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Abstract— Separation of heart and lung sounds from breath  domain, henceforth termed modulation frequency domain,
sound recordings is a challenging task due to the temporal ah  enhanced separability of heart and lung sounds is attained.
spectral overlap of the two signals. In this paper, the use 0& | inaqr phase bandpass and bandstop modulation filters are

spectro-temporal representation to improve signal separéon . - .
is investigated. The representation is obtained by means of designed to separate HS and LS signals, respectively. We

a frequency decomposition (termed modulation frequency) o €mphasize that the proposed method, unlike many methods
temporal trajectories of short-term spectral componentsExper-  proposed in the literature, does not depend on a reference
iments described herein suggest that improved separabifitof  heartbeat signal (commonly obtained from an electrocar-
heart (HS) and lung sounds (LS) is attained in the modulation diogram), on heart sound localization, or on lung sound

frequency domain. Bandpass and bandstop modulation filters - . . .
are designed to separate HS and LS signals from breath prediction. Experiments with data from two healthy sulgect

sound recordings, respectively. Visual and auditory inspetion, ~ suggest that accurate signal separation is attained and tha
quantitative analysis, as well as algorithm execution timeare  audible artifacts ar@ot introduced by the proposed separa-

used to assess algorithm performance. Log-spectral distaes tjon method. Moreover, it is shown that algorithm execution
below 1 dB corroborate our listening test which found no  ime js approximately one order of magnitude lower than a
audible artifacts in separated heart and lung sound signals HS cancelation algorithm based on time-frequency filtering

Index Terms: Spectro-temporal processing, modulation fil- 1h€ remainder of this paper is organized as follows.
tering, modulation spectrum, heart sounds, lung sounds. Section Il introduces the spectro-temporal signal represe
tation. Section Ill describes the proposed modulationrfilte

l. INTRODUCTION ing methodology and experimental results are presented in

Auscultation of lung sounds is a useful procedure foBection IV. Lastly, conclusions are presented in Section V.
detection of pulmonary diseases. Lung sounds (LS) in breath
sound recordings, however, are corrupted by intrusiveiquas”' SPECTRO TEMPORAL REPRESENTATION OFBREATH
periodic heart sounds (HS), which alter the temporal and SOUND RECORDINGS
spectral characteristics of the recording. Heart sound can Spectro-temporal processing consists of the frequency
celation is a difficult task as both HS and LS signals havdecomposition otemporal trajectories of short-term signal
overlapping frequency spectra, in particular at frequesici spectral components, as illustrated in Fig. 1 (a). The breat
below 150 Hz. The simplest method to reduce HS effects #ound recording is windowed and a base transform (e.g.,
to apply a highpass filter with cutoff frequency varying fromFourier transform) is applied to generate the time-fregyen
50-150 Hz. However, due to overlapping LS/HS spectrgtermed acoustic frequency to distinguish from modulation
highpass filtering also degrades the LS signal, which mdyequency) representation of the signal. A second transfor
lead to an erroneous diagnosis of pulmonary dysfunction.termed modulation transform, is then applied to the temlpora

More complex methods toeduce (or cancel) HS from trajectory of the magnitude component of each acoustic fre-
breath sound recordings have been described in the lguency signal. The resulting modulation spectrum contains
erature. Proposed methods have been based on adaptifermation regarding the rate of change of signal spectral
filtering techniques [1], wavelet denoising [2], combioati components. Note that if invertible transforms are used and
of HS localization-and-removal and LS prediction [3], time phase components are kept unaltered, the original signal ca
frequency filtering [4], or independent component analysibe perfectly reconstructed [7].
[5], to name a few. Several such approaches have beenThe assumption investigated here is that the spectral
shown to reliably reduce HS effects [6]. Subjective analysi content of heart sounds change at rates different from that
however, has suggested that due to the temporal and spectflthe spectral content of lung sounds. Our experiments
overlap between heart and lung sounds, HS reduction may feave suggested that important modulation spectral coofent
sult in noisy or possibly “non-recognizable” lung soundg [6 heart sounds typically fall between approximately 2-20 Hz.

In this paper, we venture away from conventional tempordlung sounds, on the other hand, are shown to be broadband
and/or spectral signal representations and explore using with more important modulation frequency content situated
alternate spectro-temporal representatiosgf@arate HS and  at low frequencies< 2 Hz); such behavior is expected due
LS signals from breath sound recordings. In the proposed the “stationarity” of lung sounds. The modulation spactr



B Breath Soundﬁ
EREETE

Base Transform

o
o
S

500

1 1 ‘ LS

)

N
o
S

~ 400

w
o
S
w
=]
]

IN)
o
S

200

Acoustic Frequency (Hz
Acoustic Frequency (Hz,

N
o
S

f (acoustic freq.)
f (acoustic freq.)

S
o
12}
c
o
=
c
8
=
=
=}
<}
=

fm (modulation freq.) 0 LY LG )
temporal trajectory 0 5 10 15 20 25 30 0 5 10 15 20 25 30
of a spectral component Modulation Frequency (Hz) Modulation Frequency (Hz)

(@) (b) (©

Fig. 1. Modulation spectral analysis — (a) signal processiteps, and the spectro-temporal representation of ahbseaind recording with (b) showing
mostly LS, and (c) showing overlapping HS and LS. Modulatipectral plots are zoomed in to depict acoustic frequermésy 500 Hz.

m (time)

shown in Fig. 1 (b) and (c) assist in illustrating this beloavi
Subplot (b) depicts the modulation spectrum of a segment of
the breath sound recording containing mostly LS (recorded
at the right 4" intercostal space during high airflow rate).
Subplot (c) depicts the modulation spectrum of a segment
of breath sound recorded at the center of the chest during
medium airflow, thus containing both HS and LS. As noted,
both signals contain important (and overlapping) freqyenc 02l
content at acoustic frequencies ranging from 15-50 Hz. The
modulation frequency axis, however, introduces an adtifio °
dimension at which improved separability can be attained.

As a consequence, modulation filtering is proposed to tyinf:“Fig. 2. Magnitude response of bandpass and bandstop mioduféters.
separate heart and lung sounds from breath sound recordings
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[1l. M ODULATION FILTERING: METHODOLOGY of each frequency bin are input to a so-called “modulation

Modulation filtering is described as filtering of the tem_processmg“ quulg. )
poral trajectories of short-term spectral components. For Modulation filtering and phase delay compensation are
the sake of notation, les(f,m), f = 1,...,N and performed in the modulation processing module. The “per

m=1,...,T, denote the short-term spectral component dféduency bin” magnitude trajectofy(f, m)[,m = 1,....T
the f*» frequency bin andn® time step of the short-term IS filtered using the pandpass and the bandstop modulation
analysis.N and T denote total number of frequency bandditers to generate signalg(f,m)| and |s(f,m)|, respec-
and time steps, respectively. For a fixed frequency barflyely: The remaining modulation processing step consists
f=F, s(F,m),m = 1,...,T, represents thé""" band of delaying the phase by an integer number of samples; the
temporal trajectory. Two finite impulse response modutatiod€lay is dependent on the order of the linear phase filter used

filters are employed and depicted in Fig. 2. The first is &more details in Section 1I-B). The outputs of the modati

bandpass filter with cutoff modulation frequencies at 1 HProcessing modules are the bandpass and bandstop filtered

and 20 Hz (dotted line); the second is the complementafjdnals and the delayed phase componefsf,m). Two

bandstop filter (solid line). Modulation frequencies above' PoInt IDFTs are then taken. The first IDFT (namely

20 Hz are kept as they are shown to improve the naturaing@ T-1) takes as input th/ [3(f, m)| andZ5(f, m) signals

of separated LS signals. to generates(m). Similarly, IDFT-2 takes as input signals

|5(f,m)| and Z5(f, m) to generates(m). The outputs of

A. Signal Processing the IDFT-1 and IDFT-2 modules are windowed by the

In our experiments, the Gabor transform is used fopower complementary window and overlap-and-add is used

spectral analysis. The Gabor transform is a unitary transfo to reconstruct HS and LS signals, respectively.
(energy is preserved) and consists of an inner product wi
basis functions that are windowed complex exponentials.
our experiments, doubly over-sampled Gabor transforms areln our experiments, a square-root Hann window of length
used and implemented based on discrete Fourier transfor@® milliseconds with 50% overlap (frame shifts of 10 mil-
(DFT), as depicted in Fig. 3. First, the breath sound reogydi liseconds) is used for the Gabor transform. In order torattai
is windowed by a power complementary window (moreaccurate resolution at 1 Hz modulation frequency, higher
details in Section IlI-B). AnN-point DFT is then taken and order filters are needed. Here, 150-tap linear phase filters
the magnitudelé(f, m)|) and phase4s(f, m)) components are used; such filter lengths are equivalent to analyzing 1.5

ﬁ. Implementation Details
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Fig. 3. Block diagram of the proposed modulation filteringorgach to blind HS separation from LS recordings.

temporal trajectories. Moreover, it is observed with baas#p B. Experimental Results

filtered signals that the r_emoval _of lowpass modulation 114 proposed method is tested on breath sound signals
spectral content may result in negative power spectrabgalu contred at the five aforementioned locations. For the sake
As with the spectral subtraction paradigm used in speegh brevity, the plots in Fig. 4 depict signals recorded at

enhancement algorithms, a half-wave rectifier can be useghe center of the chest; similar performance is observed
Rectification, however, may introduce unwanted perceptugl, signals captured at the other four locations. Subplot

artifacts to the sgparated HS_signaI. To avoid such ar$i;fac a) depicts, from top to bottom, the airflow signal, breath
one can opt to filter the cubic-root compressed magnitu

) Lo X x . und signal, and the separated HS and LS signals. Note
trajectories in lieu of the magnitude trajectories. In such 4 yg signals are accurately separated even at high flow

instances, cubic power expansion must be performed pripfies Moreover, subplot (b) illustrates zoomed-in pldta o

to taking the IDFT. In our experiments, cubic cOMPressionseqment of low airflow breath sound along with the separated
expansion of bandpass filtered signals is used and ne@igifis 5nq Ls signals. As observed, HS and LS signals are

rectification activation rates<(2%) are obtained. accurately separated even at low airflow rates.

Spectral plots are further depicted in Fig. 5. Subplot (a)
illustrates the spectra of “HS-free” breath sounds and the
In this section, a description of the data used in oUgeparated LS signal. Power spectra are averaged over 5 s of
experiments is given and experimental results are predentgS-free breath sounds, which were randomly selected from
. segments of the breath sound recording between successive
A. Data: Breath Sound Recordings heartbeats (selected segments were withi20% of the
The University of Manitoba breath sound recordings arearget low airflow rate). Similarly, subplot (b) depicts eage
used in our experiments; the data has been made publiggwer spectra of breath-hold sounds and the separated HS
available by the Biomedical Engineering Laboratory. Data isignal. Power spectra are averaged over the approximate 5 s
obtained from two healthy subjects aged 25 and 30 yeaisreath-hold duration at the end of the recording session.
Piezoelectric contact accelerometers were used to recdrd order to quantitatively assess the performance of the
the respiratory sounds from the subjects in sitting pasitio proposed method, the average log-spectral distance (LSD)
Accelerometers were secured with double-sided adhesigetween the aforementioned breath sound speetrg and
tape rings at the following five locations: (1) right and (2)separated signal specl‘f%(w) is used. The LSD, expressed
left midclavicular, 2nd intercostal space, (3) right anjllédt  in decibel, is given by
4th intercostal space, and (5) center of chest.
Subjects were asked to maintain their target breathing 1 /

IV. EXPERIMENTS
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at low (7.5 ml/s/kg), medium (15 ml/s/kg), and high (22.5 o
ml/s/kg) flow rates. Subjects were instructed to breathé suc

that one full breath occurred every two to three seconds In speech coding research, two signals with 1<SDdB

at every flow rate and had at least five breaths at eactie considered to be perceptually indistinguishable [S]nYy
target flow. Three recordings were made per subject arbis same difference limen for spectral transparency, it is
each recording consisted of approximately 20 s at eachttargéserved that average LSD of 0.61 dB and 0.31 dB are
flow and concluded with an approximate 5 s of breath holdttained for the separated LS and HS signals, respectively.
(total of ~ 65 s). During breath hold, subjects were askeéfience, audible artifacts are not introduced by the proposed
to hold their breath with a closed glottis, thus allowing for separation method,; this is further corroborated by listgni
reference heartbeat signal and background noise charactée the separated LS and HS signals.

zation. Breath sound signals were digitized with 10240 Hz ) ]

sample rate and 16-bit precision. In our experiments, dafa A Note on Algorithm Execution Time

is downsampled to 5 kHz in order to reduce computational Algorithm execution time is also an important figure of
complexity. More detail about the data acquisition processerit. The proposed algorithm is implemented using Matlab
can be found in [8]. version 7.2 Release 2006a. Simulations are run on a PC

dw. (1)
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Fig. 5. Spectral plots of breath sounds and (a) separatechdSt8 HS signals.

with a 2.8 GHz Pentium 4 processor and 2 GB of RAMexecution time is reduced by approximately one order of
The execution time for heart and lung sound separation afagnitude relative to a state-of-art HS cancelation allyori

a 65 s breath sound recording, downsampled to 5 kHz, msed on time-frequency filtering.

approximately 5.04 s (i.e., 0.88ealtime); execution time
doubles if the original sampling rate is used. Furthermore,
if 0n|y bandstop f||ter|ng is performed (equiva'ent to HS[].] L. Hadjileontiadis ar]d S. Panas, “Adap_tiv_e reductionha!art_sounds
cancelation), algorithm execution time is reduced to 3.16 s frcglméﬂggiglums ?;'_ng’f%;r_t%fzrﬂgagfa;ﬁ@dfg%Tra”s on Biomed-
for 5 kHz sample rate. Hence, the computational load gf] D. Flores-Tapia, Z. Moussavi, and G. Thomas, “Heart sboancella-
the proposed a_|gorithm is several orders of magnitude lower tion _basec_i on multiscale products and linear predictidBEE Trans.
than that reported in [4] for HS cancelation algorithms Uase([i3] gn 2'52%;?’“ OE_ n%'i’lj;’?e'idfflb_n%uft” F;?]'dzgﬁzsf’mﬁgghzgg'Cancel_
on adaptive filtering (12 h), wavelet denoising (7 min), and  lation from lung sound recordings using recurrence timéssies and
time-frequency filtering (2 min) using a similar 60 s breath gon"ﬂeaf prediction,"IEEE Signal Proc. Letters, vol. 12, no. 12, pp.

. . 12-815, Dec. 2005.
sound recordlng with 10240 Hz sample rate. [4] M. Pourazad, Z. Moussavi, and G. Thomas, “Heart soundei&tion

from lung sound recordings using time-frequency filtefingpurnal of
V. CONCLUSION Medical and Biological Eng. and Computing, vol. 44, no. 3, pp. 216—
. 225, March 2006.
Conventional approaches to heart and lung sound segsf- J.-C. Chien, M.-C. Huang, Y.-D. Lin, and F.-C. Chong, “fidy of heart
ration are based on temporal or spectral signal processing sound and lung sound separation by independent componalysin

; ] ] technique,” inProc. EMBS Intl. Conf., Sept. 2006, pp. 5708-5711.
teChmques' A major dlsadvantage of such approaCheS’ hOﬁéﬁ- J. Gnitecki, |. Hossain, H. Pasterkamp, and Z. Mouss&yialitative

ever, is that both sound signals overlap in the time and and quantitative evaluation of heart sound reduction framglsound
frequency domains. In this paper, we have proposed an alter- fecngdggtsl"zggg Trans. on Biomedical Eng., vol. 52, no. 10, pp. 1788—
nate sp_e.ctro-ter_nporall signal representanon which intred [7]1 M. Vinton and L. Atlas, “A scalable and progressive audiodec,”
an additional dimension (termed modulation frequency) at’ in Proc. Intl. Conf. Audio, Speech, and Signal Proc., May 2001, pp.
which improved signal separability can be attained. Visu%] &275_32806 .- £ Farahmand. and R. Ward. fisand
. . . . . . . Pourazad, Z. ivloussavl, F. Faranmand, an . vwara, nas
mspecf[lor_l suggests successful 5|gnal separf_zltlon. W' separation from lung sounds using independent componetysisy”’
analysis is used to demonstrate that audible artifacts are in Proc. IEEE Intl. Conf. Eng. in Medicine and Biology, Sept. 2005.
not introduced to separated heart and lung sounds; infornd@l W. B. Kleijn and K. K. Paliwal, Eds.Speech Coding and Synthess.

. ; - . Amsterdam: Elsevier, 1995.
listening tests corroborate such findings. Moreover, dtigaor msterdam: Eisevier

REFERENCES



