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1
Introduction

Recommended minimum performance requirements for noise suppressors intended for cooperation with the AMR speech encoder are defined in 3GPP TS26.077 [1]. NEC Corporation, Tokyo, Japan, has evaluated its new low-complexity (LC) algorithm based on the specifications in TS26.077. This contribution presents the test results of new LC AMR-NS (AMR Noise Suppression) solution for endorsement by 3GPP TSG-SA4. This document is constructed as follows:
· Description of the noise suppression algorithm

· Performance assessed by Objective Means

· Bit Exactness of the Speech Encoder and Decoder

· Impact on Speech Path Delay

· Impact on Channel Activity (Voice Activity Factor Measurements)

· Performance assessed by Subjective tests by a third party

2
Description of the New LC Noise Suppression Algorithm
The new LC AMR-NS algorithm is based on MMSE STSA (minimum mean square error short time spectral amplitude) originally proposed by Ephraim and Mallat [2]. Its basic structure is similar to the LC AMR-NS presented in Tdoc S4-020417 at SA4#22 [3]. The primary difference between the old and the new LC AMR-NS is calculation of the spectral gain, which is highlighted by a dotted line. Instead of calculating the spectral gain at each frequency bin, the new LC AMR-NS shares the same spectral gain in the subband, thereby reducing the total required computations. The subbands are designed such that each subband approximately models the critical band. Another difference is Fourier transform where more efficient calculation for DSP implementations is employed.
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Figure 2.1: Block diagram of New Low-Complexity Noise Suppression Algorithm.
Figure 2.1 shows a block diagram of the new LC AMR-NS algorithm. The frame length is 20ms, that is equal to that of the AMR speech codec. Framed and windowed input speech samples are transformed into the frequency domain samples by a 256-point FFT (fast Fourier transform) to obtain the spectral amplitude and phase. A spectral gain is calculated for each frequency subband based on MMSE STSA. The spectral amplitude of the input noisy speech is multiplied by the spectral gain and is processed by an inverse FFT with the spectral phase preserved from the noisy speech. The output of the IFFT is windowed and overlap-add processing is applied to generate the time-domain enhanced speech samples. 

For calculation of the spectral gain, a noise estimate is used. This noise estimate is also calculated for each subband instead of for each frequency bin. The new LC AMR-NS algorithm employs weighted noise estimation. A noisy speech spectral amplitude is multiplied by a weight that is determined based on an estimated SNR. Due to this operation, continuous noise estimation is possible even in the speech section, resulting in good tracking capability for nonstationary noise. A synthesis window function is applied between inverse transform and overlap-add processing for smooth transition at frame boundaries. The synthesis windowing flattens out the gaps at frame boundaries for smooth transition from a frame to the next. 
3
Performance Assessed by Objective Means

3.1 
Bit Exactness of the Speech Encoder

The new LC AMR-NS is implemented as a separate pre-processing module prior to speech encoding. The functionality and all internal states, tables and variables of the speech encoder remain unaltered by the Noise Suppression function.
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The new LC AMR-NS module is implemented as a stand-alone pre-processing module operating on the 160 samples input speech buffer to the speech encoder according to Figure 3.1.
Figure 3.1: Noise Suppression implementation
3.2
Bit Exactness of the Speech Decoder

The AMR speech decoder remains unaltered by the new LC AMR-NS.

3.3
Impact on Speech Path Delay
An additional algorithmic delay of the new LC AMR-NS algorithm is 5 ms due to overlapping 40 samples for the framing for Fourier transform. The algorithmic delay does not change for an embedded system nor for a non-embedded (stand-alone) system.

The processing complexity (WMOPS) was evaluated using ETSI basic operators in the C source code. The worst-case count among 720 noisy speech samples was 7.79 WMOPS. It may look strange that complexity of the new LC AMR-NS is larger than that for the conventional LC AMR-NS that takes 7.43 WMOPS. This is because WMOPS for the Fourier transform section is even increased while it still shows reduction in DSP implementation where a DSP-specific efficient calculation is employed. Actually, if noise estimation and spectral gain calculation, where another reduction is implemented, are separately evaluated, the new LC AMR-NS consumes 0.77 WMOPS, resulting in 72% reduction from the conventional LC AMR-NS taking 2.80 WMOPS for the same parts. 

For the purpose of an example, an implementation on a DSP chip was evaluated with a different set of 17 sequences including those with heavy computational load. The largest required computation was reduced to 3.26 MIPS with the new LC AMR-NS from 6.77 MIPS with the conventional LC AMR-NS. 52% reduction in MIPS has been achieved in this case. Therefore, the new LC AMR-NS achieves low complexity compared to the conventional LC AMR-NS.

The processing delay defined in TS26.077 is calculated with E*S*P = 50 as follows:

Delay (proc) = WMOPS * 20 /(E*S*P)
= 7.79 * 20 / 50

= 3.12 [ms]

Since processing delay is 3.12 ms, the total additional delay (comprising algorithmic and processing delays) is 8.12 ms. Therefore, this requirement on the speech-path delay of shorter than 10ms is satisfied. 

3.4
Impact on Channel Activity (Voice Activity Factor Measure)

VAF (voice activity factor) measurement for both of the AMR VAD options in two languages, namely, the Japanese and the North American English, were performed. All the noisy speech materials used in the subjective test in Section 4 were used in the VAF measurement. The noise materials were supplied from ARCON. Tables 3.1 and 3.2 show the average VAF for each of the noise conditions in two languages, respectively. A negative value represents decrease in VAF. The VAF measurements tool as defined in 3GPP TR 26.978 V4.0.0 was obtained with the help of Mr. Paolino Usai. 

The results show that VAF is decreasing for both VAD options in all conditions when NS is active except for the car and the street, with VAD1, in Japanese. However, the increases for the car and the street with VAD1 are 0.32% and 0.58% that should be considered insignificant. For the street with VAD1 in English, the increase is 0.46% that is insignificant either. Therefore, the new LC AMR-NS meets the requirement for channel activity.

Table 3.1: Average VAF for Japanese speech materials.

	Condition
	W
(AMR-NS with clean

 speech + noise)
	X

(AMR with clean speech)
	Y

(AMR with clean speech + noise)
	Max(X, Y)
	Difference between W and Max(x, y)
	Result

	
	VAD1
	VAD2
	VAD1
	VAD2
	VAD1
	VAD2
	VAD1
	VAD2
	VAD1
	VAD2
	VAD1
	VAD2

	Total
	0.813
	0.830
	0.618 
	0.651 
	0.817 
	0.855 
	0.817 
	0.855 
	-0.49%
	-2.92%
	Pass
	Pass

	Car
	0.631
	0.659
	0.618 
	0.651 
	0.629 
	0.668 
	0.629 
	0.668 
	+0.32%
	-1.35%
	Pass
	Pass

	Street
	0.863
	0.894
	0.618 
	0.651 
	0.858 
	0.919 
	0.858 
	0.919 
	+0.58%
	-2.72%
	Pass
	Pass

	Babble
	0.945
	0.938
	0.618 
	0.651 
	0.966 
	0.979 
	0.966 
	0.979 
	-2.69%
	-4.19%
	Pass
	Pass


Table 3.2:
Average VAF for English speech materials.

	Condition
	W

(AMR-NS with clean

speech + noise)
	X

(AMR with clean speech)
	Y

(AMR with clean speech + noise)
	Max(X, Y)
	Difference between W and　Max(x, y)
	Result

	
	VAD1
	VAD2
	VAD1
	VAD2
	VAD1
	VAD2
	VAD1
	VAD2
	VAD1
	VAD2
	VAD1
	VAD2

	Total
	0.828
	0.844
	0.653
	0.690
	0.831
	0.867
	0.831
	0.867
	-0.36%
	-2.65%
	Pass
	Pass

	Car
	0.653
	0.680
	0.653
	0.690
	0.647
	0.687
	0.653
	0.690
	 0.00%
	-1.45%
	Pass
	Pass

	Street
	0.878
	0.905
	0.653
	0.690
	0.874
	0.931
	0.874
	0.931
	+0.46%
	-2.79%
	Pass
	Pass

	Babble
	0.952
	0.945
	0.653
	0.690
	0.973
	0.982
	0.973
	0.982
	-2.16%
	-3.77%
	Pass
	Pass


4
Performance Assessed by Subjective Tests by the Third Patty

Subjective tests for the new LC AMR-NS was performed based on TS 26.077 by a third party, Nippon Net Systems Ltd. (NN-Systems), as the testing laboratory. The subjective test method and results are reported in “Performance Assessment of NEC’s New Low-Complexity Noise Suppressor”, Tdoc S4-030602, by NN-Systems [4].

Because TS 26.077 defines that the subjective test should be performed at least in two different languages, the Japanese and the North American English (English) had been selected for the test. The new LC AMR-NS subjective tests are divided into four main experiments and seven sub-experiments listed in Table 4.1. The mode of AMR VAD option was Option 1 (ENS) in all experiments. 

The first 2 seconds of each sample processed through the AMR speech codec with and without noise suppression, was deleted before presentation to listeners. It was confirmed by four expert listeners that this process did not reduce intelligibility, or introduce clipping nor similar effects into all the resulting speech plus noise material used for the evaluation.
Table 4.1: Summary of Subjective Tests

	Exp. No.
	Title
	No. of Sub-Exp.

	1
	No Degradation in Clean Speech (PC)
	1

	2
	No degradation of Speech and no Undesirable Effects in Residual Noise in Conditions with Background Noise (Mod-ACR)
	3

	3
	Performance in Background Noise Conditions (Mod-CCR)
	2

	4
	Influence of Input Level, Voice Activity Detection and Discontinuous Transmission (Mod-CCR)
	1

	
	Total Number of Sub-Experiments
	7


The testing laboratory reports that the new LC AMR-NS has satisfied all requirements in the subjective test based on TS 26.077 (refer to [4]).

5
Interaction with Supplementary Services

5.1
Explicit Call Transfer (ECT)

No interaction.

5.2
Call wait/Call hold

No interaction.

5.3
Multiparty

No interaction.

5.4
Service Announcements 

No interaction.

6
Interaction with Alternate and Followed by Services

To evaluate if there is any impact on data transmission by new LC AMR-NS, random binary data of 60 Kbytes in total and 1000 random ASCII characters were transmitted over the public telephone line. Transmission of binary data and characters was to evaluate the performance in both the synchronous and the asynchronous modes. Figure 6.1 shows the experimental set-up. Details of the equipment are summarized in Tab. 6.1.
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Figure 6.1: Data transmission system. 
Table 6.1: Equipment for evaluation of data transmission

	Telephone Coupler
	Road Warrior Telecoupler II+

	Microphone
	SONY ECM-T140

	Amplifiers 1 and 2
	Audio-Technica AT-HA50

	A-to-D Converter
	USB Digital Audio Processor, Onkyo SE-U55

	D-to-A Converter
	USB Audio Adapter, Audio-Technica ATC-USBA3

	Speaker
	SONY MDR-E515

	Telephone Unit and Handset
	NEC Dterm65

	PBX
	NEC APEX 7600/160

	ISDN Terminal Adapter
	NEC Aterm IT65Pro


The data from PC1 (Transmitter Terminal) was converted to the modem signal by the modem and further, to the acoustic signal by a telephone coupler. The acoustic signal was supplied to the AMR codec with or without the new LC AMR-NS. The signal from the microphone and that to the speaker were amplified independently. The decoded data supplied to the speaker were coupled to the telephone unit via the handset. The telephone unit is connected with the PSTN (Public Switched Telephone Network) provided by Nippon Telephone and Telegraph (NTT) Corporation. At the receive side, the data from the PSTN were provided for the terminal adapter (TA) via the ISDN subscriber line. PC2 (Receiver Terminal) received the data demodulated by the modem connected to the ISDN TA. The received data at PC2 were stored in a file that was compared to its original in PC1.

Synchronous mode was evaluated by sending random binary data of 60 Kbytes in total and asynchronous mode was evaluated by discontinuous transmission of 1000 ASCII characters. The data bit of the modems was set to 8-bit with nonparity and the stop bit was 1-bit. Two modem bitrates, namely 300 and 1200 bps, were evaluated. The bitrate of the AMR codec was set at 12.2 kbit/s, which exhibits the highest robustness to data transmission by itself. The AMR codec and the LC AMR-NS were performed by real-time software simulation running on the Windows PC. 

Table 6.2 shows the results of data transmission. In the table, AMR/NS and AMR stand for AMR with and without NS, respectively. There was no bit error nor character error either with or without NS in both synchronous and asynchronous mode. It shows that the new LC AMR-NS has no impact on data transmission.

Table 6.2: Results of data transmission

	 Modem Bitrate
	Synchronous mode
	Asynchronous Mode

	
	AMR
	AMR/NS
	AMR
	AMR/NS

	1200 bps (ITU-T Rec.V.22)
	No error
	No error
	No error
	No error

	300 bps (ITU-T Rec.V.21)
	No error
	No error
	No error
	No error


7
Interaction with Other Speech Services

There is no requirement for Noise Suppression in ASCI services.

8
Interaction with DTMF and Other Signalling Tones

Objective evaluations of DTMF transparency were performed. The condition is shown in Table 8.1 and the evaluation system used to generate, process and detect DTMF signals are shown in Figure 8.1. The DTMF generation, A-law codec and AMR speech codec, and DTMF detection were all performed by software simulations.

The evaluation were carried out at two AMR bitrates, which were employed in the subjective evaluation, namely, 5.9kbit/s and 12.2kbit/s, with error free conditions in both modes. Failure rates for the DTMF digits are shown in Table 8.2. The failure rate for AMR without NS is equal to or greater than that for AMR with NS. Therefore, DTMF transmission performance during the new LC AMR-NS activation is not worse than the case where the NS is turned off. 

Table 8.1:
Conditions for DTMF transparency evaluation.

	Conditions
	Method / Equipment

	DTMF signal
	All digits specified in ITU-T Rec.Q.23

	DTMF signal patterns
	Random 32 digits * 8 sequence patterns (256 digits)

	Tone level
	High: -20dBm (-26dBov), Low: -20dBm (-26dBov)

	Twist
	0dB

	Digit duration
	50ms

	Frequency deviation
	None

	DTMF generation
	Software DTMF generator

	DTMF detection
	Software DTMF detection
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Figure 8.1: DTMF generation, processing and detection

Table 8.2:
Failure rate in DTMF detection

	AMR bit rate
	AMR without NS
	AMR with NS

	AMR@12.2kbit/s
	0.0 % (0 digit per 256 digits)
	0.0 % (0 digit per 256 digits)

	AMR@5.9kbit/s
	8.6% (22 digits per 256 digits)
	8.6% (22 digits per 256 digits)


9  Interaction with Lawful Intercept

It is clear that the new LC AMR-NS does not degrade the speech quality by referring to the subjective test results. Because the new LC AMR-NS is equipped with before the encoder as a preprocessor, it does not cause any degradation in the quality of the speech received by the A and B parties in case of a lawful intercept.

10  Interaction with TFO

No interaction.
11   Conclusion

This report has shown the technical description of the new Low-Complexity Noise Suppressor for the AMR speech codec and its subjective/objective evaluation results for the requirements. It was revealed that the new LC AMR-NS solution satisfies all requirements specified in the technical specification TS 26.077, which is mandatory to be endorsed by TSG-SA4.
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