic, re-
ciprocal or exponential conversion of
the cursor coordinates. It can be used
to read out the difference in distance
between different signal paths, based
on the delay and a specified propaga-
tion speed, or to read out distortion
in percentage instead of dB.



Fig.3 The Max. Cursor can be used to automatically calculate the Q-value for a loud-
speaker

Fig.4 Overview of the data flow and the View function for reading out results for the
curve operations, cursor operations and value operations

View:
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Curve References

This feature allows all curve values
and text strings to be integrated into
a graph text, anywhere in the screen
picture. These are automatically up-
dated if new values are measured or
calculated.

Installing 7661
For maximum compatibility, there is
only one version of the 2012 main
program which includes the Type
7661. To make use of the facilities of
Type 7661 which are contained in the
Special Calculation menu, a hard-
ware “key” must be installed in the
2012.
Max. and Min. Cursors
For locating a local or global mini-
mum or maximum and positioning
the cursor on that point. Further-
more, for frequency responses, the
resonance frequency, level and quali-
ty factor (Q) can be calculated. For
frequency spectra the pure tone fre-
quency and level can be calculated.
Fig.3 illustrates a data sheet for a
loudspeaker with some of the basic
driver parameters.

Value Operations

A number of mathematical opera-
tions can be performed on the curve
values. The results can be tested
against tolerance limits. The opera-
tions are:

❍ Addition
❍ Subtraction
❍ Multiplication
❍ Division
❍ Square
❍ Square root
❍ Sign Change
❍ Reciprocal
❍ Absolute
❍ Ln
❍ Logarithm
❍ Exponent
❍ 10^
❍ Maximum
❍ Minimum
❍ Test — for testing a value against

a reference interval
❍ AND
❍ OR
❍ NOT
❍ Copy — for transferring values be-

tween different memories

Tolerance Limits
All curve values can be tested against
both upper and lower limits and as a
result will produce a passed or failed
indication. The logical (Boolean) op-
erators listed above are used for var-
ious operations on test results, e.g.,
if a test object must pass a number
of tests before it is accepted, the
“AND” operator can be used to check
if all tests are passed.

Edit Operations
Various editing facilities are availa-
ble for changing the name, numerical
value, unit and passed/failed infor-
mation of a test result. The current
date and time from the 2012’s inter-
nal clock can also be stored with each
curve.
18
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Specifications 7661

Ordering Information
Ordering of Type 2012 includes the Type 7661
Software. Type 2012 A versions 3 and 4 can be
upgraded to Type 2012 by ordering and installing
Type 7661

The Type 7661 software is supplied on the same
31/2" 1.44Mbyte disk as the main program. The
user information is included in the Manuals
supplied with the analyzer. When you order Type
7661 you receive a Protection Key VP 5348 and

an Installation Guide BI 0774 that tells you how
to install the Protection Key in the 2012 Analyzer.
If you encounter any problems you should
contact your local Brüel&Kjær representative.

Curve Operations

CURVE SUMMATION:
For calculating a total sum of the values in a
curve according to:

 

A weighting curve can be specified. The sum-
mation can be performed over all the values in
the measurement curve, the weighting curve or
in a specified interval. The values can be used
directly or can be raised to any power. The cal-
culated results can be tested against upper, low-
er or both limits.

CURVE AVERAGE:
For calculating an average of the values in a
curve according to:

Otherwise as described for Curve Summation.

CURVE TOLERANCE:
For calculating the margin (the least distance)
from a curve to one or two tolerance limits.

• Absolute:  Both the curve and tolerance limits
are fixed

• Floating:  Makes a best fit for the curve be-
tween the tolerance limits

• Aligned: Positions the curve relative to the
tolerance limits (or vice versa) by a specified
offset at a user-defined reference point.

Cursor Operations

CURSOR REF:
Reads out the difference between a reference
and the current cursor position. Both X-Y- or Z-
values are read out.

CURSOR CONVERT:
Calculates and reads out a linear, logarithmic,
reciprocal or exponential conversion of the cur-
sor coordinates. X, Y or Z-values can be con-
verted.

CURSOR MAX:
Finds a local or global maximum for a curve and
positions the cursor on that point. The maximum
can be found within a specified absolute interval,
or within a standardized octave interval.
From the magnitude of a frequency response,
the resonance frequency, the level and the qual-
ity factor (Q) can be calculated. From the mag-
nitude of a frequency spectrum, the pure tone
frequency and level can be calculated.

CURSOR MIN:
Finds a local or global minimum for a curve and
positions the cursor on that point. The minimum
can be found within a specified absolute interval,
or within a standardized octave interval.
For magnitude of a frequency response, the res-
onance frequency, the level and the quality factor
(Q) can be calculated.

All calculated cursor values can be tested
against upper and/or lower limits.

Value Operations

The following mathematical operations can be
performed on curve values:

• Addition
• Subtraction
• Multiplication
• Division
• Square
• Square root
• Sign Change
• Reciprocal
• Absolute
• Ln
• Logarithm
• Exponent
• 10^
• Maximum

• Minimum
• Test
• AND
• OR
• NOT
• Copy

The Boolean operators can only be used with
the test results (passed/failed). “Passed” is rep-
resented by “true” and “failed” by “false”. Test is
used for testing a value against a reference in-
terval. Copy is used for transferring values be-
tween different memories.

EDIT FACILITIES:
For editing the name, numerical value, unit and
test result of a curve value. Text strings can also
be edited.

Storage

Up to ten curve values consisting of a name,
numerical value, unit and test result can be
stored with each curve. All results are temporar-
ily stored in a Special Calculation Buffer called
“Vbuffer” and can be stored in the curve value
memories “V1, ...,V10”.
Up to ten text strings can be stored with each
curve. Text strings are stored in memories S1, ...,
S10, and each text string can consist of maxi-
mum 12 characters. The date and time can be
transferred from the 2012’s internal clock to a
text string.
Four different parameter set-ups can be stored
for each of the curve operations and each of the
special cursors.

Curve References

Any number of curve values and text strings can
be integrated in a graph text. The curve refer-
ence values are automatically updated if new
values are measured or calculated.

For full specifications of Type 2012, see the sep-
arate Product Data BP 0995 and BP 1302.
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Audio Distortion Measurements

by Steve Temme

/ .
In the never ending quest for better
sound transmission, reinforcement, and
reproduction, the electronics have been
extensively analyzed for distortion. Dis-
tortion in the electroacoustic transduc-
ers, while typically several orders of
magnitude greater, has often been ne-
glected or not even specified because it
has been difficult to measure and inter-
pret. With a basic understanding of
transducer limitations, some knowledge
of human hearing, and the application
of different distortion test methods, elec-
troacoustic transducer distortion be-
comes easier to measure and assess.

Introduction

All transducers have limitations, in-
cluding our ears. There are many ways
to describe these limitations, both ob-
jectively through measurements, and
subjectively through personal listen-
ing evaluations. The goal, of course, is
to correlate what we measure with
what we hear, and so to better under-
stand how the transducer works. This
in turn should help the designer to
make better performing and sounding
electroacoustic transducers faster than
by trial and error alone.

Before looking at distortion, some
fundamentals must be understood. It
is pointless to discuss nonlinear meas-
urements without having first per-
formed some linear measurements. For
example, what is the transducer’s fun-
damental frequency, phase, and time
response. These typical measurements
can tell a lot about a transducer’s per-
formance and are necessary for a bet-
ter understanding of its nonlinear be-
haviour. But these linear measure-
ments cannot completely describe all
of the inaccuracies we hear. For exam-
ple, people often refer to the perceived

“clarity” in a long distance telephone
call or the “transparency” in a high
quality loudspeaker system. It is very
unlikely that this condition can be com-
pletely explained by linear measure-
ments alone. Nonlinear analysis aided
by distortion measurements is prob-
ably going to be more revealing as to
the limitations which most influence
this perception.

In order to clarify why and how to
measure distortion in electroacoustic
transducers, information will be pre-
sented on psychoacoustics, transducer
mechanisms causing distortion, dis-
tortion measurements without the need
for an anechoic  chamber, and stand-
ards for measuring distortion. Differ-
ent test methods are discussed for
measuring random, harmonic, inter-
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modulation, difference frequency, and ephones, and hearing aids will be pre-
transient distortion. Practical exam- sented.  Of course, most of what is dis-
ples of distortion measurements made cussed can be equally applied to distor-
on loudspeakers, microphones, tel- tion measurements on other transduc-

ers, electronics, and storage medias
(e.g. headphones, amplifiers, tape re-
corders, etc.).

Distortion Definition

Distortion occurs whenever the input/
output transfer function alters the
waveform of a signal, discounting noise,
interference, and amplification or at-
tenuation (Fig. 1). Distortion can be
divided into two main categories [l].

a. Linear distortion: time and fre-
quency dependent characteristics of
the amplitude and phase response
of the transfer function, e.g. an
ideal equalizer. This occurs with no
changes in the frequency content of
the input signal such that one fre-
quency at the input results in only
one frequency at the output.

b. Nonlineardistortion:changesin the
frequency content of the input sig-
nal such that energy is transferred
from one frequency at the input to
more than one frequency at the out-
put. Nonlinear distortion products
usually have a fixed frequency rela-
tionship to the excitation frequency.
This phenomena is usually level de-
pendent, e.g. clipping.

For convenience, the term fundamen-
tal is defined herein as the linear por-
tion of the response, and distortion as
the nonlinear portion of the response
of the device under test.

Ideal linear

Distorted
sine wave
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sine wave
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Fig. 1 Nonlinear transfer characteristics
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Fig. 3 Positive Peak Limited Sine wave results in Even Order
Harmonics
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Distortion Order
Distortion can be broken down into
individual even and odd order compo-
nents, for example, 2nd and 3’d  har-
monic distortion products (Fig. 2).

Asymmetrical system nonlinearities
cause only euen order distortion prod-
ucts (Fig. lc). Signals, like the positive
peak limited sine wave, limited only on
the upper half-cycle (Fig. 3), contain
higher amplitude even order harmon-
ics than odd order harmonics. Sym-
metrical system nonlinearities cause
only odd order distortion products (Fig.
lb). Signals, like the positive and nega-
tive limited sine wave (Fig. 4), which
will look like a square wave if limited
enough, contain higher amplitude odd
order harmonics than even order har-
monics.

Distortion is a relative measurement,
usually referenced to the linear por-
tion of the output signal both in ampli-
tude and frequency. For example, total
harmonic distortion (THD) is usually
described as a percentage of the power
sum of all the harmonics to the power
sum of all the harmonics plus the fun-
damental (i.e. amplitude normaliza-
tion).

H, = Harmonic response of
Nth harmonic.

HI = Fundamental response.

The distortion response is usually plot-
ted under the corresponding excita-
tion frequency of the measured funda-
mental response (i.e. frequency nor-
malization). For example, the 2nd har-
monic of 20 Hz occurs at 40 Hz and the
3’d harmonic occurs at 60 Hz (Fig. 5a).
Instead of plotting the harmonic dis-
tortion products at their actual meas-
ured frequency (Fig. 5b), their values
are plotted at their excitation frequency
(Fig. 5c). This can lead to some difficul-
ties in evaluation due to the influence
that the passband  and shape of the
fundamental response have on the dis-
tortion responses. For example, a peak
at 1 kHz in the fundamental response
will show up as a peak in the 2nd har-
monic response at l/2 the frequency
and l/3 the frequency for the 3rd har-
monic response (Fig. 5c). When follow-
ing this convention it is easy to misin-
terpret the relative distortion level.
Typically when viewing such a graph
as in Fig. 5c, it is the difference in the
level that is observed between the dis-
tortion and the fundamental at a par-
ticular frequency (see Fig. 5c.: 3rd Har-
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r o l l  off Passband roll off
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Fig. 5a Simplified representation of a transducer with a limited frequency range and a
peak at 1 kHz. Fundamental response (HJ, 2nd harmonic (HJ and 3rd harmonic (HJ of
20 Hz
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Fig. 5b Distortion Responses at the Actual Measured Frequencies (assuming 100%
constant distortion vs. frequency)
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Fig. 5c Distortion Responses frequency normalized to the Fundamental Response

monic at 20 Hz). This explains why frequency scale. Significantly differ-
harmonic components can appear to ent results will be obtained if the re-
be higher in level than the fundamen- sponses in Fig. 5b and 5c are used to
tal at the low end of the frequency scale compute THD.
and lower in level at the high end of the
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Psychoacoustics

The human ear’s sensitivity to sound
varies with frequency and level.
Fletcher-Munson loudness curves de-
scribe this relationship. These curves
indicate that tones at the low and high
frequency end of the audio band are
less audible than tones of the same
amplitude in the middle frequency
band. This also applies to distortion
products. For example, Moir found that
harmonic distortion below 400 Hz be-
came increasingly harder to detect than
harmonic distortion above 400 Hz 121.

Distortion audibility is also a func-
tion of sound duration. The ear has a
finite time resolution. Moir has found
that distortion due to clipping of a 4
millisecond tone burst reached about
10% before it was detectable, but in-
creasing the pulse length to 20 milli-
seconds reduced the “just detectable”
distortion point to around 0.3% [2].

Another important psychoacoustic
phenomena is masking. Sounds in our
environment rarely occur in isolation
as pure tones. The study of masking is
concerned with the interaction of
sounds. Tonal masking, for instance,
deals with the change in the percep-
tion threshold for a particular tone in
the presence of another tone (Fig. 6).
Narrow band noise is used instead of a
pure tone for the masking frequency in
order to reduce “beating”, low frequency
modulation, when the probe tone ap-
proaches the same frequency of the
masking tone. Fig. 6 indicates that
more masking occurs for frequencies
above the masking tone than below [3].
This becomes significant when discuss-
ing the audibility of different kinds of
distortion.

In the case of harmonic distortion,
the fundamental masks the 2nd har-
monic component more than the 3rd
harmonic and very little for the higher
harmonic components. This is another
frequency and level dependent phe-
nomena. The masking threshold wid-
ens in the low and high frequency end
of the audio band and with increasing
sound pressure level.

90
dB
80

Fig. 6 Masking threshold for a pure tone in the presence of narrow band noise centred  at
1 kHz (Zwicker, 1975). For a masking tone of 100 dB SPL, the 2nd Harmonic is masked
for levels below 70 dB and the 3rd Harmonic is masked for levels below 60 dB SPL
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The significant difference between
the two loudspeakers in Fig. 10, is the
dramatic rise in the level of harmonics
above the 12th harmonic. High order
harmonics as low as 60 dB below the
fundamental can be quite audible 141.
This is probably in part due to the large
shift in frequency from the fundamen-
tal and the region in which these high
order harmonics fall, outside the mask-
ing region and typically in the ear’s
most sensitive frequency range.

Notice that in the “good”loudspeaker
(Fig. lOa),  the total harmonic distor-
tion is actually higher than that for the
“bad” (Fig. l0b), buzzing loudspeaker.
This is because the 2nd and 3rd har-
monic components dominate in level
compared with the high order harmon-
ics. Therefore, measuring just total
harmonic distortion is clearly not
enough to completely describe the non-
linear behaviour of an electroacoustic
transducer. Therefore, to detect rub
and buzz it is necessary to measure
high order distortion products inde-
pendent of both low order distortion
products and background noise.

A: Freq.Spectrum: Near field, dB re 4V RMS at 200 Hz
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All electroacoustic transducers possess
some asymmetrical nonlinearities.
This could be due to an asymmetric
magnetic or electric field whose
strength changes with diaphragm po-
sition. Electrostatic transducers, such
as condenser microphones, are usually
polarized with a single fixed electrode.
Consequently, the electric field be-
comes stronger as the diaphragm
moves closer to the electrode. Dynamic
or moving-coil transducers, such as
most loudspeakers, typically have an
asymmetrical magnetic field, due to
the geometry of the pole piece, causing
the force on the voice coil to change
with position (Fig. 11 a). When the voice
coil is in its upper position, there is
very little of the pole piece inside it. In
its lower position, the pole piece acts as
an iron core, thus raising self-induc-
tion. This alternating magnetization
of the pole piece and asymmetrical
force create self-induction distortion
and hysteresis distortion.

Short-circuiting ring Voice coil Pole piece

Fig. lla cross section of a loudspeaker “motor” with a “short-circuiting ring”

Therefore, even order distortion should indicate these asymmetrical
products, especially at low frequencies nonlinearities. A good example of how
where the displacement is greater, a loudspeaker manufacturer reduced

10%

1%

0.1%

9Z047&

Fig. 10 Resulting spectrum for a pure tone excitation (f) at 200 Hz
a) Upper curve shows a distortion spectrum of a normally functioning loudspeaker.
THD = 6%
b) Lower curve shows a distortion spectrum containing high order harmonics resulting
from a “rubbing” voice coil caused by a bent frame. THD = 2%

Transducer Mechanisms Causing Distortion

Unequal magnetic
field lines

this kind of distortion by adding a
“short-circuiting ring” to counter bal-
ance some of these asymmetrical
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nonlinearities, can be seen in Fig. 11 b
[51.

All electroacoustic transducers also
possess some symmetrical nonlineari-
ties. This could be the result of physi-
cal limits on the diaphragm’s displace-
ment or an actual limiting circuit such
as found in telephones to prevent hear-
ing damage from excessively loud sig-
nals. So, odd order distortion products
should indicate these symmetric non-
linearities. For example, when a voice
coil approaches the physical excursion
limits of the motor system. Again at
low frequencies, where the displace-
ment becomes greater, odd order dis-
tortion products should increase (Fig.
llc).

It is interesting to note that in the
process of reducing asymmetrical dis-
tortion, with the short circuiting ring,
some symmetrical distortion, 3rd har-
monic, was reduced as well.

Measuring the 2nd, 3rd, and higher
harmonics of a transducer can be very
revealing as to some of the design prob-
lems, but as already discussed, some
harmonic distortion produced by the
transducer may not be especially dis-
pleasing nor audible. Third harmonic
distortion in a tweeter, for example, at
10 kHz occurs at 30 kHz. Clearly, the
distortion present at 30 kHz is not
audible, but it still represents a prob-
lem. So what significance should be
placed on harmonic distortion prod-
ucts? How and what levels are clearly
objectionable, and are there any other
ways that distortion can be produced
that might be more objectionable?

In the hope of answering these ques-
tions, different distortion test methods
need to be discussed with respect to;
How well do they simulate real operat-
ing conditions? Can they be correlated
with each other and perceived distor-
tion audibility? How easy
understand and perform?

are they to 50
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Freauencv Response: dB re 20~ Pei7.4 V Q lm

2k

eb B&K Type2012

Fig. llb 2nd Harmonic Distortion reduced by the addition of an aluminium (AL) short-
circuiting ring in the woofer’s motor. Measured in an anechoic  chamber at 40 cm, 104 dB
SPL at 1 kHz to give the equivalent at 1 meter for 96 dB SPL. (IEC Graph Standard
87263 -same 25 dB/decade as in Fig. 27 using B&K chart paper)
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Frequency Response: dB re 20~ Pai7,4 V @ 1 m

20 200 Hz 2k 20k

Fig. llc 3rd Harmonic Distortion with the addition of an aluminium short-circuiting
ring in the woofer’s motor
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Distortion Test Methods

It is possible to make theoretical mod-
els for some of the nonlinear behaviour
in transducers. But, under real operat-
ing conditions, transducers and their
associated electronics also exhibit non-
linearities which are very difficult to
model. This could be distortion due to
abrupt or temporal changes in the in-
put/output characteristics, such as
thermal effects, saturation, and me-
chanical fatigue. Capacitors, inductors,
springs, and dampers all possess some
of these nonlinearities. Consequently,
the best solution and maybe the only
solution, in this case, is to measure
distortion with the best tools avail-
able. This has always been very diffi-
cult for two main reasons: First, from a
practical point of view, the question of
how to separate out the distortion prod-
ucts while at the same time simulating
real operating conditions; Second, the
problem of getting instrumentation to
perform tests quickly and accurately.

Real operating conditions vary from
application to application. For exam-
ple, the spectral content and energy of
speech is very different from that of
music. Therefore, maybe different test
signals should be used for telephone
testing as compared to loudspeakers
designed for listening to music. Most
natural sounds including speech and
music are continuously changing.
Therefore, real world signals tend to be
transient, and contain many simulta-
neous frequencies like a pulse (Fig.
12).

The problem is how to isolate distor-
tion products from the fundamental
response and noise.

Random Distortion (RD)
One way to isolate the distortion prod-
ucts and still use a broadband test
signal is to measure the coherence be-
tween the input and the output signal.
This can be performed by using a two
channel signal analyzer that can meas-
ure the coherent and noncoherent
power of the device under test, for
example, a hearing aid (Fig. 13).

Coherent power is the part of the
device’s output spectrum which is lin-
early related to the input, while non-
coherent power is the remainder. Non-
coherence can be caused by distortion,
noise, leakage or resolution bias er-
rors, and uncompensated group de-
lays. But with careful measurement
procedure, some of these factors can be
eliminated or reduced so that distor-
tion is the dominant factor for
noncoherence. A more thorough de-

600m
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-2OOm

-60

dB
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-100

-120

A: Time Signal

0.0 0.5m 1 .Om s 1.5m 2.0m

B: Freq Spectrum, Magn, RMS dB re 1 .oooV_RMS

Broad Frequency Range .

20 200

Which part is
l Linear ?
0 Nonlinear?
. Noise ?

Fig. 12 A Pulse and its Frequency Spectrum

HZ 20k

Multichannel
Analysis System

3550

Module:
Noise Spectrum
and equalization

\
Ear Simulator

4157

\
Hearing Aid
under Test

Fig. 13 Measurement setup for S-Channel measurement on Hearing Aids

scription of this technique can be found
in reference [63.

Measurements on hearing aids with
compressor circuits are particularly
difficult to perform because they usu-
ally contain a microphone, an ampli-
fier with signal processing, and a loud-
speaker. Their response, like the ear,

changes depending on the level and
frequency content of the signal which
is applied. The family of curves in Fig.
14a accurately represents the device
when the input is a sine wave. But
hearing aids are made to be used with
complex signals such as speech or
music. The sine result may not realis-
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tically represent this intended use.
One way to measure distortion with

a more realistic test signal, is to use
random noise with a speech-shaped
spectrum and measure the ratio of the
noncoherent to coherent power (Fig.
14b).  Notice how the shape of the re-
sponse is different from the sine test in
Fig. 14a.

While this provides a reasonable ap-
proximation of real world operating
conditions, the end result is total ran-
dom distortion. Since the device under
test is simultaneously being stimu-
lated across its entire frequency range,
there is no way to identify the type of
distortion at a particular frequency.

Harmonic Distortion (HD)
It turns out that the simplest and most
practical way to separate out the indi-
vidual distortion components from the
linear response is to use a sine wave as
the excitation signal. Since distortion
is very level dependent, using a sine
wave as the test signal makes inter-
preting input and output levels very
straightforward. By sweeping the sine
wave, the individual harmonic distor-
tion components can be measured with
a tracking filter so that individual har-
monic distortion versus frequency can
be measured (Fig. 15a).  Also noise will
be largely attenuated. Using a notch
filter (Fig. 15b)  that only attenuates
the fundamental and measures every-
thing else will include not only total
harmonic distortion but noise as well.
Noise in the case of electroacoustic
transducer measurements is usually
entirely due to background noise since
transducers inherently have no self-
noise. The one noticeable exception are
hearing aids which have built-in elec-
tronics. Also it is common for the back-
ground noise to be higher than the
electroacoustic transducer’s distortion.

Because electroacoustic transducers
usually have a nonflat  response with a
limited frequency range as was shown
in Fig. 5. results for distortion meas-
urements, especially for harmonic dis-
tortion can be misleading and difficult
to correlate with perceived distortion.

The transducer’s fundamental re-
sponse can be viewed as a linear filter
which is independent of the transduc-
er’s nonlinearities. This linear filter
will alter the shape of the distortion
response. Consequently, this can lead
to an underestimation of the true dis-
tortion, especially at the transducer’s
high frequency limit, (i.e. above l/3 the
upper cutoff frequency for the 3rd har-
monic). This can also lead to overesti-
mations of the true distortion, espe-
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Frequency Response, Magn dB re 1 ,O Pa/Pa
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Fig. 14a Hearing aid with a varying response due to its built-in compressor. Frequency
response measured with stepped sine stimulus from 50 - 90 dB input level in 2 dB
increments
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Fig. 14b Coherent and Noncoherent Power output of a hearing aid measured using a 2-
channel FFT analysis. Speech-weighted noise stimulus at 70 dB input level
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Fig. 15a Total Harmonic Distortion (THD)  measured with a “tracking” filter (includes
selected distortion components)



cially at the lower frequency limit.
When reading a distortion response
graph, it is important to keep in mind
at what frequencies are the distortion
products actually occurring and how
does this level compare to the level of
the fundamental at the excitation fre-
quency.

Two-Tone Interaction Distortion
An interesting alternative to harmonic
distortion is to use two test tones and
measure intermodulation distortion.
Intermodulation distortion results
when signals with more than one fre-
quency interact to produce frequency
components not found in the original
signal. In practice, system nonlineari-
ties cause inter-modulation distortion
(IM) to occur due to amplitude and/or
frequency modulation of the higher
frequency components by the lower
frequency components 171.

This is a more reasonable approxi-
mation of a real world signal. Meas-
urements with more than two test tones
are possible, but interpreting results
become unmanageable and too com-
plex. Although inter-modulation dis-
tortion requires two signal generators,
the purity of the signal generators is
not as important as with harmonic
distortion measurements since the
measured intermodulation compo-
nents do not correspond with the har-
monics of the individual signal genera-
tors.

This is illustrated in Fig. 16a where
two sine waves at 100 Hz and 800 Hz
are simultaneously introduced into a
nonlinear system. The resulting signal
contains distortion components which
are sidebands around 800 Hz. The fre-
quencies of the sidebands are equal to
the sum and difference of the upper
frequency (800 Hz) and the integer
multiples of the lower frequency: 800
Hz +/- 100 Hz, 800 Hz +/- 200 Hz, 800
Hz +/- 300 Hz, and so on.

Difference frequency distortion (Fig.
16b)  is a special case of intermodula-
tion distortion which only considers
components which are the difference
and multiples of the difference between
the excitation frequencies. IM distor-
tion considers both sum and difference
components.

Distortion order is used to describe
the frequency relationship of a given
distortion component to the input sig-
nal. For harmonic distortion, distor-
tion order is equal to the harmonic
number. For intermodulation distor-
tion and difference frequency distor-
tion, distortion order is equal to the
sum of the absolute value of the fre-
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Fig. 15b THD+N  measured with a “notch”filter (includes overall noise level)
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Fig. 16a Illustration of IM distortion resulting from the interaction of a 100 Hz and 800
Hz input signal
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Fig. 16b Difference frequency distortion resulting from  a 800 Hz and 900 Hz input
signal

quency  coefficients (Fig. 17a and b). A
negative distortion order means that
the measured distortion component
falls below the higher of the two test
tones.

Example: -3 IM
The distortion order of
f, - 2fi (Fig. 16a)  is
I1 I - I-21  = 3rdorder
distortion product

Positive even order difference fre-
quency distortion products are equiva-
lent to their negative even order coun-
ter parts, except that they occur at
negative frequencies and are, there-
fore, not measured.

It is important to be careful not to
measure too low in frequency where
the measured distortion component
falls either too close to DC or one of the



test tones. Also, it is important not to
inadvertently measure at harmonic
multiples of the test tones. This will
include unwanted harmonic distortion
components. A good rule of thumb is to
measure more than N times above the
fixed tone (f,) for IM distortion. For DF
distortion measure more than N times
above the delta frequency (f, - f,). N is
the greatest absolute value of the nega-
tive distortion order.

I f,: Moving tone

f,: Fixed tone

t -N -3 -2 t 2 3 N

I f2 fl Frequency

Distortion Order Definition: Pos. Nth order IM: f, + ( N - 1) fz

Neg. Nth  order IM: fr - (INI- 1) f,
9.?05.%*

Example: -3 DF Fig. 17a ZM distortion order  definition
If Af=f,-f,=lOOHz
when f,= 100 Hz
and f, = 200 Hz
then 2fi- lfi= 0 Hz
so the frequency sweep
should start above

f, & f?: Moving tones

Since music and speech consist of many
different frequencies occurring simul-
taneously, the distortion test signal
used should also contain more than
just one frequency. This provides an
opportunity to see how the system
causes interaction between the vari-
ous frequency components. A single
tone cannot be used to measure inter-
action phenomena, such as a full range
transducer might cause when repro-
ducing a broadband signal. Further-
more, the sum and difference compo-
nents arising in two-tone interaction
distortion have no harmonic musical
relationships and hence can be quite
annoying. The difference components,
in particular, are unlikely to be masked
by the two test tones since they appear
at lower frequencies, outside the effec-
tive masking curve region as was shown
in Fig. 6.

(- even)

-2-4 -N

. . . .

Distortion Order Definition: Neg. even N”’ order DF:

Neg. odd N’” order DF:

Pos. odd Nm order DF:

Fig. 17b DF distortion order definition

4
2”” Harmonic Distortion

dB
A

Another advantage of two-tone in-
teraction distortion measurements is
that they can be used over the entire
frequency range of the system, whereas
harmonic distortion measurements
become meaningless when the distor-
tion products approach the system’s
frequency limits.

4 2”” Order Difference Frequency Distortion

dBpjjjq\)

- 2 DF: f, - f, f, fl HZ

Practical examples of Difference
Frequency Distortion (DFD)  meas-
urements
All transducers, including our ears,
have some kind of frequency limits.
Even the measurement equipment
used to measure the transducer under
test has frequency limits (e.g. the Brüel
& Kjær Type 4133 measurement mi-
crophone rolls off above 40 kHz).  So the
goal is to get the distortion components
to fall in the passband  where they are
not attenuated and can be measured
(Fig. 18). For electroacoustic transduc-

Fig. 18 Harmonic distortion components are attenuated by the high frequency roll-off of
the system, while difference frequency distortion components remain inside the passband
of the system (assuming 100% distortion)

ers, this usually corresponds to peo-
ple’s hearing range, as well.

A transmit measurement on a tel-
ephone is a classic example of a
bandlimited device (Fig. 19). The tel-
ephone interface provides the desired
line loading and DC powering while
the artificial mouth and ear simulate

(- odd) 4 4 (+ odd)

-N -5 -3 3 5 N

. . . .
rl n n . . . .

b
f2 f, Frequency

( y) f, - ( y) f,

real operating conditions.
Note the way that the -2 difference

frequency distortion rises with fre-
quency in Fig. 20. This is probably due
to the limited maximum current deliv-
ered to the telephone line. Govern-
ment regulations require a limit to
prevent saturation or line loading.

11



Notice how at the higher frequencies,
the measured 2nd harmonic distortion
underestimates the true 2nd order dis-
tortion due to the steep roll off which is
actually desired because of the tel-
ephone line’s limited transmission
bandwidth. If one were to judge the
quality of this telephone based on the
measured 2nd harmonic distortion at 5
kHz, one might think that 1% (-40 dB)
distortion was inaudible. But in real-
ity, the 2nd order distortion as meas-
ured by the -2 difference frequency
would indicate 32% (-10 dB) distortion
at 5 kHz and probably is very audible.

This is true both for transducer high
frequency limitations and for electronic
filtering which also imposes a high
and/or  low frequency limit. For exam-
ple, a two-way loudspeaker system con-
sisting of a low frequency woofer, a
crossover filter network, and a high
frequency tweeter (Fig. 21a).

As can be seen in Fig. 21b, there is an
increase in level of the 3rd harmonic
distortion from approximately 800-
1000 Hz. This region actually corre-
sponds to the crossover frequency re-
gion around 3 kHz  (3 x 1 kHz). Above 1
kHz the 3rd harmonic is greatly attenu-
ated by the crossover filter. In com-
parison, notice how the 3rd order differ-
ence frequency distortion increases in
the crossover frequency region. There
is a substantial peak in the response of
the -3 difference frequency curve at the
crossover frequency of 3 kHz. This
clearly indicates a problem with the
crossover design that might have been
overlooked if only inspecting the 3rd
harmonic distortion. In this case, a
bipolar electrolytic capacitor was used
in the design and its voltage rating was
exceeded causing it to saturate.

Practical examples of Intermodu-
lation Distortion (IMD)  measure-
ments
Intermodulation distortion can also be
used effectively to evaluate crossover
designs. If a transducer is excited with
a fixed low frequency test tone, for
example near resonance to cause large
diaphragm excursions, and another
test tone that sweeps up in frequency,
the resulting distortion will indicate
both amplitude modulation distortion
and Doppler frequency modulation dis-
tortion. The Doppler phenomena in
loudspeakers occurs when a high fre-
quency source is shifted by a low fre-
quency.

Look at the IM distortion for the full-
range loudspeaker with its single driver
trying to reproduce the entire frequency
range (Fig. 22). There is a lot of 2nd
order IM distortion. This is quite audi-
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Fig. 20 Fundamental, 2nd harmonic, and -2 difference frequency distortion for a
telephone transmitter microphone. Input -6 dB Pa at the mouth simulator’s reference
point (MRP),  f,-f,=lOO  Hz. LRGP is a telephone loudness rating standard
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order difference frequency components remain the same level as the excitation frequencies,
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ble in the midfrequency range. If a
chamber music duet with a cello and a
flute is played through a single driver,
the driver might cause the high fre-
quencies of the flute signal to be modu-
lated by the low frequencies of the cello
signal. Look at the 2-way loudspeaker
system, the 2nd order IM distortion
drops dramatically above the crosso-
ver point. So one would expect to hear
two distinct and clear musical instru-
ments being reproduced.

Frequency Response: dB re 20 pPa/2.83V@ lm (1 W into 8n)

80
dB

60

IM distortion is also very useful for
measuring microphone nonlinearities
(Fig. 23). Microphone distortionis very
difficult to measure because typically
the loudspeaker used to measure the
microphone will have greater ampli-
tude response irregularities and dis-
tortion than the microphone. By
weighting the output signal from the
generator with the reciprocal response
of the loudspeaker’s fundamental, it is
possible to produce a constant sound
pressure level versus frequency at the
microphone position. If separate test
tones are fed to two separate loud-
speakers, the loudspeakers’ harmonic
distortion will have no influence on the
measured intermodulation frequency
components. Consequently, only the
distortion of the microphones will be
measured (Fig. 24).
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Fig. 21b Fundamental, 3rd harmonic, and -3 difference frequency distortion for  2-way
home loudspeaker system with a crossover filter network. Measured in an   anechoic
chamber at 1 meter for 96 dB SPL at 1 kHz, fr - fz = 100 Hz
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The advantage of using the IM dis-

tortion test method as opposed to dif-
ference frequency distortion test
method to measure microphones, is
that the setup requirements are less.
The physical placement of the loud-
speaker producing the fixed low fre-
quency tone is not critical. It can be
optimally chosen for a high sound pres-
sure level at one frequency, reducing
the requirements on the loudspeaker
producing the moving tone.
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-40
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-80
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10k 1 OOk ^__.__

Transient Distortion
So far, all the distortion measurements
shown have been performed with one
or multiple continuous sine waves at
one fixed level. As mentioned before,
this is not very realistic. It would be a
lot more realistic if the distortion could
be measured under typical transient
conditions, (e.g. the snap of a snare
drum or a pizzicato passage played on
a violin). In other words, high power
but short in duration test signal. This
is also essential in order not to destroy
the transducer under test which typi-
cally has two power ratings, continu-
ous power and short term peak power.
In addition, transducer distortion is
very sensitive to power level, espe-
cially as the transducer nears its physi-
cal limits.

Fig. 22 2nd order IM distortion of a Full-range and a 2-way loudspeaker system.
Measured in an anechoic  chamber at 1 meter for 96 dB SPL at 1 kHz. Fixed frequency,
L = 41.2 Hz, the amplitude of ffJ was 4 times greater than (f>

“Equalized”
Sound Sources

Microphone
Under Test

Audio Analyzer

L Audio Power
Amplifier
WQ 0917

It is possible to put a lot of short term Fig. 23 Measurement setup for distortion measurements on microphones

13



energy into a transducer without de-
stroying it by using a tone burst. By
performing a properly windowed FFT
on the measured response coming from
the transducer (i.e. not including the
beginning and the end of the tone burst,
(Fig. 25), it is possible to measure the
individual distortion orders (Fig. 26)
181.  In fact, two different frequency
tone bursts can be applied simultane-
ously to look at intermodulation ef-
fects under high power levels. Unfor-
tunately, the trade-off of this tech-
nique is the measuring time since a
continuous sine sweep cannot be used.
But by looking at the lower test level
distortion measurements made with a
sine sweep, the number of frequency
points can be reduced to look at the
more problematic areas.

One more thing to mention about
this technique is that it can also indi-
cate with more detail the onset of com-
pression due to physical transducer
limitations. Transducers, as do ampli-
fiers, also have various forms of hard
and soft clipping/compression limits
(e.g. Fig. 1). Does the distortion in-
crease gradually or dramatically as
the input power increases? It could, for
example, depend on whether the voice
coil is hitting the bottom of the “mo-
tor”, hard clipping, or the “spider” (loud-
speaker’s centering mechanism) is be-
ing stretched beyond its linear spring
region, soft clipping. As the speaker
approaches overload, high-order har-
monics increase dramatically. This is
very typical of dynamic drivers (Fig.
26).

Frequency Response: Magn dB re lV/pbar
3” I I I I / I I

-20

-40

-60

-60
20 200 HZ 2k 20k

Fig. 24 IM distortion produced by an unidirectional dynamic microphone used for vocals.
Input 120 dB SPL at the mouth simulator’s reference point (MRP),  6 = 82.4
4a, (1 bar = 10s Pa)

Hz, a2 =

A: Time Signal
20 I I I I

-20
0 20m s 40m 60m

B: Time Signal
300 IF Time window y

200 I ,
Pa

100
f Condition signal -W

0

-200
0 20m s 40m 60m

Fig. 25 a) Upper curve shows a high level Tone Burst input signal with -20 dB relative
conditioning signal to minimize ringing
b) Lower curve shows the tone burst reproduced by a loudspeaker. FFT analysis is
performed on windowed time data.
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Other Distortion Test Methods
There are many other alternative dis-
tortion test methods, however, most of
them tend to be a compromise between
random distortion and harmonic dis-
tortion test methods. The more com-
plex the test signal, e.g. square waves,
multi-sine, etc., the more difficult it
becomes to isolate individual distor-
tion orders and relate it to a design
problem. In addition, it becomes diffi-
cult to specify the test’s excitation level
and compare results to other test meth-
ods. Acomprehensive nonlinear analy-
sis requires that the device under test
be tested across its entire frequency
range and at different excitation levels.

L

0.5k l.bk. Hi lik 2:Ok

Fig. 26 Harmonic Distortion of a dynamic loudspeaker at high output levels from lOO-
110 dB SPL at 1 meter. Test signal is a 100 ms, 41 Hz tone burst. Measured in an
anechoic  chamber.

Traditional Requirements for Distortion Measurements

Distortion measurements have tradi-
tionally required complex instrumen-
tation and an anechoic  chamber in
order to reduce background noise and
room reflections. Distortion products
are hopefully much lower in amplitude
than the fundamental, typically -40 to
-60 dB for a home loudspeaker, and
therefore require a large dynamic
measuring range.

Traditionally, this meant sweeping
a clean and stable signal generator
along with a narrow, analog tracking
filter, in order to reduce background
noise and isolate individual harmonic
components. An individual sweep was
performed for each harmonic and had
to be performed slowly to avoid the
tracking filter from dropping out due
to uncompensated time delay (Fig. 27).
The slower the sweep, the more accu-
rate the results, especially at low fre-
quencies where the harmonic spacing
is so small (e.g.. 2nd harmonic of 20 Hz
is at 40 Hz and requires a very narrow
filter and a long averaging time). This
of course took a long time!

Fig 27 Traditional harmonic distortion measurement performed using an analog signal
generator, tracking filter, and chart recorder. “Glitches” at 200 Hz are the result of
switching the tracking filter to a wider bandwidth to decrease the measurement time

In addition, room reflections can giving an exaggeration of the distor-
cause large peaks and dips in the re- tion or vice-versa (a peak or dip of 20 -
sponse (on the order of +/- 20 to 30 dB). 30 dB leads to an error of1000 - 3000%).
Even though distortion measurements Therefore, it is necessary to have an
are relative, the excitation frequency anechoic  chamber or some other tech-
may be at a dip while its harmonic nique to measure the free-field re-
frequency component may lie at a peak sponse.
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Distortion Measurements Without an Anechoic Chamber

It turns out that with today’s state-of-
the-art digital filters and clever meas-
urement algorithms 191, it is possible
to perform stepped, discreet tone meas-
urements of individual distortion or-
ders in a fraction of the time that it
used to take with analog equipment.

The instrumentation pictured here,
automatically selects the widest per-
missible bandwidth filter that will
measure the individual distortion com-
ponent while rejecting the fundamen-
tal and adjacent distortion components.
If the background noise is a problem,
longer averaging causes the effective
filter to become narrower to reject noise.
When performing a scan, the funda-
mental and all the selected distortion
components are measured at each step
in the scan.

If there was a way to measure the
electroacoustic transducer’s nonlinear
response without the room reflections,
it would be possible to eliminate the
need for an anechoic  chamber, assum-
ing a good enough signal to noise ratio
to achieve the necessary dynamic
range. One way to do this is to use a
time selective technique which is capa-
ble of isolating individual distortion
components. The TSR (Time Selective
Response) technique, in the Brüel &
Kjær 2012 Audio Analyzer (Fig. 28),
which rejects background noise and
reflections, can track on individual har-
monics (Fig. 29a)  [l0].

The small differences between the
anechoic  and the TSR measurements
in Fig. 29b can be traced to two main
sources: 1) voice coil heating effects
which generally make repeatable meas-
urements on dynamic loudspeakers dif-
ficult, and 2) the difference infrequency
resolution of the two measurements.
The anechoic  measurement was per-
formed in l/12  octave steps, whereas
the TSR measurement has a frequency
resolution of 250 Hz.

Fig. 28 The 2012 Audio Analyzer allows fast distortron measurements in an ordanary
room without the need for an anechoic  chamber
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Fig. 29a Time Selective Measurements of Individual Harmonics
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Distortion Standards and Test
Method Comparisons
Obviously, when comparing  one manu-
facturer’s distortion specifications with
another’s, both manufacturers need to
agree on the test conditions. For exam-
ple, what is the percent 2nd and 3rd
order distortion versus frequency at
“normal” and “loud” listening levels for
loudspeaker A and loudspeaker B? One
should not have to calculate this from
graphs and specifications. Least of all,
one should not be expected to figure
out if the manufacturer has measured
the distortion correctly.

To date, several standards commit-
tees, IEC, DIN, CCIF, and SMPTE,
have tried to lay down some guidelines
for distortion measurements. IEC 268
discusses how to measure and specify
harmonic and intermodulation distor-
tion but not difference frequency dis-
tortion. CCIF discusses how to meas-
ure difference frequency distortion
where typically Af = 80 Hz and the
individual distortion orders are plot-
ted versus the mean tone frequency,
i.e. f, = (f, + f,) / 2. SMPTE discusses
how to measure IM distortion where
the fixed low frequency tone is usually
from 50 to 80 Hz and has an amplitude
four times greater than the swept tone.

Most of these standards discuss
choosing excitation levels that will per-
mit comparison of results for different
techniques. The excitation used dur-
ing the different trials has to be such
that the peak value of the output is the
same in order to avoid peak clipping,
for example as in Fig. 30.

100

dB

80

60

40

20

0

Freauencv Response. Magn dB re 20 uPti2.83 V @ 1 m

1 - Anechoic / /

Fig. 29b Comparison of harmonic distortion measurements made on a loudspeaker in an
anechoic  chamber and in an ordinary room using Time Selective Response technique

A: Time Signal: IM, f2=41.2Hz, fl  =I kHz, a2=4al, sine wave = 1 OOHz
2

1

V

0

-1

-2

Sine: a = 1.41 V,., IM: a, = 0.28 Vpak a2 = l.l3V,.,
= 1 .oo VsMs = 0.20 v,,s = 0.80 Vsp_qs

B: Time Signal: DF, f2=900Hz,  fl=l kHz, a2=al, sine wave = 1OOHz
2 I I I

-2 \I
0 10m \ 20m S 30m 40m

Sine: a = 1.41 Vpeak DF: a, = a, = 0,707 VWak
= 1 .oo VRMS = 0.500 VsMs W”R”&

Fig. 30 The total peak value of the distortion test signal must be equal in order to
compare results for different distortion test methods:
a) Single sine wave (e.g. Harmonic distortion) and a Two-tone signal consisting of Two
sine waves with different amplitudes (e.g. Zntermodulation distortion, a2= 4aJ
b) Two-tone signal consisting of two sine waves of equal amplitude (e.g. Difference
Frequency distortion, az = a,)
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Conclusion

Nonlinear distortion measurements
and their interpretation can be compli-
cated by the human ear’s perception of
distortion, the passband  nature of elec-
troacoustic transducers, and measure-
ment instrumentation requirements.

From a psychoacoustics or audibil-
ity point of view, what is important is
where the distortion products fall in
relation to the excitation frequency or
frequencies. Real world signals and
operating conditions will determine
whether these inherent transducer
nonlinearities will be excited and to
what extent. Unfortunately, real world
signals such as music or speech are not

well defined or easy to control with
respect to power level, frequency con-
tent, and duration. This makes it diffi-
cult to isolate distbrtion products.

From a designer’s and a specifica-
tion point of view, what is most impor-
tant is knowing the distortion order
normalized to the excitation frequency
for a given input level and independ-
ent of the passband. This is necessary
in order to determine what mecha-
nisms in the transducer cause the dis-
tortion (Table 1). This requires a well
defined and easy to control test signal,
i.e. a sine wave. Furthermore, two-
tone interaction and tone burst distor-

tion can be used to give a reasonable
compromise between real world oper-
ating conditions and perceptibility. In
addition, these test methods can be
made to be insensitive to the transduc-
er’s nonflat passband  response.

Maybe the difficulties in measuring
and understanding distortion meas-
urements are several orders of magni-
tude more difficult than fundamental
measurements. But the information
and insight gained on how the trans-
ducer works and its affect on the sound
quality, can easily justify the added
effort. After all, everything is relative,
including distortion measurements.

Transducer Distortion and Recommended Test Methods

Type of Distortion Measurement Measurement Set-up Notes

General Cases

Displacement/Low frequency
limits

Force field imbalance/offset/
misalignment

Diaphragm break-up/High
frequency limits

Compression/Output level limit

Rub & buzz

3”’ harmonic response 5

2”” harmonic response

3’d DF response

Transients
FFT spectrum

High order harmonic &

Start measurement below resonance* Beware of passband  influence
Narrow tracking filter on measured results

Start measurement below resonance Not very audible
Narrow tracking filter

Measure above 3(f, - fJ Match peak level of single tone,
tj - fi = 80 Hz, a1 = a2 good correlation with audibility

Tone burst > 20ms Do not include beginning or
end of burst

Excitation at resonance Typically > I-I,,
Near field measurement

Crossover/filter effects 3d DF

2”d IM

Measure above 3(f, - fJ
fi - fz = 80 Hz, al = a2

fi at resonance
Measure above 2 fi

Indicates electrical problems and
filter effectiveness

Reveals Doppler distortion

Special Cases

Signal processing/Source
dependent

Microphones

Table 1

Coheren/Noncoherent power

2nd and 3rd IM

I Important to measure at different
output levels

Averaging, Shaped random noise
excitation

fi at resonance, measure above 3 fi
separate generator outputs

* Resonance refers to transducers
first resonant frequency

Total distortion only
Beware of S/N problems

Needs 2 separate loudspeakers, one
with high output capability

92lw93e
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