




Measurement of Loudspeaker and Microphone Performance using 
Dual Channel FFT-Analysis 

by Henrik Biering M.Sc, Briiel&Kjcer 

Introduction 
In general, the components of an 

audio system have well-defined — 
mostly electrical — inputs and out
puts. This is a great advantage when it 
comes to objective measurements of 
the performance of such devices. 
Loudspeakers and microphones, how
ever, being electro-acoustic transduc
ers, are the major exceptions to the 
rule and present us with two impor
tant problems to be considered before 
meaningful evaluation of these devices 
is possible. 

Firstly, since measuring instru
ments are based on the processing of 
electrical signals, any measurement of 
acoustical performance involves the Fig. 1. General set-up for loudspeaker measurements. The Digital Cassette Recorder Type 
use of both a transmitter and a receiv- 7400 is used for storage of the measurement set-ups in addition to storage of the 

If w e intend to measure the re- measured data. Graphics Recorder Type 2313 is used for reformatting data and for 
., „ J, ,, „ plotting results 

sponse of one of these, the response ol 
the other must have a "flat" frequency 
response, or at least one that is known 
in advance. 

Secondly, neither the output of a 
loudspeaker nor the input to a micro
phone are well-defined under practical 
circumstances where the interaction 
between the transducer and the room 
cannot be neglected if meaningful re
sults — i.e. results correlating with 
subjective evaluations — are to be ob
tained. See Fig. 2. 

For this reason a single specific 
measurement type for the character
ization of a transducer cannot be de- r.- n T , - , , - , ■ -. -• ,u ■ + / u *. i J u J r *. 

. Pig.2. In a practical listening situation, the interface between loudspeaker and listener is 
vised. In this Application Ivote we will very compiex. For convenience, contributions to the total sound field are often 
mainly focus on linear response mea- divided into three catagories: the direct sound, the early reflections and the reverber-
surements which provide important ant field 
clues to the subjective performance of 
loudspeakers. These measurements 
include measurement of free-field re
sponse, directional characteristics, phone and an accelerometer. To en- ups as well as measured data on a tape 
cabinet vibration, electrical imped- able easy change between different cartridge. See Fig. 1. 
ance, etc. In addition, measurement of measurement tasks, up to ten corn-
microphone characteristics, non-linear plete measurement and display set- All of the measurements described 
performance and more advanced mea- ups can be stored by the user for later in this Application Note have been 
surements will also be mentioned. use. Print-out of the results can be carried out using a small high-quality 

obtained using the X-Y Recorder two-way loudspeaker. The measure-
Traditionally complex instrumenta- Type 2308 or the Graphics Recorder ment microphone used for the major-

tion has been required to carry out all Type 2313. The latter offers various ity of the tests is B & K lti" free-field 
of these measurements. However, with reformatting facilities via the use of Type 4133 mounted on Preamplifier 
B & K Dual Channel Analyzers Types application packages. Digital Cassette Type 2639. The microphone used as a 
2032 and 2034 the only extra equip- Recorder Type 7400 can be used for test object is a low-cost general pur-
ment needed is a measurement micro- storing measurement and display set- pose microphone. 
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Free-field R e s p o n s e s t r u m e n t s , Types 2032/34 inherently 
- ^ h a v e a linear frequency axis, t 'or lm-

^ , . , . „ , . T p r o v e d visualization of the data, how-
1 raditionally anechoic rooms h a v e A , _ „ , ■ , , 

, , c , n ^ , e v e r , the 800 measured points can be been used tor measurement ot t h e , . , , . . , , , , . , , . , ! T • • 1 d i s p l a y e d along a two-decade loganth-free-field response. In principle, a n . r ° . , *^. „ 
, . , , . n n m i c rrequencv axis as shown in r ig .6 . 

anechoic room at tenuates all r e t l e c - , T , ? r jn , , n , ,, . J N o t e , however, trom the response tions before they may reach the m i c r o - , . „ . L jn , , , 
, .... /TI- n\ TT ^ s h o w n in r i g . / tha t the phase re-

phone position (.big.3). However, t o „ , . . Z n ,■ i x i s p o n s e of a system incorporating one at tenuate reflections properly, t h e , , . , 
, , , , Zi o > 1 o r more pure delays is more advanta-

wedges must have a length of at least a , ,. , / . , .. ~ , ", r ,, r g e o u s i y displayed with a linear fre-quarter of a wavelength for all f r e - , , , . , , . . , , r q u e n c y scale, where a change or slope quencies within the relevant frequen- . ,. , ... , , , -,-<* m, r r,- o mi - t r /j ■ +1, indicates a transition between two dit-
cy range, t h u s for measurements at tig.3. 1 he on-axis free-field response is the 
low frequencies a large room will be m0st commonly used characteristic e r e n t delays. 
required. For accurate measurements f°r the evaluation and documenta- U n t i l r e C ent ly only little informa-
, , . T 7 ,1 • • i i- • tion of transducer performance. . , , . , . , ,. ,-, r ,i 

down to 20 Hz, the inside dimensions Traditionally the direct sound is tion could be derived directly from the 
of the room without absorbers must be measured in an anechoic room, the impulse response of a system. This, 
of the order of 25 meters or more.'11 boundaries of which absorb reflec- however, has been a mat ter of poor 

tions and reverberant sound presentation rather than lack of infor-
The pseudo-random signal provided der test and consequently to a lower mation. Using the Hilbert Transform, 

by the built-in generator of Types signal-to-noise ratio. In the presence the 2032/34 can calculate the envelope 
2032/34 has the advantage over tradi- of background noise it will therefore or magnitude of the impulse response 
tional swept measurement techniques be necessary to average several con- (see Fig. 8), which displayed with a 
that the transducers are effectively secutive impulse responses. For this logarithmic magnitude axis reveals 
driven by 800 sine generators in paral- purpose it is generally advisable to many otherwise hidden details related 
lei. This causes a dramatic reduction synchronize the impulse rate with the to diffraction around the loudspeaker 
in the minimum measurement time record acquisition time of the Analyz- or microphone. 
required for a test. The measurement er. Such a synchronization is automat-
result shown in Fig. 5 was obtained ically established when using the Theoretically the frequency re-
within a fraction of a second. 2032/34 in its impulse excitation sponse and the impulse response pre-

mode. For this particular application, sent exactly the same information. Re-
An alternative method of measure- however, a somewhat longer interval sponse anomalies, however, are often 

ment utilizes the finite speed of sound between the pulses is dictated by the more naturally related to either the 
to isolate the direct sound from the reverberant environment; a new mea- frequency domain (e.g. crossover net-
first reflections and from the reverber- surement should not be initiated be- works) or the time domain (e.g. dif-
ant field. Due to its shorter path, the fore the reverberant field excited by fraction around cabinet). Provided 
direct sound will always appear at the the previous pulse has decayed suffi- suitable display formats are available, 
microphone position before the reflec- ciently. Therefore a small external it is always more convenient to inves-
tions. If, when using an impulse for pulse generator has been used for the tigate response problems in their nat-
excitation, the direct response has measurement displayed in Fig. 7. ural domain, as demonstrated in 
vanished before the first reflected sig- Since the Analyzers are FFT-based in- Figs. 9 and 10. 
nals enter the microphone, the influ
ence of the latter can be suppressed by 
multiplying the signal actually record
ed by a suitable "time window" (see 
Fig.4). The minimum width of a re
sponse peak which can be properly re
solved will be inversely proportional 
to the maximum useful length of the 
time window. Since the highest mea
surement resolution is normally re
quired at low frequencies (logarithmic 
display), this limited resolution will 
introduce a practical lower limit for 
the frequency range of a testJ2^ 

Although this limitation is of a 
slightly different nature than the low 
frequency limitation for the anechoic 
room, the room size necessary for a 
given test will be approximately the 
same in both cases. 

The impulsive nature of the test sig-
nal required for time selective mea- FlgA- When

tfl^ ^ fomenttechnique■allows the use of-time gaUng - windowing - it is 
1 1 , possible to isolate the direct sound from the reflections which are always present in a 

surements, however, leads to a less normal environment. Only objects which are located within an ellipsoid, the size of 
efficient excitation of the system un- which depends on the length of the time window, interfere with the measurement 
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Fig. 5. The free-field response of a loudspeaker measured with pseu- Fig. 6. The linear frequency response axis of Fig. 5, which is inher-
do-random noise excitation in an anechoic room. With this ent to FFT-based analyzers, can be converted into a loga-
periodic type of white noise, the measurement converges rithmic axis, here showing the magnitude as well as the 
more quickly towards the actual response than with true phase of the frequency response. Note that the phase has 
random noise excitation. The reference cursor has been set to been compensated to take into account the delay (^3,11 ms) 
display the maximum level fluctuation of the response between the woofer and the measurement microphone 

Fig. 7. Free-field response (magnitude and phase) of the same loud- Fig. 8. Analyzers Types 2032 and 2034 allow logarithmic presenta-
speaker, but measured with the time selective impulse tech- tion of the impulse response magnitude. This feature vastly 
nique. The phase response has been compensated to account increases the possibilites for examination and correction of 
for the delay of the tweeter (^2,95ms). Displayed with a time domain discrepancies 
linear frequency axis, an offset in delay corresponds to a 
simple tilt of the phase response 

Fig. 9. Two reflective objects placed near the loudspeaker are easily Fig. 10. From the frequency response corresponding to Fig. 9., how-
identified on the impulse response display ever, it is more difficult to disclose the actual cause of the 

response irregularites 
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Directional Characteristics 
The subjectively perceived "ambi- loudspeakers in particular, the off-axis 

ence" in a recording or reproduction of responses are typically very irregular, 
audio signals is related to the ratio containing deep notches at several fre-
between direct sound and reflected quencies. In general, a much better 
sound found at the listening position. description is obtained by displaying 
This ratio is influenced by the acous- the response in various directions rela-
tic properties of both the room and tive to the on-axis response. Using the 
the acoustic transducers involved. The "equalized" mode of the 2032/34 the 
latter are normally characterized by display of such relative off-axis re-
their directional characteristics which sponse curves is a straightforward and F-, ^ The off-axis response in various di-
are often visualized as polar responses simple matter, as shown in Fig 12. rections will influence the degree of 
at discrete frequencies. However, for ambience in the reproduction. 

Fig. 12. With the measurement speed offered by Analyzers Types 
2032 and 2034, it is possible to measure complete frequency 
responses in each relevant direction (upper curve) and to 
relate each curve to the on-axis response (Fig. 6) using the 
equalized mode of the Analyzers (lower curve) 

Microphone Measurements 
For loudspeaker tests, the use of a ideal as part of a measurement sys- problem could be overcome using a 

measurement microphone with a tem. It is almost impossible however reference microphone and a generator 
"flat" frequency response is regarded to design a loudspeaker which fulfils with compressor for instantaneous 
as a basic requirement. Conversely, for the requirements for high quality mi- control of the output level. This prin-
microphone tests, a loudspeaker with crophone tests. With traditional seri- ciple cannot be used with the fast 
a "flat" frequency response would be ally swept sine measurements this parallel measurements offered by the 

Fig. 13. The response of a microphone can be measured accurately Fig. 14. Since the impulse response is obtained from the calculated 
by mere substitution of the test microphone for the mea- frequency response rather than directly from the input 
surement microphone used for the loudspeaker measure- data, it is also possible to extract the impulse response of a 
ments. Using the equalized mode, the magnitude as well as microphone from the combined response of loudspeaker and 
the phase of the microphone response are compensated to microphone. The logarithmic presentation provides direct 
account for the non-ideal response of the loudspeaker visualization of the decay rate for the multiple reflection 
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2032/34. However, for measurements the microphone to be tested is posi- crophone (see Figs. 13 and 14). An ad-
of essentially linear transducers, the tioned, a measurement microphone is vantage of this method is tha t the 
"equalized" mode of the Analyzers can mounted in its place. The resulting disturbance of the sound field often 
be used to carry out measurements by response is subtracted from all subse- caused by the reference microphone is 
the substitution method, i.e. before quent measurements on the test mi- avoided. 

Low-frequency Response and Cabinet Vibration 
As mentioned earlier, measurement close relationship between near-field 

of the free-field response of a trans- and free-field sound pressure at low 
ducer at low frequencies requires a frequencies. Although the sound pow-
very large room. However, at these er measurement (described later) pro-
frequencies the response measured vides an even better basis for estimat-
very close to the diaphragm of the ing the low frequency response of the 
transducer, or in the case of a loud- loudspeaker under realistic condi-
speaker system measured inside the tions, the more simple near-field mea-
cabinet, is directly proportional to the surements are useful for fine tuning of 
far-field response. Due to the high lev- the cabinet design as well as for quali-
el of direct sound at such small dis- ty control. 
tances, reflections from room bound
aries will not significantly influence The acceleration of a loudspeaker 
the measurement. The theory of the diaphragm (Fig. 17., lower curve) is di- Fig. 15. For the measurement of the near-
near-field technique is described in rectly proportional to the resulting field response, the microphone 
detail by Keele'31. Fig 16 shows the low near-field sound pressure. At frequen- should be placed near the centre of 
frequency free-field response of the cies where the diaphragm moves as a the diaphragm. Cabinet vibration 

i , . . . . . - , . , . , , j is measured by placing a smalt ac-
test loudspeaker, measured in an an- rigid p l S ton (i.e. no break up modes celerometer at various positions on 
echoic room (upper curve) and using are excited) the measurement micro- the i0UdSpeaker cabinet. Measure-
the time selective impulse technique phone can be directly replaced by an merit 0f the acceleration near the 
(lower curve). The standing waves accelerometer mounted near the joint joint between the voice coil and the 
present in anechoic rooms at low fre- between the voice coil and diaphragm. diaphragm can be used as a refer-
quencies are normally observed as a This measurement provides a relevant ence 

frequency ripple, gradually increasing basis for investigation of the loud- surements of both magnitude and 
in level for decreasing frequency. In a speaker cabinet. A comparison of the phase will give clues to how the cabi-
room of equal size the time selective cabinet vibration at different positions net vibration can be reduced. See 
technique will often provide reliable with the acceleration of the dia- Figs.18 and 19. For systematic analy-
results to frequencies approximately phragm itself allows a measure of the sis of the eigenmodes of a loudspeaker 
one octave below the useful low fre- audibility of the cabinet vibration to and the possibility for animation and 
quency limit of the anechoic room. be obtained. In addition to giving an simulation of structural modifications, 
The near-field response shown in indication of whether or not the cabi- B & K can supply modal analysis soft-
Fig. 17 (upper curve) confirms the net has sufficient stiffness etc., mea- ware.141 

Fig. 16. Low frequency free-field response of a small loudspeaker Fig. 17. Near-field response (upper curve) and diaphragm accelera-
system measured in an anechoic room (upper curve) and tion (lower curve) of the same loudspeaker used for the 
using the impulse method in an ordinary room of equal measurements in Fig. 16. With the near-field technique 
dimensions (lower curve). The irregularities of the anechoic there is no low frequency limit. The measured response 
response seen around the cursor position are due to the shows good agreement with the free-field response for fre-
presence of standings waves as the acoustical absorption at quencies up to approximately 600Hz. Below 300Hz the 
the room boundaries is not sufficient at these low frequen- diaphragm acceleration is seen to be directly proportional 
cies. to the near-field response, indicating that in this frequency 

range the diaphragm behaves like a rigid piston 
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Fig. 18. Absolute level of front baffle vibration (upper curve) and Fig. 19. Phase response corresponding to the lower curve of Fig. 18. 
baffle vibration relative to diaphragm movement (lower In the low frequency range the phase of the baffle vibration 
curve). Since the sound pressure resulting from this vibra- is 180° out of phase with the diaphragm movement. (Note: 
tion is proportional to the vibrating surfaces, colouration shifted phase range due to polarity reversal in channel B). 
related to cabinet vibration is generally a more severe prob- This is a direct consequence of New tons second law and a 
lent with loudspeakers with large panel areas lack of mechanical isolation between the loudspeaker chas

sis and the front panel 

Sound Power 
At low frequencies where the wave

length is comparable with the dimen
sions of the room, it is no longer justi
fied to separate the sound field in di
rect and reverberant sound. At these 
frequencies the loudspeaker-room-lis
tener combination should ideally be 
treated as a whole. The most impor
tant isolated parameter for the loud
speaker is its total radiated sound 
power. Traditionally the use of either 
an anechoic or reverberant room has 
been necessary for measurement of 
sound power (Fig. 20). With Types 
2032/34 such rooms are no longer re- Fig. 20. To estimate the total sound power output of a loudspeaker, the sound intensity 

_, . , A l u probe (left), or in the case of measurement in an anechoic room the measurement 
quired since these Analyzers have microphone, must be moved to a large number of positions on a hypothetical surface 
built-in provision tor sound intensity surrounding the loudspeaker. For an equal number of averages at each position 
measurements. these should represent areas of equal size (right) 

Fig. 21. Sound power output for 1 W electrical input in the frequen
cy range 100Hz to 3,2kHz. The sound power is measured by 
averaging the sound pressure at 30 positions on a sphere 
(4TT steradians) around the loudspeaker in an anechoic 
room. The resulting power spectrum has been liliftered" (= 
smoothened) for easy comparison with Figs. 16 and 1.7. The 
"A TOTAL" field indicates an acoustical output of -27,3dB 
relative to 1 W in the chosen frequency band 
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Fig. 22. Sound power output for 1 W electrical input. The sound Fig. 23. Sound power measured as in Fig. 22, but with the loud-
power is measured by averaging the sound intensity at 54 speaker positioned near a corner where the acoustical im
positions on a cube (4ir steradians) around the loudspeaker pedance better matches the radiation impedance of the 
in an ordinary room. With the probe configuration used, speaker. This results in a higher acoustical output in the 
the measurement results are valid at frequencies down to low frequency range. Due to the absorbing surfaces near the 
approximately 100 Hz. Measurement at lower frequencies corner, the response in the upper part of the displayed 
requires a larger gap between the two microphones in the range is lower than the response shown in Fig. 22 
probe. Response below the centre horizontal axis indicates a 
negative intensity 

Averaging the sound intensity (= from a position in free space to a posi- Type 3519, since both the sound pres-
sound power per uni t area) measured tion near a wall and further to a posi- sure and the particle velocity must be 
at various points on a closed surface tion near a corner etc. Therefore mea- measured in order to calculate the 
surrounding the loudspeaker, the surements made using this method sound intensity.151 

sound power emit ted by the loud- result in the best correlation with the 
speaker when it is placed in realistic subjective evaluation of the loud- The sound intensi ty mode of the 
positions in a normal room can be di- speaker 's response as experienced by a Analyzers is also very useful for ob-
rectly measured (Figs. 22 and 23). listener. taining a detailed mapping of the 
Most loudspeakers will double their sound field near a loudspeaker. This is 
output power at low frequencies when For measurement of sound intensi- used to evaluate how physical modifi-
the effective angle of radiat ion is ty, the measurement microphone must cations of the loudspeaker cabinet will 
halved, for example, when changing be replaced by a special probe, B & K influence the response. 

Electrical Impedance 
The electrical impedance of a loud- plifier to drop by a factor of 10 or par t . The "MASK" cursor of the 

speaker is impor tan t with regard to more compared with a corresponding 2032/34 is very helpful when examin-
interface with a power amplifier. Of- resistive load. The impedance is usual- ing the impedance curve near the indi-
ten the reactive load associated with a ly represented either by its magni tude vidual resonances. I t enables selective 
loudspeaker will cause the maximum or by its Nyquis t plot, i.e. the real par t display of specific par ts of a measured 
undis tor ted ou tpu t from a power am- of the impedance versus the imaginary response curve. See Fig. 24. 

Fig. 24. Linear magnitude and Nyquist plot of loudspeaker imped
ance. A large (800 line) Fourier Transform is essential for 
obtaining an adequate resolution for simultaneous mea
surement of both resonance peaks. The "MASK" cursor 
used with the Nyquist plot helps eliminate the confusion 
often associated with such plots. The trace represents the 
frequency range indicated by the delta cursor in the upper 
display. Each resonance peak in the impedance plot will 
correspond to a full circle in the Nyquist plot 
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Harmonic Distortion 
Generally an anechoic room is re- quency of the loudspeaker. In this total integration of all lines in the 

quired for measurement of non-linear frequency range the near-field tech- spectrum except the one line contain-
distortion. However, as the non-lin- nique may be used with the 2032/34 ing the fundamental. In order to ob-
earities associated with loudspeaker generator in its variable sine mode, tain exact level estimation and to ben-
units are generally related to the dis- allowing measurement of harmonic efit from the use of the harmonic cur-
placement of the diaphragm (finite distortion down to approximately sor of the 2032/34, the generator 
length of voice coil and magnetic gap, -60 dB relative to the fundamental. frequency should be centered precise-
displacement limited suspension etc.) To avoid the influence of background ly in one of the displayed frequency 
harmonic distortion will normally be a noise, harmonic distortion should nor- bands, as shown in Fig. 25. 
greater problem at low frequencies mally be calculated by adding the in-
near the fundamental resonance fre- dividual harmonics rather than by a 

Fig. 25. Near-field measurement of harmonic distortion measured 
near the low frequency resonance of the loudspeaker. How
ever, the sound pressure level should normally refer to the 
level at 1 m distance from the loudspeaker. The cursor 
indicates a second harmonic distortion of -39,7dB relative 
to the fundamental 

Conclusion 
Dual Channel Signal Analyzers illustrated in this Application Note 488) interface further opens up a vir-

Types 2032 and 2034 are self-con- are shown as they appear on the large tually endless range of measurement, 
tained measurement systems that ef- display screen of the Analyzers, with- post-processing and display possibili-
fectively dispense with many of the out the need for any special user-pro- ties when the Analyzer is connected to 
difficulties traditionally associated gramming or additional post-process- a B & K Graphics Recorder Type 2313 
with acoustic measurements. Even ing. or to a desk-top calculator. In this way 
complex measurements can be car- the Analyzers are easily adapted to 
ried-out with a minimum of peripheral The presence of the sophisticated, various user-specific requirements. 
equipment. The measurement results but user-friendly IEC 625-1 ( ^ IEEE 

References 
[1] Ingerslev, F., Pedersen, 0 . J., [3] Keele, D. B., "Low Frequency [4] "Programs for Structural Analy-

Moller, P. K., & Kristensen, J. Loudspeaker Assessment by sis, WT9100, WT9101, WT9102 
"The Anechoic Chambers at the Nearfield Sound-Pressure Mea- & WT9103", Bruel&Kjaer System 
Technical University of Den- surement", Loudspeakers — An Development Sheet, BU0044-11, 
mark", Bruel&Kjaer Technical Anthology of Articles on Loud- 1984 
Review No. 2, 1968 speakers from the pages of the 

Journal of the Audio Engineering [5] Gade, S., "Sound Intensity (Part 
[2] Biering, H., & Pedersen, 0 . Z., Society Vol.l-Vol.25 (1953 - 1 Theory)", Briiel&KjaBr Techni-

"System Analysis and Time Delay 1977), 2nd Edition, 1978, pp. cal Review No. 3, 1982 
Spectrometry (Part If, Briiel & 344-352 
Kjser Technical Review No. l , 
1983 

10 

http://Vol.l-Vol.25


Electroacoustic Measurements the B&K Way 

...with Dual Channel FFT Analyzers 2032 & 2034 


