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The measurement of room impulse response (RIR) when there are high background noise levels fre-
quently means one must deal with very low signal-to-noise ratios (SNR). If such is the case, the measure-
ment might yield unreliable results, even when synchronous averaging techniques are used.
Furthermore, if there are non-linearities in the apparatus or system time variances, the final SNR can
be severely degraded. The test signals used in RIR measurement are often disturbed by non-stationary
ambient noise components. A novel approach based on the energy analysis of ambient noise – both in
the time and in frequency – was considered. A modified maximum length sequence (MLS) measurement
technique, referred to herein as the hybrid MLS technique, was developed for use in room acoustics. The
technique consists of reducing the noise energy of the captured sequences before applying the averaging
technique in order to improve the overall SNRs and frequency response accuracy. Experiments were con-
ducted under real conditions with different types of underlying ambient noises. Results are shown and
discussed. Advantages and disadvantages of the hybrid MLS technique over standard MLS technique
are evaluated and discussed. Our findings show that the new technique leads to a significant increase
in the overall SNR.

� 2008 Elsevier Ltd. All rights reserved.
1. Introduction

The maximum length sequence (MLS) technique is often used
for measuring room impulse response function (RIR) usually lead-
ing to large signal-to-noise ratios (SNR) [1,2]. However, for the
cases of high background noise levels, the SNR can be quite low.
The estimation of sound insulation indexes, energy decay time/
reverberation time (RT60) and the magnitude frequency response,
as well as other objective parameters related to the subjective per-
ception of the human auditory system, may then be unreliable [3–
7].

In room acoustics, the background noise level and/or distortion
of the impulse response are divided primarily into two compo-
nents. The first component deals with ambient noise, which de-
pends on environmental conditions such as traffic noise,
resulting from poor facade insulation and structure-borne vibra-
tion, and the HVAC systems in the building; and/or people talking
nearby during an event. This noise component is, for all intents and
purposes, beyond the control of the acoustician. The second com-
ponent is related to (i) the electroacoustic apparatus (mostly due
to loudspeaker distortion at low frequencies or to the power ampli-
fier overload), (ii) the inappropriate length of the ML sequence, or
ll rights reserved.
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(iii) the number of frames used in the time average procedure [8].
This second noise component can be controlled (a) during the
acoustical tests and/or (b) afterwards, during the post-processing
stage.

In most situations, the room being tested can be modeled by
means of a linear time invariant system (LTI) corrupted by added
noise [14].

The LTI system can be described as follows:

ResðnÞ ¼ SeqMLSðnÞ hðnÞ þ NðnÞ ¼ yðnÞ þ NðnÞ; ð1Þ

where SeqMLS(n) is the system input MLS frame, stands for the
circular convolution, y(n) refers to room response and N(n) is the
noise during measurement. Here, the linear convolution is overwrit-
ten by the circular convolution operation given the periodicity of
the MLS frames.

The ML sequences are termed pseudo-random signals, given
their random phase behavior. However, they are deterministic sig-
nals. Therefore, the synchronous temporal averaging technique can
be applied in order to improve the SNR. This technique performs a
summation, where the correlated signals (the ML sequences) are
amplified and the uncorrelated disturbance noise components
are attenuated. The increment of the SNR resulting by averaging
the synchronized M sequences is given as DSNR = 10log10M.
Therefore, for each doubling of the number of the sequences, an in-
crease of 3 dB for the SNR can be expected. This result is valid for
any type of noise assuming low correlation between different
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frames. For music signals used as noise, where a certain correlation
exists between the captured frames, the increment of the SNR rises
asymptotically to the theoretical value when the number of aver-
ages is increased.

Problems of time variance occur frequently in acoustical mea-
surements. This phenomenon can be attributed mainly to air mass
movement and to temperature gradients, which are more relevant
in open or semi-open air environments such as arenas and stadi-
ums. In closed spaces this effect is related to (i) the long-term dura-
tion of the acoustical measurement essentially due to air or to fast
temperature drifts of the loudspeaker coil and (ii) HVAC systems or
movement of people or objects (for instance, in large auditoriums
or in public areas like transportation stations). Assuming the valid-
ity of the LTI model, whenever subtle time variance problems oc-
cur, a balance between the number of averages required and the
increase of the MLS frame length should be considered [9,10]. In
this case, the length of the MLS sequences should be increased
(doubling the MLS sequence length leads to an increase of the
SNR by 3 dB) when the inter-sequence time variance (between dif-
ferent sequences) is more visible than the intra-sequence time var-
iance (during the same sequence). However, for long ML sequence
length, the intra-sequence time variance could prevail against in-
ter-sequence time variance. Therefore, a comprehensive optimiza-
tion of the acoustical measurement set-up is then recommended
and a pre-emphasis procedure should be applied.

There are situations where the energy decay range is not large
enough for an adequate estimation of the acoustical room param-
eters. These situations occur when (i) the SNR is very low, i.e. the
maximum acoustical power provided by the measurement equip-
ment is not sufficient to excite the enclosure under test for all fre-
quency bands, and, (ii) the presence of people inside the room is a
pre-condition such as in public areas or during performance
events. In these cases, the acoustical levels need to be kept below
a pre-defined threshold, usually in relation to loudness contours,
so that the people will not be disturbed.

In such cases, measurement times may increase substantially if
averaging techniques are used. For example, let us assume one is
interested in increasing the SNR by 20 dB. Here, 100 sequences
need to be sent to the room, which comes to an expend time of
about 3.5 min for a frame duration of 2 s. However, if this SNR
increment is not sufficient and a supplementary increase of
10 dB is required, the measurement time will expand to 35 min
(1000 MLS sequences). Moreover, if time variance phenomena oc-
cur during the measurements, the SNR will be upper-bound and,
subsequently, the increase expected for the SNR will not be
achieved. This upper limit for the SNR gain is a result of the in-
creased noise from adding up several ML sequences that do not ex-
actly match (the sequences are stretched or compressed
randomly). In practice, this upper limit is observed by the acousti-
cian when doubling the number of sequences, the SNR does not in-
crease 3 dB.

The noise inside the enclosure being tested can be characterized
as (i) a quasi-stationary process with quite lengthy intervals, for in-
Fig. 1. Implementation of the s
stance transportation noise or industrial noise, or (ii) non-station-
ary noise with an intermittent behavior that changes both in time
and in frequency with pronounced energy fluctuations. The re-
search presented here deals with situations of high levels and
non-stationary noise and examines the acoustic energy both in
time and frequency. By taking these issues into account, a noise-ro-
bust, MLS-based technique was investigated.

2. Method

The room being assessed is excited by a set of M ML sequences.
An entire set of frames is sent to the room one after another or with
delays between them. The purpose of the latter procedure is to
keep the ambient noise statistics as different as possible during
the presence of each MLS frame. However, each time the test signal
is applied to the room, at least two concatenated sequences are
sent. This procedure assures that the second frame holds all of
the room’s acoustical information. The first sequence of each set
should be discarded. Obviously, this procedure is of less impor-
tance for MLS frame lengths several times greater than the ex-
pected RT.

In the case of RIR measurement where there are high levels and
non-stationary background noise, the mean square, MS, value of
the resulting captured signal (a measure of the acoustic energy of
the sequence filtered by the room plus noise) must be kept to a
minimum in order to exclude further noise energy components
[11–13].

The analysis is described separately with regard to time and fre-
quency to provide a better understanding of this new technique.

2.1. Segmented MLS technique

This method consists of splitting each captured MLS frame into
N segments followed by the estimation of the MS value for each
windowed segment. From each transmitted sequence, the seg-
ments with the lowest energy is extracted and a new sequence is
built by using the overlap-add method. The corresponding
arrangement is depicted in Fig. 1.

This procedure acts as a noise scrambler, decorrelating the noise
added to each new frame due to the contribution of segments orig-
inated in different frames, at different times. The resulting se-
quence corresponds to the lowest energy SeqMLS, thus ensuring
the highest SNR value.

The ML sequence is segmented by applying the time windowing
method,

SMLSðnÞ ¼
XN

k¼1

SegMLSK
ðnÞ ¼

XN

k¼1

SMLSðnÞ wðn� kL=N þ 1Þ; ð2Þ

with

wðnÞ ¼
1 0 6 n 6 L=N

0 n > L=N

���� ;
egmented MLS technique.
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where N is the number of segments in each sequence, L is the se-
quence length and Lseg = (L + 1)/N is the length of each segment, ex-
cept for the last one that is equal to [(L + 1)/N]-1, due to the odd
number of samples of each ML sequence. Although the rectangular
window is expressed in Eq. (2) for simplicity’s sake, other types of
window shapes are usually employed with 50% overlap. The re-
sponse of the room to an MLS signal is given as

yðnÞ ¼
XN

k¼1

ykðnÞ ð3Þ

where

ykðnÞ ¼ yðnÞwðn� kL=N þ 1Þ ¼ ½SMLSðnÞ � hðnÞ�wðn� kL=N þ 1Þ

Considering the influence of the disturbing ambient noise, it follows
that

ResðnÞ ¼
XN

k¼1

bReskðnÞ

where

bReskðnÞ ¼ ResðnÞwðn� kL=N þ 1Þ
¼ ½SMLSðnÞ � hðnÞ þ NðnÞ�wðn� kL=N þ 1Þ ð4Þ

The SNR is calculated after the estimation of the MS value for each
segment

SNRSeg ¼
MSðy1ðnÞÞ þMSðy2ðnÞÞ þ � � � þMSðyNðnÞÞ

MSðN1ðnÞÞ þMSðN2ðnÞÞ þ � � � þMSðNNðnÞÞ

¼ MSððnÞÞPN
k¼1MSðNkðnÞÞ

: ð5Þ

The overall SNRSeg can be maximized by minimizing the denomi-
nator of Eq. (5). The MS value of the y(n) is proportional to the
acoustical power of the test signal used to excite the room. This va-
lue remains the same for the whole set of sequences. For this rea-
son, this value was kept constant in order to compare and
evaluate the performance of the segmented MLS technique against
the standard MLS technique.

Hence, in this technique the segments which have the lowest
MS value among the whole set of captured sequences are selected.
Therefore,

NkðnÞ ¼minfMSðNiðnÞÞg; i 2 ½1;M�: ð6Þ
Fig. 2. Spectral MLS technique procedure for composin
The improvement of this arrangement compared with the standard
technique, DSNR, can be expressed by

DSNR ¼ SNRSeg

SNRStand
¼ MSðNðnÞÞPN

k¼1MSðNkðnÞÞ
P 1 ð7Þ

where Nk (n) is defined in Eq. (6).

2.2. Spectral MLS technique

At the receiver point, a filter bank is applied to each sequence by
splitting the audio spectrum into multiple complementary sub-
bands. The energy within each frequency sub-band is then
computed. The sub-bands with the lowest spectral energy will be
chosen to compose a new sequence. This resulting sequence will
have the highest SNR, assuming the energy of the sequences sent
is kept constant. An overview of this procedure is illustrated in Fig. 2.

The MS value of the system response y(n) is constant for the
whole set of sequences (the acoustical energy of the signal excita-
tion is kept constant for all the ML sequences). Then, Eq. (3) yields

SNRSpect ¼
MSðy1ðnÞÞ þMSðy2ðnÞÞ þ � � � þMSðyBðnÞÞ

MSðN1ðnÞÞ þMSðN2ðnÞÞ þ � � � þMSðNBðnÞÞ

¼ MSðyðnÞÞPB
j¼1MSðNjðnÞÞ

ð8Þ

The maximum value of SNRSpect in Eq. (8) is obtained by minimiz-
ing the MS value of the noise Nk(n) within each sub-band,

NjðnÞ ¼minfMSðNiðnÞÞg; i 2 ½1;M�: ð9Þ

This new method leads to an increase in the SNR expressed as

DSNR ¼ SNRSpect

SNRStand
¼ MSðNðnÞÞPB

j¼1MSðNjðnÞÞ
P 1 ð10Þ

where Nj(n) is defined by Eq. (9), and SNRSpect and SNRStand are
the SNR of the Spectral MLS technique and the standard MLS tech-
nique, respectively.

The hybrid MLS technique corresponds to the interconnection
of the segmented MLS and spectral MLS methods. This technique
is viewed as an acoustic energy time/frequency map split by cells
corresponding to the windowed segments analyzed in frequency
bands. The assembly of new MLS frames by choosing the cells
belonging to deeper valleys (time/frequency segments with lower
energy) yields to better results than the standard MLS technique
g the sequence with the lowest sub-band energy.



Fig. 3. Complete block diagram for the hybrid MLS technique for the analysis/processing of a segment and accumulation, ai(n) with the homologous segment from the
previous frame.
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for high levels and non-stationary noise profiles. This result is clo-
sely related to the noise profile and time variance occurrence,
though for achieving a pre-defined SNR value or a magnitude fre-
quency response error, fewer MLS frames are required for the aver-
aging process.

In this technique, from each set of M sequences a new one is
built, providing it has the lowest energy. However, this procedure
may lead to worse results than those exhibited by the standard
averaging technique (by summing up all the sequences) in situa-
tions where several frames or homologous segments (segments
corresponding to the same position in different frames) share
low energy noise. To improve the performance of the hybrid MLS
technique, a threshold level is applied to the energy cells as a deci-
sion-making rule for rejecting segments. All the segments showing
energy lower than this threshold value are used to build new hy-
brid MLS frames, thus, increasing the overall SNR with the applica-
tion of the averaging technique. Replication of the segments in the
case of incomplete frames is possible. Although the replicated seg-
ments do not contribute to increasing the SNR, there are others
with different noise profiles. The increase in the SNR depends on
the ratio between the different segments and the replicated seg-
ments. Thus, the final SNR strictly depends on the particular situa-
tion. The complete block diagram for the hybrid MLS technique is
depicted in Fig. 3.

3. Experiments

The acoustical tests were performed in a small room with
dimensions of approximately 6 m � 4 m � 3 m
(L �W � H) = 72 m3 with a mid-frequency RT60 of about 0.6 s.
The measurement setup consisted of a dedicated software platform
composed of modules to generate the MLS signal and implement
the hybrid MLS technique; a PC with a stereo sound card; a sound
source; and an omni-directional 1/2-in. (12.6 mm) type 1 con-
denser microphone, in accordance with the recommendations de-
scribed in the ISO 3382 standard.

The assessment of the hybrid MLS technique was carried out by
using eight non-consecutive frames, M. Two MLS frame duration,
was tested for comparison purposes. All the frame durations had
to be longer than the RT60 to avoid the time aliasing effect. Thus,
a frame duration of about the RT60 and several times the RT60
was applied. The sequence length, L, of 32,767 and 131,071 sam-
ples (corresponding to a sequence order, K = log2(L + 1), of 15
and 17, respectively), with the sampling frequency, fs, of
44,100 Hz met this requirement, since the sequence duration, L/
fs, is about 0.74 s and 2.97 s. All the tests were evaluated with
16 bits/samples.

Different types of disturbance signals and different SNR values
were used. Optimal segment length was also investigated. The best
results were produced by the sequence length of 1024 samples for
speech and 2048 samples for music signals.

The hanning window type with 50% overlap was chosen since it
is a suitable compromise between passband frequency response
and side lobe rejection.

The tests were conducted on the full audio band, for the fre-
quency spectrum split into four complementary frequency bands
or into octave and 1/3 octave bands.

A FIR filter type of 550th order was used for the implementation
of the complementary band-pass filters of the filter banks due to its
linear phase. With the full audio band, care was taken in setting up
the filter bank for the narrow bandwidth of the band-pass filters
for the octave and 1/3 octave bands. Significant discrepancies
among the filter coefficients and their very small values (close to
zero) are noted, implying appreciable degradation of the filtered
signals, mainly in low frequency bands. These obstacles were
avoided by using multi-rate filtering techniques with two different
sampling frequencies: 4410 samples/s for the first four octave
bands (or for the first twelve on the 1/3 octave bands) and
44,100 samples/s for the remaining filter bands.

In order to guarantee reliable results, the input and the output
signals were synchronized. Only the first sequence needs to be syn-
chronized, since all the others refer back to the first. Thus, we took
into account (i) the output/input latency of the audio cards chan-
nels in simultaneous playing/recording mode and (ii) the direct
sound propagation delay inside the room. Since autocorrelation
methods lead to poor results owing to the low SNR used in the
experiments an alternative procedure was applied. The first prob-
lem was solved by connecting the audio card line out R (right out-
put) with the MLS test signal, directly to the audio card Line In R
(right input), with an appropriate gain level adjustment. This
arrangement avoids the problem of having to know with precision
the starting point of each sequence due to the operating system
and sound board latency, which depend on the particular com-
puter configuration. The sound propagation time was estimated
by measuring the distance between the sound source and the
microphone devices. Although error occurs in measuring the exact
distance, especially in large rooms, this error can be overlooked in
light of the MLS frame length and if concatenated sequences are
applied, as explained in Section 2. For instance, an error of 1 meter
corresponds to a slice between frames of about 130 samples (for
the sampling rate of 44,100 Hz )at normal ambient temperature.
At worst, this delay represents a minor degradation on the cross-
correlation peak (the peak value is reduced by the same amount
of the delay, in samples, with a time shift of the same amount).

In order to keep the magnitude frequency response as linear as
possible, and to guarantee suitable acoustical power to avoid loud-
speaker distortion, an adequate equalization of the whole mea-
surement set-up was applied [15–19]. However, since this study
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is focused on comparing the performance of two different tech-
niques, the test conditions were kept the same, thus reducing the
importance of this issue.

In order to inspect the SNR dependence on the MLS signal
parameters, several tests were carried out. Only speech and music
tracks were used as noise signals, given their long-term non-sta-
tionary statistic properties. Also we were interested in studying
the minimization of disturbance to audiences by using signal tests
during live performances. Fig. 4 shows the SNR gain of the hybrid
MLS technique against the standard MLS technique, or equiva-
lently, the standard MLS to the hybrid MLS background noise ratios
(the test signal acoustic power is the same for both techniques), for
different types of added ambient noise.

We shall now discuss our conclusions regarding MLS frame
length. For the sequence order of K = 17 (bottom figure) there is
an increase in the SNR gain of about 9 dB for speech signal and
3 dB for music compared to the sequence order of K = 15 (top fig-
ure), at least for the values of SNR centered on �6 dB. This means
that if the sequence length is increased, there is better chance of
finding segments with lower energy; therefore, more noise compo-
nents are excluded. Apparently, for low input SNR values (below
�9 dB) and for K = 17 better results are achieved for all kind of sig-
nals (this can easily be seen by the shape of each set of curves re-
lated to the different MLS order).

The results in Fig. 4 show that the improvement of SNR yielded
by the hybrid MLS technique, when compared to the standard MLS
technique, is significant even in the case of moderate SNR, up to
0 dB. For high SNR values above 0 dB, the noise energy is low; thus,
both techniques can lead to good results. For very low SNR, below
�12 dB, the noise severely contaminates the test signal, thus inval-
Fig. 4. SNR gain of the hybrid MLS technique against the standard MLS technique vs. inp
classical music (�), (iii) jazz (�) and, (iv) rock music (h). The topmost figure correspond to
the segmented ML sequence and the 2nd and the 3rd columns to the spectral ML seque
idating the measurements for both techniques in most cases. Over-
all, the hybrid MLS technique always led to better results when
compared to the standard MLS technique.

As can be expected, the results depend closely on the type of
noise. The best results were obtained with speech. This is ex-
plained by the strong non-stationary behavior of speech signals
and their short bandwidth when compared to the broad band of
musical signals. The time envelope of the speech signals allows
the segmented MLS algorithm time analysis to find lower energy
segments, and the short-term stationary voiced part, made up
essentially of tonal components, is analyzed by the filter bank
using the Spectral MLS algorithm.

An additional experiment was conducted using a John F.
Coltrane jazz track for disturbance with several input SNR values.
Fig. 5 shows the results for the estimation of the RIR magnitude
frequency response (left side) and RIR energy decay (right side).
Fig. 5a1 and a2 correspond to the segmented MLS technique – full
audio band; (b1), (b2): octave bands; (c1), (c2): 1/3 octave bands.
The input SNR was (i) �9 dB – in green and (ii) �15 dB – in red.

Fig. 5, right side, also depicts the linear regression of the energy
decay curve for the estimation of the RT60 and the background
noise energy, only the initial part of the RIR (up to about 0.17 s)
is shown for simplicity. The SNR is estimated by the gap between
the maximum energy and the noise floor values given by these
straight lines.

The results show that for the standard MLS technique, the error
of the estimated RIR is considerably higher – up to 15 dB – over a
wide frequency range. This technique is more vulnerable to the low
frequency bands, with the first two octave bands showing a mag-
nitude deviation of about 20 dB. For the segmented MLS technique
ut SNR. The curves correspond to different types of ambient noise (i) speech (D), (ii)
a sequence order of K = 15 and the bottom figure to K = 17. The first column refers to
nce.



Fig. 5. Estimated RIR magnitude response and RIR energy decay using the coltrane jazz track as noise. The exact response corresponds to the black curve. hybrid MLS
technique – filled curves, standard MLS technique – dotted curves. Horizontal straight lines – background noise energy and sloped lines – linear regression of the energy
decay curve from the early part of the RIR.

Table 1
Estimated RT60 and background noise

RT60 (s) Backg noise (dB)

Exact 0, 51 –
Hybrid MLS Broadband 0.87 0.61 �44.2 �39.2

Octave bands 0.68 0.58 �46.3 �42.8
1/3 Octave 0.61 0.58 �46.9 �43.8

Standard MLS 2.45 0.87 �40.5 �34.9
�15 (dB) �9 �15 �9
SNR
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(full audio band), the error is reduced to about 6 dB and for the
Spectral MLS technique to 1 dB for a narrower frequency range.

The improvement on the estimated RIR Energy Decay provided
by the hybrid MLS technique is significant. A figure of about 9 dB
was achieved for the SNR gain. Fig. 5 further shows that with the
standard MLS technique, the slope deviation from the exact curve
indicates unreliable results for the RIR Energy Decay, thus invali-
dating the acoustical measurements. In contrast, with the hybrid
MLS technique, the decay energy lines are quite coincident and
produce minimal error. In situations of very low SNR, the criteria
for defining the end point time for the estimation of the energy de-
cay slope is usually a difficult task. In this study, this point was de-
fined by inspection of the energy decay curves. The estimated RT60
and background noise energy for the different techniques are sum-
marized in Table 1. Although these parameters are dependent on
the noise profiles, the estimated results are representative enough
to evidence the benefits of the new technique.
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4. Discussion

4.1. Time domain analysis

The results show that with the hybrid MLS technique there was
an increase in the SNR for all situations tested. With all the types of
signals used, while maintaining the same SNR, the background
noise level was lower than for the standard MLS. This is borne
out by the horizontal straight lines (linear regression of back-
ground noise energy of the RIR) for the estimated RIR Energy Decay
curve in Fig. 5.

A SNR gain of about 18 dB was achieved for speech situations.
By increasing the noise bandwidth and using signals with a more
stationary time history, such as music material, the SNR gain
dropped to less than 5 dB.

The RT60 can be obtained from the oblique straight lines eval-
uated from the early part of the estimated RIR Energy Decay curve.
For an input SNR = �15 dB, the standard MLS technique cannot
estimate the RT accurately. On the other hand, with the new tech-
nique minimal error is obtained.

4.2. Frequency domain analysis

The results clearly show the influence of the spectrum of the
noise component. For the standard MLS technique, the noise spec-
trum appears almost in the same original frequency range. How-
ever,, the hybrid MLS technique spreads the noise components
over a large range of the audio spectrum. This indicates a better in-
tra-sequence noise decorrelation owing to a rearrangement of the
segments among the sequences.

The RIR estimation is almost identical to the exact RIR curve,
when speech is used. For rock music situations the results were
not as good. This is a consequence of the spectral noise contents.
Nevertheless, in the high frequency bands, the error was found to
be negligible. These conclusions can be derived by the RIR magni-
tude frequency response and by the magnitude response error (not
presented in this paper).

By splitting the audio spectrum into several bands, the Spectral
MLS technique significantly reduces the noise influence, thereby
increasing the gain of the SNR by a 6 dB figure in some cases.

5. Conclusions and final remarks

A modified MLS measurement method, termed as the hybrid
MLS technique, comprising approaches both in the time and in
the frequency domains, was developed. This technique is applied
to situations where the acoustical room parameters have to be
measured under conditions of non-stationary ambient noise, for
low or very low SNR, and subtle time variance.

In our experiments, the results obtained under real conditions
using the hybrid MLS technique fared better than those achieved
using the standard MLS technique, since they resulted in a signifi-
cant increase in the SNR and lower magnitude frequency response
error.

Experiments were conducted for the full audio band, for octave
and 1/3 octave bands. Different types of noise (speech, classical
music, jazz and, rock music) with different SNR values were used.
The sequence order was also investigated for comparison purposes.
The results of our experiments showed that SNR improvement is
highly dependent on the type of the real performance signal. For
example, for speech, a SNR gain of the hybrid MLS technique over
the standard MLS technique of about 24 dB can be obtained. In the
case of jazz, the SNR gain approaches 10 dB. For rock music, a fig-
ure of 6 dB is achieved. These results are linked to the time fluctu-
ations of the signals and their bandwidth when compared to the
broadband musical signals. For speech signals, the proposed algo-
rithm finds segments with lower energy and the vowel part, essen-
tially made up of tonal components, which are analyzed more
efficiently by the filter bank.

The estimated magnitude frequency response and the energy
decay of the RIR were investigated, and the error associated with
the hybrid MLS technique was shown to be lower than with the
standard MLS technique.

For a pre-defined overall SNR, with the measurement setup ad-
justed accordingly, a lower number of MLS frames need to be sent
to the room being tested. This fact constitutes a noteworthy advan-
tage over the standard MLS technique in situations of slight time
variance.
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