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Optimal Speech Enhancement Under Signal Presence
Uncertainty Using Log-Spectral Amplitude Estimator

Israel CohenMember, IEEE

Abstract—in this paper, we present anoptimally modifiedlog- a priori SNR, and propose an efficient estimator for the
spectral amplitude estimator, which minimizes the mean-square a priori SAP. The spectral gain function is obtained as a
error of the log-spectra for speech signals under signal presence weighted geometric mean of the hypothetical gains associated

uncertainty. We propose an estimator for thea priori signal-to- . . L . .
noise ratio (SNR), and introduce an efficient estimator for thea with signal presence and absence. Eheriori SAP is esti-

priori speech absence probability. Speech presence probability ismated for each frequency bin and each frame by a soft-decision
estimated for each frequency bin and each frame by a soft-decision approach, which exploits the strong correlation of speech

approach, which exploits the strong correlation of speech presence presence in neighboring frequency bins of consecutive frames.
in neighboring frequency bins of consecutive frames. Objective and gpiactive and subjective evaluation in various environmental
subjective evaluation confirm superiority in noise suppression and diti how that th d dificati his ad
quality of the enhanced speech. conditions show that the proposed modification approach is ad-

vantageous, particularly for low input SNRs and nonstationary
noise. Excellent noise reduction can be achieved even in the
most adverse noise conditions, while avoiding musical residual
noise and the attenuation of weak speech components.

Index Terms—Estimation, spectral analysis, speech enhance-
ment.

I. INTRODUCTION

ECENTLY, the use of a soft-decision gain modification Il. OPTIMAL GAIN MODIFICATION

in speech enhancement algorithms has been the object dfet z(»n) andd(n) denote speech and uncorrelated additive

considerable research. While traditional spectral enhancemeaise signals, respectively. The observed sigia) is divided
techniques estimate the clean speech spectrum under spésichoverlapping frames by the application of a window function
presence hypothesis, a modified estimator, which incorporatesd analyzed using the short-time Fourier transform (STFT).
thea priori speech absence probability (SAP), generally yielda the time-frequency domain we ha¥gk, ¢) = X(k, £) +
better performance [1]-[5]. D(k, ¢), wherek represents the frequency bin index, drttie

The log-spectral amplitude (LSA) estimator, developed Hyame index. Given two hypotheseH (%, ¢) and H,(k, ¢),
Ephraim and Malah [6], proved very efficient in reducing muwhich indicate respectively speech absence and presence, and
sical residual noise phenomena. Its modification under sigredsuming a complex Gaussian distribution of the STFT coeffi-
presence uncertainty is obtained by multiplying the spectral gaiients for both speech and noise [2], the conditional PDFs of the
by the conditional speech presence probability, which is estibserved signal are given by
mated for each frequency bin and each frame [4]. Unfortunately, 1
the multiplicative modifier is not optimal [4]. Moreover, the in- p(Y (k, £)|Ho(k, £)) = ——— exp {

. . L ) mAq(k, £)

teraction between the estimate for theriori signal-to-noise
ratio (SNR) and the estimate for thepriori SAP may deterio- Y(k, O)|Hy(k, £)) = 1
rate the performance of the speech enhancement system [3], [% ’ ’ w(Ag(k, £) + Aa(k, £))
8l | | o { Yk, 0) }

An alternative approach [5] is to use a small fixagbriori “exp{ — (1)
SAP,q = 0.0625, and a multiplicative modifier, which is based Aa(k, £) + Aa(k, £)
on theglobal conditional SAP in each frame. This modifier isyhere A, (k, £) £ E[|X(k, £)?|Hy(k, )] and Ag(k, £) 2

applied to thea priori anda posterioriSNRs. However, such a gy p(x, £)|?] denote respectively the variances of speech and
modification is inconsistent with the statistical model, and maysise. Applying Bayes rule, the conditional speech presence

not be sufficient due to the small valuegpénd the influence of o A :
robability p(k, £) = P(H(k, £)|Y (k, £)) can be written as
a few noise-only bins on the global SAP. FZ] yp(k. £) (Ha(k, O (k. £))

In this paper, we present aoptimally modified LSA L
- i i i k, £ h
(OM-LSA) estimator. We introduce a new estimator for the,; y _ {1 e z(qék)z) (1+ €0k, £)) exp(—v(k, E))}

Y (&, £)|2}
)‘d( ) K)
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Let A = |X| denote the spectral speech amplitude, and TABLE |
its optimal estimate. Assuming statistically independent spectralVA-VES OF PARA""'ESTPF;ESCL:‘SAEB[’SESSET;REO?Q’:’?RON OF THE A PRIORI
components [6], the LSA estimator is defined by

2 A ﬁ =0.7 Cmin = —10dB Cpmin = 0dB
Ak, £) = exp{E[log A(k, O)|Y (k, O)]} = G(k, O]Y (K, £)]. Wiocal =1 Cmae = —5dB (pmax = 10dB
(©) Wylobal = 15 @maz = 0.95  hy: Hanning windows

Based on the statistical model
1 — g(k, £) may introduce interaction between the estimated

Ellog A(k, £)|Y (K, £)] q(k, £) and thea priori SNR, generally deteriorating the

= Ellog A(k, O)|Y (k, £), Hi(k, O)]p(k, £) performance of the speech enhancement system [3], [7], [8].

AT . . S In [3], [10], it was suggested to simply estimate theriori
+ Ellog A(k, D)|Y (k, £), Ho(k, £)](1 k,£). 4
Llog Ak, DY (R, £), Holk, DI =p(k, ). (4) SNR by=(k, £), rather tharE(k, £)/(1—q(k, £)), even though

When speech is absent, the gain is constrained to be larger ttinlatter better approximates an unbiased estimat&(for¢).
a threshold?,,;,, which is determined by a subjective criteridHere, we propose the following estimator:
for the noise naturalness. Accordingly, é’(k, 0= aG%{l(/ﬂ, 0= gk, £ —1)

exp{E[logA(k, £)|Y(k7 Z)v HO(kv E)]} = Gmin . |Y(k7 £)| + (1 - Oé) max{fy(k, K) — 1, 0} (10)

) The use ofGy, (k, £ — 1), instead ofG(k, ¢ — 1), boosts the
When speech is present, the conditional gain function, defing@in up when speech is present, which provides a compensation

by for not dividing byl — g(k, ¢). By definition, if H, (k, ¢) is true,
then the spectral gai@(k, £) should degenerate Gy, (k, £),
exp{ Elog A(k, £)[Y (k, £), Hi(k, £)]} and thea priori SNR estimate should coincide wii{%, £). On

=Gy (k0 -|Y(k, )| (6) thecontrary,ifHo(k, {) is true, thenG(k, £) should decrease
. . _ to Guin, OF equivalently the priori SNR estimate should be as
is derived in [6] to be small as possible. This is satisfied more favorably by the pro-

£k, 0) 1 o et posed¢ rather than bye/(1 — ¢) [8].
G (k, 0) = —2" _exp| = —dt|. (@
1+ ¢(k, £) 2 o0 IV. A PRIORISAP ESTIMATION

Substituting (5) and (6) into (3), the gain function for the In this section we derive an efficient estimagg#:, ¢) for the

OM-LSA estimator is obtained by a priori SAP. This estimator uses a soft-decision approach to
o0 AL=p(k,©) compute three parameters based on the time-frequency distri-
Gk, O) ={Gu, (k, O} - G (8)  bution of the estimated priori SNR, £(k, £). The parameters

It is worthwhile mentioning that trying to optimally modify exploit the strong correlation of speech presence in neighboring

the spectral gain function for the LSA estimator without takingefutenzy Embs of conset_:utwe frames% theoriori SNR with
into account a lower bound threshold,(;,,) results in a non- et¢(k, £) be arecursive average of taeriori with a

multiplicative modification, which fails to provide a meaningfultime constanti
improvement over using'y, alone [4], [6]. Cky ) = Bk, £ — 1) + (1= B)E(k, £—1). (11)

. A PRIORISNR ESTIMATION By applying local and global averaging windows in the fre-
guency domain, we obtain, respectively, local and global aver-

In this section we address the problem of thpriori SNR ages of thea priori SNR:

estimation under speech presence uncertainty.
The decision-directed approach, proposed by Ephraim and

wy

Malah [2], provides a useful estimation method for ghgriori (b, £) = : Z ha(D)C(k =i, £) (12)

SNR. Accordingly, if speech presence is assufigéhl, £) = 0), T

then the expression where the subscript designates either “local” or “global,” and
h, is a normalized window of siz8w, + 1. We define two

Sk, £) = aG?(k, £ = 1)y(k, £ = 1) parametersk;o.q:(k, £) and Pyopa(k, £), which represent the

+(1 — &) max{y(k, £) — 1,0} (9) relationbetweenthe above averages and the likelihood of speech

in the kth frequency bin of théth frame. These parameters are
can be substituted for theepriori SNR, wherex is a weighting  gijven by

factor that controls the tradeoff between noise reduction and

speech distortion [2], [9]. Under speech presence uncer- 0, if Ga(k, £) < Gin
tainty, this expression estimates ronconditional a priori (k, ) = 1, if Ca(k, £) > Cmax
SNR n(k, £) 2 E[X(k, £)]2]/Aa(k, £), and therefore the = 10g(Ca (K, £)/Conin) _
estimate for thea priori SNR £(k, £) should be given by 108(Comaz /Coein) otherwise

Z(k, ©)/(1 — q(k, £)) [2], [4]. However, the division by (13)
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Fig. 1. Comparison of speech estimators, OM-LSA (solid), MM-LSA (dashdot), LSA (dashed), and STSA (dotted), for various noise types and lagels. Aver
segmental SNR improvement for: (a) white Gaussian noise, (b) car interior noise, and (c) F16 cockpit noise.

where(,,i, and{,,,.x are empirical constants, maximized to atto GG,,,;,, by (8). Therefore, to reduce the possibility of speech

tenuate noise while maintaining weak speech components. distortion we restrictj(k, £) to be smaller than a threshold
In order to further attenuate noise in noise-only frames, Wg,.x (¢max < 1).

define a third parameted’s, .m.(¢), which is based on the

;peech energy in neighporing frfames. An averagi_ng(bf ?) V. PERFORMANCEEVALUATION AND DISCUSSION
g]a;f;()e ;irsl?jtéency domain (possibly over a certain frequency_l_he OM-LSA estimator is combined with the proposad
priori SNR and SAP estimators, and compared to the LSA [6],
Cprame(f) =  mean  {((k, £)}. (14) short-time spectral amplitud§STSA) [2], andmultiplicatively
1<k<N/2+1 ' modified LSA (MM-LSA) [4] estimators. The evaluation

engonsists of an objective segmental SNR measure, a subjective

speech is assumed Wheneygfa.(-) increases. Clipping of study of_ speech s_pectrograms and informz?\l listening tests.
weak speech tails is prevented by delaying the transition fropirée different noise types, taken from Noisex92 database,

H, to Hy, and allowing for a certain decrease in the value @€ Used: white Gaussian noise, car noise, and F16 cockpit
Crame. A pseudocode for the computation B, is given noise. The performance results are averaged out using six
rame rame different utterances, taken from the TIMIT database. Half of

To prevent clipping of speech onsets or weak compon

by, the utterances are from male speakers and half are from female
It Cfrarne(g) > Cmin then Speakers'
If Cprame(£) > Corame(£ — 1) then The _speech _S|gnals, sampled at 16 kHz, are_degraded by
the various noise types with segmental SNRs in the range
Pprame(£) =1 [-5,10] dB. The STFT is implemented with Hamming
Cpear (£) = min{max([Csrame (£), (pmin], (pmax} windows of 512 samples length (32 ms) and 128 samples
Else frame update step. Tha priori SNR is estimated using the
Prrame(£) = pu(8) decision-directed approach with= 0.92, where the proposed
algorithm employs the new estimator (10). The spectral gain is
Else restricted to a minimum of 20 dB, and the noise statistics is
Prrame(£) =0 assumed to be known (recursively smoothed periodogram with
a forgetting factor set to 0.9). Values of parameters used for the
where estimation of thea priori SAP are summarized in Table I.
0, if Ctrame(?) < Cpear(®)  Cmin Fig. 1 shows the average segmental SNR improvement
1, if Cprame (£) = Cpear(£) - Conax oztalned for various noise types an_d at various noise I_evels.
) A lo(Ce. ’ (0 . (15) The OM-LSA estlmator, combln_ed with the proposegriori
K 8(Csrame (£)/ Cpeate(£)/ Gnin) SNR and SAP estimators, achieves the best results under all
log(Cmax/ Cmin) 7 noise conditions. The advantage is more significant for low
otherwise SNRs. The segmental SNR measure takes into account both

residual noise and speech distortion. It lacks indication about
the structure of the residual noise. A subjective comparison,
conducted using speech spectrograms and validated by in-
formal listening tests, confirms the improvement obtained by
the proposed method [8]. In contrast to other methods, where
Gk, £) =1 — Procar(k, £) - Pyovar(k, £) - Prrame(£). (16) abrupt bursts of noise generally produce hegtosterioriSNRs

and high spectral gains, resulting in musical noise phenomena,
Accordingly, 4(k, £) is larger if either previous frames, orthe proposed method attenuates noise by identifying noise-only
recent neighboring frequency bins, do not contain speechgions § — ¢u.x) and reducing the gain correspondingly to
Wheng(k, £) — 1, the conditional speech presence probabilitgr,,,;,. Yet, it avoids the attenuation of weak speech components
p(k, £) — 0by (2), and consequently the gain function reducdsy letting § descend to zero in speech regions.

represents a soft transition from “speech” to “noisg...x is a

confined peak value @ft,qme, AN min ANAC, max are empir-

ical constants that determine the delay of the transition.
The proposed estimate for thepriori SAP is obtained by
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