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Abstract

The quality of speech, or important speech parameters such as the
intelligibility, clearness or naturalness of speech, can be empha-
sized by signal processing. Such processing for improving speech
quality can be found in telecommunication applications, e.g. mo-
bile telephony, internet telephony or personal intercom. Blind
methods are preferable over conventional because they do not re-
quire calibration schemes and are independent of environmental
variations. By careful selection of hardware domain for realization,
i.e. digital, analog, or hybrid, implementation-specific benefits can
be utilized to increase the speech quality or performance. This re-
port stresses some implementation aspects when implementing a
blind method for speech enhancement in digital, analog, and hy-
brid digital-analog hardware.
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Chapter 1

Introduction

The objective of speech signal processing is to improve the over-
all quality, or selected qualitative measures, of speech. A typical
application is in telecommunication, where the perception of a hu-
man speech communication can be improved by speech signal pro-
cessing, see Fig. 1.1. The spectral subtraction method is a classic
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Figure 1.1: Human speech communication over a radio link.

example of an algorithm for increasing the speech Signal to Noise
Ratio (SNR) by reducing the level of interfering noise [1, 2]. Dig-
ital or analog hardware can be used for realizing speech enhance-
ment algorithms [3]. Some specific algorithms are also suitable
for a hybrid (mix between analog and digital) domain implemen-
tation [4]. The choice of implementation domain and the specific
characteristics thereof may be intentionally utilized to increase the
overall performance and efficiency. In this context, performance
implies not only implementation specific performance, e.g. power
consumption, but also qualitative speech performance, e.g. natu-
ralness or intelligibility [5, 6]. However, the choice of implemen-
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tation domain may lead to restrictions on the signal processing
algorithm.

This report discusses selected advantages (and disadvantages)
when implementing a robust, low-complexity speech enhancement
algorithm (see [7, 8, 9, 10]) in various hardware domains. The
report reflects experience gained by the authors during the imple-
mentations and is a collection and extension of material provided
in [11, 12, 13].

The outline of this report is as follows:

Chapter 2 A general discussion of implementation aspects is pro-
vided in this chapter. The discussion puts emphasis on
speech enhancement related issues.

Chapter 3 A speech enhancer is employed for implementation in
various domains. The Adaptive Gain Equalizer (AGE) is the
selected speech enhancer and is outlined in this chapter, in
its original digital form.

Chapter 4 Aspects of implementing the AGE in the digital, ana-
log, and hybrid analog-digital domain are presented in this
chapter.

Chapter 5 This chapter acts as a proof of concept, where the
conducted evaluation indicates that the AGE carries the ro-
bustness and flexibility required for implementation in vari-
ous domains.

Chapter 6 A short summary and some conclusions drawn from
the work collected in this report is presented in this chapter.



Chapter 2

A General Discussion of
Implementation Aspects

Two major design approaches exist for the implementation of an
algorithm in hardware; A speech enhancement algorithm is given
with the objective to implement it in a specific domain. Alter-
natively, the implementation domain is outlined in advance and
the objective is to find a speech enhancement algorithm that fits
the given constraints. Independent of approach, the solution must
consider the requirements of the selected speech enhancement al-
gorithm with respect to the hardware, e.g. constraints on signal
delay, speech signal quality and real time performance.

Digital and analog hardware implementations of speech en-
hancement methods exhibit both advantages and disadvantages.
With a hybrid solution main benefits of the two domains may
be utilized, while drawbacks can be circumvented to some extent.
This section provides a general discussion regarding some aspects
of implementing speech enhancement structures in hardware. The
underlying configuration for the various domains is illustrated in
Fig. 2.1.

2.1 The Digital Domain

Digital domain refers to the use of digital processors or embed-
ded systems, such as Digital Signal Processors (DSP), Micro Con-
trollers (µC) or digital Application Specific Integrated Circuits
(ASIC). The requirement for an Analog to Digital Converter (ADC)
and Digital to Analog Converter (DAC) is common to any digital
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Figure 2.1: Implementation of a Speech Enhancer (SE) in the dig-
ital domain (a), the analog domain (b), and the hybrid domain
(c). Analog-to-Digital Conversion (ADC) and Digital-to-Analog
Conversion (DAC) includes anti-alias and reconstruction filter-
ing. The signal x(t) include speech and noise, and y(t) contains
enhanced speech.

solution interfacing with the real world. This requirement is due
to the sampling process, see Fig. 2.1 a.

2.1.1 Advantages

The main advantage of digital solutions is their high degree of soft-
ware configurability for programmable units. The implementation
problem is normally well defined in the digital domain. Digital
implementations may also be easily adjusted to fit the specific
environment or given hardware capabilities. Mathematically ad-
vanced and complex algorithms and structures can be realized
within a digital processor. A digital solution can most often also
perform several consecutive tasks, sometimes even in parallel, e.g.
both noise reduction and speech coding. The possibility to imple-
ment filters with a linear phase property is a vital advantage of
the digital domain.
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2.1.2 Disadvantages

When digital solutions are designed, some disadvantages of dig-
ital domain implementation need to be taken into account. For
example, algorithms can be limited by processor clock rate (for
synchronous systems), word length, type and number of on chip
peripherals. In the worst case scenario, the computational load is
too high and introduces timing problems resulting in poor speech
quality. Limitations in word length can introduce errors if not
considered in the design phase. For example, there is a significant
difference in short-multiplications (16 bit) and long multiplica-
tions (32 bit). The differences in fixed point and floating point
arithmetic also require special attention. The sampling process
in digital solutions requires good dynamic range utilization, e.g.
additional circuitry such as expanders or automatic gain control
units may be employed. A poor dynamic range utilization may
lead to inadequate speech quality. Digital solutions often intro-
duce delays in the signal path due to analog anti-alias filtering in
the sampling process, Analog to Digital Converter (ADC) schemes
such as sigma delta may also contribute negatively to the overall
signal delay. Another factor included in digital domain disadvan-
tages is clock system power consumption. Up to one third of the
total power dissipation of digital circuitry relies on the power con-
sumption of the clocking network [14].

2.2 The Analog Domain

Analog solutions utilize passive components or discrete semi-con-
ductors, e.g. resistors, capacitors, inductors, transistors and diodes,
to perform specific tasks. However, operational amplifiers and
multipliers/dividers may be employed to implement more sophis-
ticated methods. Analog solutions do not require signal sampling
and operate directly on the received analog signals, see Fig. 2.1 b.

2.2.1 Advantages

Similar to the digital domain, the analog domain has some key fea-
tures worth mentioning. Data in an analog solution is not quan-
tized, and often it is less restricted in bandwidth compared to a
digital solution. For a speech signal processing application, the
high bandwidth and lack of quantization of data may lead to very
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high quality of speech. The implementation is not restricted by
clock rates or word length related issues, since the ”operations”
are performed in continuous time. Due to the continuous time sig-
nal processing, the group delay introduced by the analog domain
is likely to be extremely short as opposed to corresponding digital
structures. It is also likely that an analog solution is more power
efficient than a corresponding digital solution while it does not in
general require an inefficient clocking network.

2.2.2 Disadvantages

A set of bottlenecks inhibit the usability of analog solutions for sig-
nal processing implementations. Some mathematical operations
can be hard to implement using pure analog hardware. Worka-
rounds may include inexact approximations which introduce er-
rors, e.g. bias, offset etcetera. Nonlinear phenomena are reoccur-
ring in analog solutions which can make complex implementations
hard to predict and to simulate, e.g. diodes and transistors are
nonlinear by nature. The implementation problem is harder to
define in comparison to digital solutions, while voltages in analog
solutions are continuous and bound mainly by the supply voltages.
Analog solutions may also be sensitive to variations in component
values, and component ageing, leading to unpredictable results if
neglected. In all, the implementation of an analog solution often
requires significant engineering skills and hands-on experience.

2.3 The Hybrid Domain

By definition, a solution in the hybrid domain incorporates a mix-
ture of digital and analog hardware. Key features of the two do-
mains should be utilized in the design of hybrid solutions, whilst
trying to eliminate the drawbacks of each domain. An advanced
algorithm may, for example, be split into several parts in a hy-
brid solution, e.g. by putting computationally immense tasks in
the digital domain and simpler tasks in the analog domain. For
speech signal processing applications one could put the control
logic in digital hardware and the actual signal processing in ana-
log hardware, see Fig. 2.1 c. To illustrate the outstanding per-
formance achievements in hybrid solutions: When speech is not
present, the control logic can be put in sleep mode (low power
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consumption) to conserve energy. In a hybrid approach, the over-
all solution is likely to be highly robust, while the two domains
(analog and digital) may complement each other. For example,
even though digital control logic is suffering from dynamic range
related issues, the actual analog signal processing is still producing
high fidelity speech. However, designing a hybrid system requires
special attention to ensure that analog and digital sections do not
interfere with each other. Digital interference in analog audio sig-
nals may contribute negatively to the overall quality of speech.
Utilization of separate ground planes and separate power supply
lines for digital and analog hardware is a rule of thumb to achieve
high fidelity speech quality.
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Chapter 3

A Speech Enhancer

The Adaptive Gain Equalizer (AGE) has been shown to be a
highly effective method for the enhancement of speech [7, 8, 9, 10].
Low complexity and high flexibility makes the method suitable for
a wide range of implementations [11, 12, 13]. Furthermore, the
AGE is scalable and does not require a Voice Activity Detector
(VAD), as opposed to similar methods such as the spectral sub-
traction method. Here, the scalability of the AGE implies that
the underlying structure is the same, independent of the number
of subbands.

3.1 The Adaptive Gain Equalizer

The AGE may be viewed as an intelligent volume control, in which
the volume is rapidly boosted when speech is present. Hence, the
method focuses on boosting speech rather than on suppression of
noise. One fundamental assumption constitutes the foundation of
the AGE, namely; the stationarity time for speech is significantly
lower than that of the interfering noise [15]. The method has been
verified using traditional DSP technology [8], a mixed signal pro-
cessor, analog hardware [11], and hybrid analog-digital hardware
[12]. However, the original formulation of the AGE is in the digital
domain.

3.1.1 Input-Output Signal Assembly

An analysis filter bank is employed for division of the input sig-
nal, x(n), into frequency selective subbands, xk(n). Each input
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Figure 3.1: Digital domain Adaptive Gain Equalizer (AGE). Each
KERNELk computes a subband-specific gain function.

subband signal is weighted by a gain function, Gk(n). Finally, all
weighted subband signals are combined to form the total output,
y(n), according to

xk(n) = hk ∗ x(n), (3.1)

y(n) =
K∑

k=1

Gk(n)xk(n). (3.2)

Here, hk(n) designates the impulse response of the subband selec-
tive filter of the analysis filter bank, k ∈ [1, K] is the subband index
and ∗ denotes convolution. The input-output signal assembly of
the AGE is illustrated in Fig. 3.1, where the block for calculating
a subband specific gain function is denoted a kernel (KERNELk

for the kth subband).

3.1.2 A Kernel for Computing a Gain Function

Each kernel employs two measures for calculating the gain func-
tion; a Short Term Average (STA) and a Noise Floor Level Esti-
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mate (NFLE). The measures are derived according to

STA: Ak(n) = (1 − αk)Ak(n − 1) + αk |xk(n)| , (3.3)

Prototype: P k(n) = (1 − αk)Ak(n − 1) + αk |xk(n)| , (3.4)

NFLE: Ak(n) = min (P k(n), Ak(n)) . (3.5)

Here, Ak(n) and Ak(n) denotes the STA and NFLE measures re-
spectively. Pk(n) is a prototype variable for temporary use and the
function min (a, b) gives the minimum of the two real valued pa-
rameters a and b. The parameters αk and αk control the tracking
performance of the STA and NFLE measures, where the corre-
sponding time constants are denoted Tk and T k, respectively. The
subband-specific gain function is a constrained quotient of the two
measures where an upper limit, Lk, imposed on the gain function
constitutes a constraint according to

Gk(n) = min

(
Ak(n)

Ak(n)
, Lk

)
. (3.6)

Hence, the upper limit, in combination with Eq. (3.5), forces the
gain function to be bounded to the interval 1 ≤ Gk(n) ≤ Lk, i.e.
the AGE focuses on boosting speech.

Research has been conducted using frequency dependent pa-
rameters for the AGE [9], i.e. sets of different parameters αk, αk,
and Lk are used for different subbands. However, the parameters
can be set to the same values for simplicity. Parameters which have
been shown to be suitable for many applications are: Tk = 30 ms,
T k = 3 s, and 20 log Lk = 10 dB, ∀k.
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Chapter 4

Adaptive Gain Equalizer
Implementation Aspects

The speech enhancer outlined in Section 3 will be used as a plat-
form to illustrate implementation aspects from the different do-
mains given in Sections 2.1, 2.2 and 2.3. The AGE will be refor-
mulated to suit the analog domain and hybrid domain. General
comments will also be given regarding selected issues thereof.

4.1 A Digital Domain Implementation

Although the original formulation of the AGE occurs in the digital
domain, this section will comment on the implementation of the
AGE in this same domain.

4.1.1 Implementation Details

There are two sensitive aspects of a digital domain AGE imple-
mentation which require special attention. According to Eq. (3.3)
and (3.4) the two measures STA and NFLE are implemented as
recursive digital filters. By improper selection of coefficients a
digital recursive filter has the risk of being unstable and may suf-
fer from drawbacks such as limit cycle oscillations. Furthermore,
when calculating the gain function in Eq. (3.6) a division operation
is required. Division on digital circuitry is often tedious and time
consuming. An approximation can be made by using a look-up
table.
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4.2 An Analog Domain Implementation

An analog domain implementation of the AGE is topologically
identical to the digital domain implementation of the AGE (see
Fig. 3.1). The main difference is that the time is now continuous,
i.e. the sampled time index, n, is replaced by the continuous time t.
To facilitate an analog domain implementation, the AGE requires
reformulation using analog (continuous time) operators.

4.2.1 Algorithm Reformulation

As in the digital solution, an analysis filter bank is employed for
division of the input signal into K subbands according to

xk(t) =

∫ ∞

0

hk(τ)x(t − τ)dτ. (4.1)

Here hk(t) is the impulse response function of a continuous time
band pass filter, i.e. corresponding to a subband selective filter. A
vital difference between digital and analog implementation of the
AGE involves the ways in which the STA and NFLE are computed.
In the digital case, auto regressive averages are employed. In the
analog case, integrators are used to compute the STA and NFLE
according to

STA: Ak(t) =

∫ ∞

0

ak(τ) |xk(t − τ)| dτ, (4.2)

NFLE: Ak(t) = min

(∫ ∞

0

ak(τ)|xk(t − τ)|dτ, Ak(t)

)
.(4.3)

The time constants associated with the impulse response functions
of the STA and NFLE, i.e. ak(t) and ak(t) respectively, should
match those of the corresponding digital structure in (3.3) and
(3.5). The analog domain AGE gain function is computed as

Gk(t) = min

(
Ak(t)

Ak(t)
, Lk

)
. (4.4)

The output signal, y(t), is the sum of all weighted subband signals
according to

y(t) =
K∑

k=1

Gk(t)xk(t). (4.5)
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4.2.2 Implementation Details

The implementation of the analog domain AGE algorithm is made
on a Printed Circuit Board (PCB). The design of the PCB is a
fairly straightforward task while each individual AGE kernel is
identical to one another. While the AGE supports modularized
design, a multi-band structure can easily be implemented. The
only structural difference between individual subbands lies in the
subband-selective filters and in the subband-specific parameters,
i.e. the time constants of the STA and the NFLE and the value
of the upper limit, Lk.

Rudimentary electronic components are used in the PCB de-
sign such as Operational Amplifiers (OPAMP), resistors, capac-
itors, diodes, transistors and analog multipliers. The classical
OPAMP µA741 is selected as it is cheap, well known and whose
performance is suitable for many general analog electronic building
blocks. For division and multiplication a wide bandwidth preci-
sion analog multiplier MPY634U from Texas Instruments [16] is
selected. The components are powered by a positive, VDD = +5V ,
and a negative, VEE = −5V , supply voltage. The design is sep-
arated into four major building blocks: Full–wave rectification,
integration, a compare and dump sub-circuit, and gain calcula-
tion. The PCB building blocks should be compared to the AGE
structure presented in Fig. 3.1. Fig. 4.1 illustrates the full–wave
rectifier sub-circuit. The implementation of STA and NFLE in-
tegrators, ak(t) and ak(t), is illustrated in Fig. 4.2. The lower
gain limit is implemented by a compare and dump circuit illus-
trated in Fig. 4.3. The compare and dump sub-circuit compares
the level of the NFLE to the level of the STA. If the NFLE level
is greater than or equal to the STA level the comparator signals
and drives the base of an NPN-BJT transistor, which, in turn,
short circuits (dumps) the NFLE integrating capacitor towards
the ground. Thus, the level of the NFLE is inhibited as to never
exceed the STA level. Two sub-circuits are used for gain calcula-
tion as illustrated in Fig. 4.4. The first sub-circuit uses an MPY634
circuit in divider mode for calculating the STA and NFLE quo-
tient. Secondly, an upper gain limit is imposed by a zener diode
inhibiting the voltage level of the quotient to not exceed the zener
diode voltage. Finally, the output of the AGE kernel is formed by
multiplication of the gain function and the original input subband
signal by using an MPY634 multiplier, see Fig. 4.5.
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Figure 4.1: Full-wave rectifier where the output is the absolute
value of the input.
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Figure 4.2: Short Term Average integrator (STA) and a Noise
Floor Level Estimate integrator (NFLE) applied to the full wave
rectified input signal. The Dk(t) wire is for inhibiting the NFLE
to never exceed the STA.
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Figure 4.3: A compare and dump sub-circuit composed of a Short
Term Average (STA) and a Noise Floor Level Estimate (NFLE)
comparator. The level of the NFLE is ensured to never exceed the
STA by pulling the Dk(t) wire towards ground.
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Figure 4.4: Gain function calculation where a Zener diode consti-
tutes an upper gain function limit.

� ( � 	 �
� ( � 	 �

% ( � 	 �

Figure 4.5: Applying the subband-specific gain function to the sub-
band input signal.

4.3 A Hybrid Domain Implementation

A hybrid implementation of the AGE has been shown to be very
effective, giving high quality speech [12]. However, the AGE needs
some reformulation to fit the hybrid domain. In the current im-
plementation, the AGE uses digital and analog analysis and pure
analog synthesis, i.e. a digital and an analog signal path are used
in parallel. The split analysis and synthesis scheme of the AGE
algorithm is illustrated in Fig. 4.6.

4.3.1 Algorithm Reformulation

The aim of the hybrid domain AGE implementation is to utilize
advantages from analog and digital solutions, such as high signal
bandwidth, no quantization of data, reconfigurability, etcetera.
Thus, the implementation is split into two parts; digital analysis
and analog synthesis. A mapping function, fk{·}, maps the digital
analysis gain function, Gk(n), to a corresponding analog synthesis
gain function, Gk(t), according to Gk(t) = fk{Gk(n)}. The struc-
ture of the mapping function depends on implementation-specific
parameters, such as the maximal gain function value, Lk. The
analog analysis and synthesis of the AGE algorithm constitutes
an analog signal chain from input, x(t), to output, y(t).

4.3.2 Implementation Details

The main issues regarding a hybrid implementation of the AGE,
are the design of an analog filter bank, and the control interface
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Figure 4.6: Hybrid domain implementation of the Adaptive Gain
Equalizer (AGE) employing digital and analog domain analysis
and pure analog synthesis.

between the digital analysis and the analog synthesis. The novel
solution to the filter bank issue involves the use of a custom in-
tegrated circuit, the Mitsubishi 7-band graphic equalizer M5289P,
where the gain in each subband can be individually controlled.
The corresponding filter bank in the digital analysis is designed
by conventional digital filter design methods. The control inter-
face between the digital analysis and analog synthesis constitutes
digitally steered potentiometers controlling the gain in each sub-
band of the analog filter bank.

Digital Analysis

The digital analysis is performed on a Texas Instrument Mixed
Signal Processor (MSP) MSP430F149. A filter bank is imple-
mented in the MSP for approximation of the analog filter bank in
the synthesis (see Section 4.3.2). Two-poles and two-zeroes infi-
nite impulse response filter sections form the digital filter bank.
The digital subband-selective filters, hk(n) in (3.1), are designed
so that they match the corresponding analog subband selective
filters, hk(t). All parts (except for the actual summation of the
output signal) are implemented in the MSP, i.e. full wave rec-
tifying, STA integrator, NFLE integrator, lower- and upper gain
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limiting, and gain function calculation.
While the MSP is a low speed micro controller, a two–level pri-

ority scheme is required to ensure full functionality of the proces-
sor, constituting a high priority stream and a low priority stream.
The high priority stream is running at full sample rate, i.e. Fs.
The subband filtering, full wave rectifying, STA estimation, and
gain steering via a control interface are operations with high pri-
ority. The low priority stream uses a Round–Robin time sharing
algorithm in which one subband is managed at a time. Calculation
of the subband specific NFLE, upper- and lower gain limiting, and
gain function calculation are time shared with low priority.

Analog Synthesis

The Mitsubishi Electric M5289P integrated circuit is used as an
analog synthesis filter bank. The M5289P is an analog electronics
Hi-Fi 7-element graphic equalizer, and employs seven potentiome-
ters for gain control in each subband. The gain of each subband
of the M5289P can be controlled in a span of 10−13/20 to 10+13/20,
by altering the value of the subband-specific potentiometer. Addi-
tional capacitors and resistors are used in a subband filter selection
network.

Control Interface

The digital potentiometer, X9C104P, from Xicor is used for indi-
vidual control of the M5289P subband specific gains. The X9C104P
has a resolution of one hundred steps spanning 100 kΩ and is
steered by the MSP via a three wire digital control interface: U/D
- Up/Down, INC - Increment, and CS - Chip Select. The ana-
log synthesis gain function, Gk(t), corresponds to a potentiometer
value and is mapped from the digital analysis gain function, Gk(n),
using a mapping function, fk{·}.
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Chapter 5

Implementation Evaluation

This evaluation is conducted in two parts; First, the analog so-
lution is evaluated and secondly the hybrid solution. These are
then compared to a corresponding digital solution. Short term
power estimates of the original and enhanced signals are used as
a benchmark in the evaluation.

5.1 Performance Measures

The performance and quality of a speech enhancement algorithm is
not easily quantified. Several objective- and subjective tests exist
today as presented in [6]. Examples of objective tests are: Itakura-
Saito (IS) Distortion measure, Log-Likelihood Ratio (LLR) mea-
sure, Log-Area-Ratio (LAR) measure, and Segmental Signal-to-
Noise Ratio (SNR) measure. Examples of subjective tests are:
Modified Rhyme Test (MRT), Diagnostic Rhyme Test (DRT), and
Mean Opinion Score (MOS). An objective test is selected for eval-
uation in this report; a short term power estimate. The power
measure, Γx(n), of a signal, x(n), is computed using an auto re-
gressive average and is herein defined by

Γx(n) = (1 − γ)Γx(n − 1) + γ |x(n)|2 , (5.1)

where γ = 1/ (FsTγ) (this relationship is valid for Tγ � 1/Fs)
is a constant controlling the integration time, Tγ (in [s]), of the
power measure. The integration time is set to 25 ms in this eval-
uation. For comparing the signal before, x(n), and after speech
enhancement, y(n), a power measure quotient is used, defined as
Γy(n)/Γx(n). This quotient is also referred to as the differential
short term power estimate.
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5.2 Analog Domain AGE Evaluation

While all individual subband kernels are identical in their struc-
ture, only one kernel is evaluated at a time. The circuit imple-
mentation is adjusted before evaluation such that it fulfills recom-
mended algorithm settings, see Section 3.1. Experiments indicate
that, for many practical cases, the recommended algorithm set-
tings ensure natural-sounding speech. The analog implementation
is evaluated by real time, on–site measurements. The evaluation
setup constitutes a noisy speech signal, which is band pass filtered
digitally by a linear phase FIR filter, prior to being presented to
the analog circuitry. Several subband filtered signals are processed
by the analog AGE structure and relevant signals are recorded by a
multi channel Digital Audio Tape (DAT) recorder. The recorded
signals are synchronized and summed off–line to form the out-
put signal. In Fig. 5.1, short term power estimates for an input
speech signal are presented before and after enhancement, and in
Fig. 5.2 a corresponding differential short term power estimate is
presented indicating the level of speech enhancement. A speech
enhancement performance comparison of the analog method and
a corresponding digital implementation is illustrated in Fig. 5.3.

5.3 Hybrid Domain AGE Evaluation

This part of the evaluation aims to compare the hybrid AGE im-
plementation to a corresponding digital implementation. Transfer
function comparisons show that the filter bank in the digital imple-
mentation matches the filter bank in the hybrid implementation.
Furthermore, the time constants of the STA and NFLE are in the
same order of magnitude in both the hybrid implementation and
the digital implementation. A maximal gain of 10+13/20 is used in
the digital implementation, i.e. corresponding to 13 dB maximal
gain in the hybrid solution.

In Fig. 5.4 the speech enhancement performance of the hybrid
method is illustrated. The performance evaluation shows a speech
enhancement of maximum 13 dB speech gain, confirmed by the
differential short term power measure in Fig. 5.5. A speech en-
hancement performance comparison of the hybrid method and a
corresponding digital implementation is illustrated in Fig. 5.6. The
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performance of the hybrid method and the digital implementation
are remarkably equal. Subjective listening tests confirm the good
performance and high quality of the hybrid speech enhancement
implementation.
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Figure 5.1: Short term power estimate of a speech signal disturbed
by additive noise (dashed) and corresponding power estimate after
enhancement by the analog AGE implementation (solid).
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Figure 5.2: Differential short term power estimate indicating the
level of speech enhancement of the analog implementation.
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Figure 5.3: Short term power estimate of a speech signal enhanced
by the analog AGE implementation (solid) and a corresponding
MATLAB implementation (dashed).
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Figure 5.4: Short term power estimates of an unprocessed speech
signal (dashed), and corresponding speech signal processed by the
hybrid implementation (solid).
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Figure 5.5: Differential short term power estimate for the hybrid
method.
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Figure 5.6: Short term power estimates of a speech signal processed
by the hybrid implementation (solid), and processed by a MATLAB
implementation (dashed).
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Chapter 6

Summary and Conclusions

Algorithms for speech enhancement can be realized on digital, ana-
log, and hybrid hardware. The different domains have unique ad-
vantages (and disadvantages). When implementing a speech en-
hancement algorithm the advantages and disadvantages should be
taken into consideration. Generally, not all algorithms for speech
enhancement are suitable for implementation in a wide range of
domains. Special constraints may be put by a specific domain
which can not be fulfilled by the algorithm without introducing
errors. The algorithm, or alternatively the implementation do-
main, should be selected with care.

A low complexity speech enhancement method that has been
successfully implemented in all three domains is the Adaptive Gain
Equalizer (AGE). The predominant advantage of implementing
the AGE in the digital domain is its scalability and reconfigura-
bility. It is often important to have the possibility to use digital
circuitry for more than one purpose. A major benefit of the analog
domain implementation is the continuous time processing which
leads to high quality of speech. The hybrid implementation of the
AGE is a combination of many advantages. While the analysis
is performed in the digital domain, the main advantages of this
domain are utilized; such as reconfigurability of the implementa-
tion. Due to the analog domain synthesis, the signal path from
input to output is completely analog. Hence, the hybrid solution
draws benefits from the analog domain such as avoiding quantiza-
tion of data in the input-to-output signal path. It also introduces
negligible restrictions in bandwidth.

In all, the inbound simplicity and ingenuity of the AGE algo-
rithm makes it suitable for implementation in all three domains.
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